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A MESSAGE FROMTHE
IFT BOARD PRESIDENT

Welcome to ITC 2015.  The International Foundation for
Telemetering (IFT) is pleased to sponsor this unique event,
now in its 51st year.  The theme this year is 
Telemetry Is Everywhere.
Pride in our tradition means we expect ITC 2015 will be
even better.  General Chair Michael Marcellin and Technical
Program Chair Chuck Creusere have a program with 
outstanding papers, and hardware and software exhibits.  Our
exceptional volunteer staff and the organizations supporting
them really are the core of ITC.  Their hard work literally
makes ITC possible.
Education remains one of our primary goals — short 
courses, technical papers, exhibits, and interaction with the

real experts.  You really cannot beat that combination.  ITC supports specific
telemetry education for six Universities — New Mexico State University,
University of Arizona, Brigham Young University, Missouri University of Science &
Technology, University of California at Santa Barbara, and the University of Kansas.
Our Short Courses are the best source for Continuing Education anywhere in
telemetry.  We also sponsor the Telemetry Standards Coordinating Council and
international efforts to acquire, preserve and defend telemetry spectrum.  The IFT
is the only national organization exclusively for telemetry education and 
advancement of telemetry.  Participation directly benefits not only your current
work but prepares for the future through education.
I am always excited by the experience of the leading companies exhibiting the 
latest in technology and “talking details.”  Historically, most new telemetry 
products were announced at ITC.  Nowhere do the needs and solutions of
telemetry business meet in one place like they do at ITC.
While the latest equipment is shown, the ideas you will see implemented years
from now are found in ITC Technical Papers.  The largest single compendium of
new papers in telemetry anywhere in the world appears every year in our
Proceedings.  Nearly every important tool in the telemetry business was once an
ITC Technical Paper and then exhibited as real equipment or software at ITC.
That profound transition requires live interaction between academia, 
manufacturers, government, test ranges and standards organizations.  That, after all,
is ITC.  This is your conference.  Be thoroughly involved and enjoy it!
We are always seeking ways to improve ITC and service to the telemetry 
industry.  Please contact me or any member of the Staff with ideas, critiques or
suggestions.  We are at www.telemetry.org.

~ Les Bordelon,
President, IFT

Les Bordelon
Board President 

International Foundation 
for Telemetering
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WELCOME

COME JOIN US AT ITC 2015 

Gold Sponsors

CALCULEX              Quasonix L-3

Viasat                   Spectracom

ITC continues to be run by an all-volunteer
organizing committee without whom the
conference would never come to pass. The
Board of the International Foundation for
Telemetering wishes to thank all ITC
volunteers, and the companies who sponsor
them, for their generous contributions to
making this forum the premier event it has
been for the past 51 years.

Welcome to ITC 2015.  This installment of ITC begins our second half-century of high quality offerings for
the telemetering community!  

As always, we will provide educational and professional development opportunities as well as state-of-the-
art exhibits.  In particular, we are offering eleven short courses ranging from tutorial to advanced level
treatments of important telemetering concepts.  The opening Keynote Session focuses on telemetry
spectrum issues of concern to the Spectrum Stewardship Senior Steering Group (S4G).  In particular, the
panel will focus on issues surrounding the AWS-3 auction and future requirements for spectrum sharing.
The Technical Program is comprised of 28 sessions.  Each session features presentations of papers
submitted and reviewed by technical experts from the telemetering arena.

The conference theme is “Telemetry is Everywhere.” While flight test and evaluation continue to be the
driving forces in telemetry, significant progress is being made in telemetering of everyday systems, from
health and automotive applications to home automation gear.  In keeping with this theme, the luncheon
banquet provides an overview of telemetering as applied to “Location Sensing for the Internet of Things.”  

In addition to standards group and steering committee meetings, two large halls of exhibitors are
showcasing their latest products and services.  Our traditional icebreaker social event will be held Monday
evening as well as afternoon receptions in the exhibit halls. 

I take this opportunity to thank the all-volunteer organizing committee for their significant efforts to make
this conference a success.  On their behalf, I welcome you to ITC 2015, and look forward to seeing you
there.

~ Michael Marcellin

ITC/USA 2015 CONFERENCE
SPONSORS

THANK YOU TO OUR 
ITC VOLUNTEERS !

Dr. Michael Marcellin
2015 General Chairman

University of Arizona
Tucson, AZ

Dr. Chuck Creusere
2015 Technical Chairman

New Mexico State University
Las Cruces, NM

Lena Moran
2015 Executive Coordinator

TRAX International
Moreno Valley, CA
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8:00 AM

Opening Ceremony & Blue Ribbon Panel  >Location:  Skyview 5/6

AWS-3 Post Mortem and the Age of Spectrum Sharing
Panelists: Derrick Hinton – Principal Deputy Director, Test Resource Management Center (TRMC); Paul D. Mann – Executive Director, Army Test & Evaluation

Command (ATEC), WSMR; Dr. Joseph W. Nichols – Technical Advisor for Flight Test and Evaluation, Air Force Test Center (AFTC), Edwards AFB; Thomas C. Dowd –

Director, Range Department, Naval Air Warfare Center Weapons Division (NAWCWD), Naval Air Systems Command (NAVAIR), Point Mugu, CA

CLOSED

10:00 AM Exhibits Are Open from 10:00 AM to 6:00 PM

OPEN
10:00
AM
to

6:00 
PM

11:00 AM
to

1:00 PM

Student Luncheon  >Location:  Skyview 3

Telemetry from an Experimental Test Pilot’s Point of View:  
A Lifeline to the Edge of the Envelope

Speaker: Thomas L. Macdonald – Research Pilot, Boeing Test & Evaluation Vertical Flight Operations

1:30 PM
to 

3:30 PM

Technical 
Sessions:

1.
Short-Range
Telemetery

2.
Data Security and

Integrity

3.
Modulation and

Coding I

4.
Networks 1

5.
Range Systems

I

6.
Antennas and

RF I

7.
Sensors and

Data Acquisition

8.
Demonstration

Systems

4:30 PM Networking Break  >Location:  Exhibit Halls  (4:30 PM – 6:00 PM)

CONFERENCE
AT A GLANCE

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

TIME

9:00 AM
to

5:00 PM

Advanced
Modulation &
Demodulation
Techniques

Basic
Signals &
Modulation

Consultative
Committee for
Space Data

Systems (CCSDS)

iNET
Telemetric
Networks

Principles &
Implementation of the
IRIG 106-15 Chapter 10
Digital Recording Standard

Spectrum
& Signal
Analysis

Basic
Systems

Engineering

Fundamentals
of Microwaves

& RF

Basics of
Aircraft

Instrumen-
tation

Introduction
to Analyzing
Ethernet Data

Introduction to
Scientific Test
& Analysis
Techniques

SETUP

6:30 PM
to

8:30 PM

ITC/USA 2015 Icebreaker:  
>Location:  Skyview 5/6

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

11:45 
AM

8:30 AM
to

10:00
AM

Technical
Sessions:

9.
ICTS

10.
Modulation and

Coding II

11.
Networks II

12.
Antennas and 

RF II

13.
Software Tools

14.
Signal Processing

12:00
PM

Conference Luncheon & Keynote Speaker  >Location:  Skyview 5/6

Location Sensing for the Internet of Things
Speaker: Dr. Dimitrios Lymberopoulos – Researcher, Microsoft Research

CLOSED

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

OPEN
2:00 
PM
to

6:00 
PM

2:30 PM
to 

4:00 PM

Technical
Sessions:

15.
iNET

16.
RCC Telemetry

17.
Data Security and

Integrity II

18.
Software Defined

Radio

19.
Modulation and

Coding III

20.
Antennas
and RF III

21
Hardware

Implementations

Networking Break  >Location:  Exhibit Halls  (4:30 PM – 6:00 PM)
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8:00 AM Exhibits Are Open from 8:00 AM to 12:00 PM
OPEN
8:00 
AM
to

12:00
PM

8:30 AM 
to 

10:30
AM

Technical
Sessions:

22.
MDL

23.
Modulation and

Coding IV

24.
Networks III

25.
Antennas and 

RF IV

26.
Hardware and 
3D Printing

27.
Imaging and 

Video Processing

28.
Telemetering Apps

Exhibits Are Open Until 12:00 PM

Special

Session
Special

Session

Special

Session
Special

Session

Free!
All Welcome!

Free!
All Welcome!

Fun!
Food!

Entertainment!

Special

Session
Special

Session

* All are invited to

attend. Only students

with ticket will be

eligible for the meal.

Special

Session
Special

Session

Free!
All Welcome!
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SHORT COURSES

Short Course Description Instructor

Advanced Modulation
& Demodulation

Techniques For Telemetry

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

Terry Hill, 
Quasonix, LLC

Basic Signals
& Modulation

This course is directed towards beginning technical personnel or telemetry personnel with limited experience in commu-
nications and modulation systems.  The course will cover basic concepts necessary to understanding the data communi-
cations 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, 

NASA Langley
Research Center

Consultative
Committee for Space
Data Systems (CCSDS) 

With applications in land, sea, air and space telemetry systems, the CCSDS tutorial provides an overview of the
Consultative Committee for Space Data Systems (CCSDS) standards for communications.  It provides a graphical 
depiction of the CCSDS protocol stacks with references to the more common OSI stack.  It includes descriptions of 
practical applications for high-latency and error-prone links, reasons to include different forms of forward error 
correction and compression, practical reasons for using packet telemetry, considerations for making everything IP-based,
concerns over security, new applications of short and medium distance Wi-Fi techniques, and interoperability interests
between civil and defense systems.  The course focuses on standard commanding, telemetry and node-to-node 
communication operations for remote data systems.  Students should have a general technical competency and 
understanding of communications theory, protocols and systems.

Robert Ritter, 
IMI/RT Logic

iNET Telemetric
Networks

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

Thomas Grace,
NAVAIR

Patuxent River
& Ben Abbott,

SwRI

Principles &
Implementation of 
the IRIG 106-15

Chapter 10 Digital
Recording Standard

This course will present an in-depth look at the IRIG 106 Chapter 10 Digital Recording Standard.  Each section within the
standard will be covered along with implementation, compliancy, interoperability, data processing and validation methods.
Lessons learned and insight into development and applications of Chapter 10 recorders, test equipment and software
throughout the test and operational communities will also be presented.  A review of emerging implementations and the
next release of the standard will also be conducted.

Al Berard,
Air Force Test

Center, Eglin AFB
& Mark Buckley,

Telspan Data

Spectrum and Signal
Analysis

This course explores the range of measurements that can be made with a vector spectrum analyzer, from swept
measurements of the RF spectrum through spur searches and pulsed signal measurements and on to more advanced
measurements like phase noise, noise figure and demodulation of communications signals.  The material presented is
suitable for beginners, but can also serve as a useful survey for more experienced users.

Donald
Vanderweit,

Keysight
Technologies

Basic Systems 
Engineering

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

Halil Altan, 
Altan Tech
Consulting

Fundamentals
of Microwaves

and RF

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

Mark
McWhorter,
Lumistar, Inc.

SHORT COURSES
>MONDAY, OCTOBER 26, 2015 | 9:00AM–5:00PM



SHORT COURSES, continued

SHORT COURSES &
TECH SESSIONS

*Short course certificates provided upon request.

>MONDAY, OCTOBER 26, 2015 | 9:00AM–5:00PM
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Short Course Description Instructor

Basics of Aircraft
Instrumentation

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

Carl Kowalski
& Jim Alich,

412 Test Wing
Edwards AFB

Introduction to
Analyzing Ethernet

Data

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

Paul Ferrill, 
Avionics Test 
and Analysis
Corporation

Introduction to
Scientific Test &

Analysis Techniques

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

Dr. Mark Kiemele,
Air Academy
Associates

ITC/USA 2015 TECHNICAL SESSIONS AND SESSION CHAIRS
>Tuesday, October 27
Session 1. Short-Range Telemetery
Teresa Telles, NAVAIR China Lake

Session 2. Data Security and
Integrity
Tim Gatton, Wideband

Session 3. Modulation and Coding I
Steve Horan, NASA Langley Research
Center

Session 4. Networks 1
Jessica Moore, Systems & Integration,
Boeing Test & Evaluation

Session 5. Range Systems I
Bruce Lipe, NASA

Session 6. Antennas and RF I
Christian Winklemann, Boeing

Session 7. Sensors and Data
Acquisition
Joseph Bilodeau,  Boeing Instrumentation &
Data Systems

Session 8. Demonstration Systems
Brian Keating,NAVAIR

>Thursday, October 29
Session 22. MDL* 
Lee Eccles, Boeing

Session 23. Modulation and
Coding IV
Michael Rice, BYU

Session 24. Networks III
Thomas Fisher, Boeing Test &
Evaluation

Session 25. Antennas and RF IV
Ron Pozmantier, Air Force Test Center,
Edwards AFB

Session 26. Hardware and 3D
Printing
Phil Ellerbrock, The Boeing Company

Session 27. Imaging and Video
Processing
Ken Wilhelm, Boeing Corporation

Session 28. Telemetering Apps
Bruce Johnson, NAVAIR PAX River

Session 9. ICTS * 
Jean-Claude Ghnassia, ICTS
Chairman & Mikel Ryan, ICTS Vice
Chairman
Session 10. Modulation and
Coding II
Thomas Grace, NAVAIR PAX River

Session 11. Networks II
Mark Smedley, NAVAIR

Session 12. Antennas and RF
II
Darryl Burkes, NASA

Session 13 Software Tools
Jon Morgan, JT3, Edwards Air Force
Base

Session 14. Signal Processing
Edward Bukowski, US Army
Research Laboratory

Session 15. iNET * 
Thomas Grace, NAVAIR

Session 16. RCC Telemetry*
Darryl Burkes, NASA

Session 17. Data Security and
Integrity II
Scott Kujiraoki, NAVAIR

Session 18. Software Defined
Radio
Dan Harris, L-3

Session 19. Modulation and
Coding III
Jesus Nevarez, White Sands Missile
Range

Session 20.  Antennas and RF
III
Steven Meyer, Airborne
Instrumentation Systems Division
Project Coordination Branch, NAVAIR

Session 21. Hardware
Implementations
Shannon Wigent, Laulima Systems

* Special Session

>Wednesday, October 28
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GUEST SPEAKERS

OPENING CEREMONY & BLUE RIBBON PANEL
>Tuesday, October 27, 2015  8:00am – 10:00am | Skyview 5/6

AWS-3 POST MORTEM AND THE
AGE OF SPECTRUM SHARING
With the increasing spectrum demands by both commercial services and weapon system
testing, there are fewer opportunities for outright reallocation of Federal spectrum to
support advanced wireless services.  The AWS-3 auction, specifically the process of
identifying the 1755–1780 MHz band for reallocation, ushered in a new concept of
sharing the critical RF spectrum resource to foster the economic benefits of commercial
wireless services while maintaining the ability to adequately test weapon systems.  Come
and listen to S4G Senior leaders on the panel discuss this important topic. 

S4G Panelists:
G. Derrick Hinton – Principal Deputy Director, Test
Resource Management Center (TRMC), Office of the Under
Secretary of Defense for Acquisition, Technology and Logistics
[USD(AT&L)]
Mr. G. Derrick Hinton is a member of the Senior Executive Service with a 25-
year civilian career in the Department of Defense (DoD).  In his current role as
the Principal Deputy Director, Test Resource Management Center (TRMC) with-
in the Office of the Under Secretary of Defense for Acquisition, Technology and

Logistics [USD(AT&L)], Mr. Hinton is the principal staff assistant and advisor to the Director,
TRMC for all matters pertaining to assessment of and strategic planning for the Major Range and
Test Facility Base (MRTFB); these responsibilities include annual certification of the Military
Department and Defense Agency Test and Evaluation (T&E) budgets and development of the
Congressionally-directed biennial Strategic Plan for DoD Test and Evaluation Resources.  In addi-
tion, he oversees the management of the Central Test and Evaluation Investment Program
(CTEIP), the Test and Evaluation/Science and Technology (T&E/S&T) Program, and the Joint
Mission Environment Test Capability (JMETC) Program, whose annual budgets collectively total
over $300M; and the National Cyber Range (NCR).
He began his career serving in the United States Marine Corps Reserve from 1985 to 1991, enter-
ing the DoD civilian workforce in 1989 as a Test Engineer responsible for munitions T&E with the
46th Test Wing at Eglin Air Force Base, FL.  In 1996, Mr. Hinton joined the AT&L team, initially serv-
ing in the Office of the Director, Test, Systems Engineering, and Evaluation.  He transitioned to the
Office of the Director, Operational Test and Evaluation (DOT&E) in 2001 and joined the Test
Resource Management Center (TRMC) in 2005, taking on the role of Principal Deputy Director,
TRMC in 2009.  
During his tenure with AT&L, Mr. Hinton has made significant contributions to policy and T&E
investment programs. While dual-hatted as Program Manager for CTEIP and the T&E/S&T
Program, he executed a combined annual budget of approximately $200M, led management of all
instrumentation development efforts sponsored by TRMC, and held responsibility for maturing
and transitioning technology to enhance the overall DoD T&E capability. Mr. Hinton successfully
ensured the use of a corporate investment approach to combine Service and Defense Agency T&E
needs, thereby maximizing opportunities for Joint and multi-Service efforts and eliminating unwar-
ranted duplication of test capabilities across the MRTFB. 

Paul D. Mann – Executive Director, Army Test & Evaluation
Command (ATEC), White Sands Missile Range, NM,
Mr. Paul D. Mann led U.S. Army White Sands Missile Range as Director from 6
June - 2 July 2014.  Mr. Mann was selected as Deputy to the Commander/
Executive Director for the U.S. Army White Sands Missile Range (WSMR) in
September 2013.  Mr. Mann is responsible for the successful operation of the
largest over-land missile test range within the Department of Defense (DoD).
He is responsible for the development, approval and implementation of all scien-

tific and technical policies and procedures in support of stakeholders.  He leads the resource
management plans/programs and provides technical direction to the workforce.

Mr. Mann was previously assigned as the Deputy Director, Land Warfare and Munitions, within the
Office of the Under Secretary of Defense for Acquisition, Technology and Logistics.  His appoint-
ment to Senior Executive Service in 2010 supported USD AT&L in oversight and stewardship of
Land Warfare & Munitions Programs and Initiatives.  He supported AT&L in the formulation/imple-
mentation of acquisition strategy, policy, program assessments and oversight for Ground Combat
and Tactical Vehicle Programs, Ground Radar and Ground C2 Programs, Rotary Wing and the Joint
Ground Robotics Consortium.

Dr. Joseph W. Nichols – Technical Advisor for
Flight Test and Evaluation, Air Force Test Center (AFTC),
Edwards AFB, CA
Dr. Joseph W. Nichols, a senior-level executive, is the Technical Advisor
for Flight Test and Evaluation, Air Force Test Center, Edwards Air Force
Base, Calif. He is the senior technical advisor to the AFTC Commander
regarding health and suitability of airframe, avionics, installed propulsion,
and electronic warfare flight and supporting ground test capability

across AFTC’s test ranges and facilities valued at more than $31 billion, including 116 aircraft
and 164 ground test facilities. AFTC’s workforce of 18,000 military, civilians, and contractors
and its ranges and facilities are located across the U.S. including Edwards AFB; Eglin AFB, Fla.;
Holloman AFB, N.M.; and Arnold AFB, Tenn. Dr. Nichols establishes flight test and evaluation
technical policy and procedures, and provides technical expertise and direction to the AFTC
work force. He formulates testing approaches to assure scientific validity, effectiveness and effi-
ciency in accomplishing ground and flight tests. Dr. Nichols represents the center on the Air
Force Materiel Command Engineering Council, the Executive Committee of the Range
Commanders Council, and the Spectrum Stewardship Senior Steering Group. 
Dr. Nichols served for 26 years as an Air Force officer, retiring as a colonel. During this mili-
tary career he served as a flight test engineer, test squadron commander and group command-
er. He was a senior non-rated aircrew member with flight test experience in the F-111, F-16,
C-130 and C-17. Dr. Nichols was appointed a Senior Leader executive in October 2013. 

Thomas C. Dowd – Director, Range Department,
Naval Air Warfare Center Weapons Division (NAW-
CWD), Naval Air Systems Command (NAVAIR), Point
Mugu, CA
Mr. Thomas C. Dowd currently serves as the Director, Range
Department and is responsible for all Naval Air Systems Command
(NAVAIR) Ranges as well as the Air Vehicle Modification and
Instrumentation (AVMI) Department.  The department headquarters is

located at Point Mugu, CA. and is a part of the Naval Air Warfare Center Weapons Division
Command.  The department is responsible for the management of NAVAIR’s ranges, primari-
ly located at three sites, Patuxent River, Md., China Lake, CA. and Point Mugu, CA.  Mr. Dowd
has 26 years of civilian service with the Department of the Navy and was appointed to the
Senior Executive Service in November of 2014.
He began his civilian career in 1988 as an aerospace engineer with the Point Mugu Missile Test
Center after graduating from Boston University in 1987 with a bachelor’s of science degree in
aerospace engineering.  He worked for 5 years as a flight test engineer performing test and
evaluation of Navy cruise missile systems such as the SLAM, HARPOON and Penguin missiles.
From 1992-2001 he worked in the Airborne Threat Simulation Division, Threat/Target Systems
Department at Point Mugu where he served as the division head for 7 years.  The division
focused on the exploitation and hardware simulation of foreign threat electronic warfare sys-
tems. The simulators, that the Airborne Threat Simulation Organization produced, were used
for the test and evaluation of Navy, Army and Air Force platform radar and missile seeker sys-
tems.
From 2001–2003 Mr. Dowd worked in the NAVAIR Network Centric Warfare (NCW) Office
at Patuxent River. In 2002 Mr. Dowd became the civilian deputy for the NCW office in sup-
port of the expanding office and its role in bringing about the FORCEnet initiative for the
Navy and other capabilities for naval aviation.

ITC/USA’15 GUEST SPEAKERS
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CONFERENCE LUNCHEON GUEST SPEAKERS

CONFERENCE LUNCHEON
>Wednesday, October 28, 2015
12:00pm – 2:00pm | Skyview 5/6

LOCATION SENSING FOR THE INTERNET OF THINGS

Luncheon Speaker:  Dr. Dimitrios Lymberopoulos
Microsoft Research

As millions of devices, with sometimes limited power resources, are expected to be
deployed both indoors and outdoors, efficient location sensing for telemetry applications
becomes a challenging problem.  Typical GPS receivers, although widely available, consume
too much energy to be useful for many telemetry applications, and they don’t work indoors. In the first part of my talk, I
will present a low power GPS-based location sensing technology that is based on the observation that in many scenarios,
the location information can be post-processed versus being computed in real-time. In the second part of my talk, I will
focus on indoor location sensing.  I will present the results of the 2014 and 2015 Microsoft Indoor Localization
Competition, highlighting the current state-of-the-art in indoor location sensing technologies.

Dimitrios Lymberopoulos has been a Researcher at Microsoft Research since 2008. His work has focused on low power
sensing architectures, indoor location technologies and mobile context sensing for mobile web search services.  He
received his Ph.D. degree from the Electrical Engineering department at Yale University in 2008, where he designed and
implemented wireless sensor networks for privacy-preserving, in-home elderly care monitoring.

STUDENT LUNCHEON SPEAKER
>Tuesday, October 27, 2015 11:00pm – 1:00pm | Skyview 3
Major General USA® John M. Custer is the Director of EMC’s Federal Strategic Missions and Programs.
Come listen as he delivers an inspirational speech to the future professionals of telemetry.

WELCOME TO A WORLD WITHOUT LIMITS

Speaker:  John M. Custer, MG(R)
Director, Federal Missions and Programs, EMC Corporation

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



IFT Pioneer Award Winners 

 

 
1984  Dr. William Pickering (1st Award Recipient)  

 

1985  Dr. Larry Rauch  

 

1986  Dr. Myron Nichols  

 

1987  Dr. Eberhardt Rechtin  

 

1988  No Award  

 

1989  Dr. James Fletcher  

 

1990  Dr. Bernard Oliver, Dr. John R. Pierce, Dr. Claude Shannon  

 

1991  No Award  

 

1992  Mr. Hugh Pruss  

 

1993  Mr. Eugene Law  

 

1994  No Award  

 

1995  Mr. Stan Reynolds  

 

1996  Mr. Harold Jeske  

 

1997  Mr. Bill Rymer  

 

1998  Mr. Benson Weinberg  

 

1999  Mr. Walter Lipe  

 

2000  Mr. Norman Lantz  

 

2001  No Award  

 

2002  Mr. Jud Strock  

 

2003  Mr. Melvin Levine  

 

2004  No Award  

 

2005  Mr. Arthur Sullivan  

 



2006  Dr. Jim Means  

 

2007  No Award  

 

2008  No Award  

 

2009  Dr. Gerhard Mayer  

 

2010  Mr. Chuck Buchheit 

 

2011  Mr. Lee Eccles 

 

2012  No Award 

 

2013  No Award 

 

2014     Mr. Vic Hammond 

 

 

 

 

 

 

 

 

 

 

 



International Foundation for Telemetering (IFT) 

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



International Telemetering Conference (ITC) 

The International Telemetering Conference (ITC) is the primary forum through which the 
purposes of the International Foundation for Telemetering (IFT) are accomplished. It is 
the only nationwide annual conference dedicated to the subject of telemetry. The 
conference generally follows an established format which includes presentation of 
tutorial courses and technical papers, and exhibition of equipment, techniques, services 
and advanced concepts provided, for the most part, by the manufacturer or the 
supplying company. To complete a user-supplier relationship, each ITC often includes 
displays from major test and training ranges and other government and industrial 
elements whose mission needs serve to guide manufacturers to tomorrow's products. 

Each ITC is normally two and one half days in duration preceded by a day of tutorials 
and standards meetings. A Keynote Technical Session, to which all conferees are 
invited, is generally the initial event. A Moderator and Panel Members prominent in their 
respective fields form the Keynote Technical Session which addresses a particular 
theme and is also available for questions from the audience. The purpose of this event 
is to highlight and further communicate future concepts and equipment needs to system 
developers and suppliers. From that point, papers are presented in four half-day periods 
of concurrent Technical Sessions that are organized to allow the attendee to choose the 
topic of primary interest. The Technical Sessions are conducted by voluntary Technical 
Session Chairmen and include a wide variety of papers both domestic and international. 
Additionally, the program offers a Keynote Luncheon featuring a distinguished speaker 
who will discuss a topic of direct interest to the telemetry community. 

Each annual ITC is organized and conducted by a General Chair and a Technical 
Program Chair selected and appointed by the IFT Board of Directors. Both chairmen are 
prominent in the organizations they represent (government, industry, or academia) and 
are generally well-known and command technical and managerial respect. Both have 
most likely served the previous year's conference as Vice Chairs. In this way, continuity 
between conferences is achieved and the responsible individuals can proceed with 
increased confidence. The chairs are supported by a standing Conference Committee of 
over twenty volunteers who are essential to the conference organizational effort. Both 
chairs and all who serve in the organization and management of each annual ITC do so 
without any form of salary or financial reward. The organizational affiliate of each 
individual who serves not only agrees to the commitment of their time to the ITC but also 
assumes the obligation of that individual's ITC-related travel expenses. This, of course, 
is in recognition of the technical service rendered by the conferences.  

Those companies and agencies that exhibit at the ITC pay a floor space rental fee which 
provides the major financial support for each conference. Although the annual chairs 
and the standing committee are credited for successful ITCs, the exhibitors also deserve 
high praise for their faithful and generous support. 

A major feature of each annual ITC is the proceedings in DVD-ROM format. The DVD 
contains proceedings and technical papers from multiple prior conferences as well as 
the current conference and is included with a paid regular conference registration. The 
DVD is also is available for purchase after the conference through the IFT/ITC web site, 
www.telemetry.org. 
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Goals 

• Introduce telemetry and system level design 

problems early, throughout program of study 

• Provide off-campus education and educational 

resources 

• Support a variety of projects which use telemetry 

systems, especially ones in non-traditional (non-

aerospace) areas 

• Support Promising Students 

Slide 1 of 1,000,000 
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ITC 2014 
• Keenan Johnson and K. Kosbar, Telemetry Processor Design for a Remotely 

Operated Vehicle (Mars Rover Project) 

 

• Christopher Marchman, Samuel Novosad, Jacob Bertenls, Dalton Gibbs and 

K. Kosbar, Remote Monitoring and Control of Residential and Commercial 

Energy Use 

 

• Nicholas Crowe, James Meyer, Dustin Harrelson and K. Kosbar, Remote 

Perimeter Monitoring for Agricultural Applications 

 

• Tyler Morrow and K. Kosbar,  A Modular and Extensible User Interface for 

Telemetry and Control of a Remotely Operated Vehicle, Best Undergraduate 

Paper Prize (Mars Rover Project) 

 

• Aditya Kulkarni and K. Kosbar,  Performance Analysis of Zero 

Forcinghttp://makehercumfirst.tumblr.com/archive and Minimum Mean Square 

Error Equalizers for a MIMO System on a Spinning Vehicle Best Paper Prize 

 

Slide 10 of 1,000,000 
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ITC 2015 
• Eric Walter, Nicholas Glover Jesse Cureton and K. Kosbar, Telemetry System 

Architecture for a Solar Car (Solar Car Project) 
 

• Nathan Price, Vivek Thotla, Maciej Zawodnick and K. Kosbar, Software-

Defined Mesh Telemetry Network for Remotely Controlled and Monitored 

Industrial Applications 
 

• Andrew Pletta, Adam Timmons, Thomas Abbeg, Thomas McBeth and K. 

Kosbar, Wireless Body Area Network for Monitoring Human Kinetics 
 

• Joshua Reed, Tyler Morrow and K. Kosbar, An Object-Oriented Interface to 

Monitor Telemetry from and Control of a Mars Rover (Mars Rover Project) 
 

• Frank Marshall, Michael Pride, Michelle Rojo, Katelyn Brinker, Zachary 

Walker, Michael Storrie-Lombardi, Melanie Mormile, G.S. Grubbs II and K. 

Kosbar, A Simple, Cost Effective Raman-Fluorescence Spectrometer (Mars 

Rover Project) 
 

• Sushruth Sastry and K. Kosbar, A Modular Scheme to Detect and Combat 

Sinusoidal Variation in Fading Channels 

 
Slide 11 of 1,000,000  
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ITC 2014 – Teams A++ and A# 

• Brad Cook 

• Jason Gassel 

• Brandon Harrington 

• Nicholas Crowe 

• James Meyer 

• Dustin Harrelson 

 

Slide 100 of 1,000,000 
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ITC 2014 – Vehicle Proximity Detection 

Slide 101 of 1,000,000 – Oh, it’s in binary 
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• Hall effect sensor 

• Detect when magnet on gate is moved 

• Anisotropic Magnetoresistor 

• Detect changes in local magnetic field caused by 

arrival of ferris wheels (these are my kind of people).  

Since ferris wheels only come to town once a year, 

decided to detect ferrous wheels instead. 

• Ultrasonic Ranging 

• Measure distance to nearest object that’s hard 

enough to reflect ultrasonic waves 

• Infrared Motion Detector 

• General motion detector.  Wake-up alarm. 

ITC 2014 – Vehicle Proximity Detection 

You have probably heard the joke 
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• Infrared Imaging 

• Detect heat from engine 

• Visible light Imaging 

• Look for sudden changes in image, capture image to 

send to user 

• Accelerometer 

• Theft / Tamper Detection (not implemented) 

• Cell Phone Network Interface 

• Send alerts, status, and images to user 

• Kitchen Sink 

• Since everything else was in the design, seemed a 

shame to leave this one out 

ITC 2014 – Vehicle Proximity Detection 

There are only 10 types of people 
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• Hide in plain sight 

ITC 2014 – Vehicle Proximity Detection 

Those who can count in binary… 
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ITC 2014 – Vehicle Proximity Detection 

…and those who can’t 
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ITC 2014 – Vehicle Proximity Detection 
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ITC 2014 – Monitoring Energy Use 

• Chris Marchman 

• Jacob Bertels 

• Dalton Gibbs 

• Samuel Novosad 



Slide 13 of 64, © 2015 Missouri S&T 

ITC 2014 – Monitoring Energy Use 
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ITC 2014 – Monitoring Energy Use 

• Functional Power Strip 

 

• Accurate Data Acquisition 

 

• Control and Display Data through 

Web Interface 
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ITC 2014 – Monitoring Energy Use 



Slide 16 of 64, © 2015 Missouri S&T 

ITC 2014 – Monitoring Energy Use 
• Metal-Oxide Varistors     +    Fuses 

16 
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ITC 2014 – Monitoring Energy Use 

Optoisolator   +   Triac   +   Heatsink 
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ITC 2014 – Monitoring Energy Use 

• Hall Effect        

20A IC 

 

 

 

• Transformer 

Rectifier       
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ITC 2014 – Monitoring Energy Use 

• 2 oz copper traces 

• Separation of High / Low Voltages 
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ITC 2014 – Monitoring Energy Use 

Microcontroller 
• BeagleBone Black® 

 

• Wi-Fi Capability 

 

• Hosts Local Linux 

Server 
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ITC 2014 – Monitoring Energy Use 
Voltage Sensor: 7.39mV Resolution 

Current Sensor: 15.7mA Resolution 
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ITC 2014 – Monitoring Energy Use 

Website - Example 
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ITC 2014 – Monitoring Energy Use 
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Crash Prevention 

• Ryan Brohammer 

• Brooke Greathouse 

• Eric VanDyke 

• Cody Gieseke 

• William Haynes 
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Crash Prevention 
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Crash Prevention 
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Crash Prevention 
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Crash Prevention 
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ITC 2014 – Equalizers & MIMO 

• Aditya Kulkarni 
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ITC 2014 – Equalizers & MIMO 
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Smart Charging 

• Eric Mullis 

• Mike Xu 
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Smart Charging 



Slide 33 of 64, © 2015 Missouri S&T 

Smart Charging 
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Smart Charging II 

• Josh Rothermich 

• Nick Hilbert 

• Weichao Zhang 

• Jessie Hayes 



Slide 35 of 64, © 2015 Missouri S&T 

Smart Charging II 
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Smart Charging II 
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Smart Charging II 
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Smart Charging II 
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Well Logging 

• Jill Cahill 

• Mike Sumpter 

• Joe Faller 

• Ben Raulston 



Slide 40 of 64, © 2015 Missouri S&T 

Well Logging 
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Well Logging 
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Medical ID 

• Al Dohmen 

• Justin Vance 

• Neshant Osmani 

• Xiao Deng 
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Medical ID 
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Medical ID 

ISO14443A ISO15693 

Origins  1990 2001 

Data Rate 106 Kbps 6.7 kbps or 26.7 kbps 

Multi-Applications  Yes - medium  Yes - slow 
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Medical ID 

 Air is tested as a reference operating scenario 

 ISO15693 tag had the best signal strength at 0° 

 ISO15693 tag was able to capture a signal from  

          a further distance comparing to ISO14443a tag  

 As the angle increase, the signal got weaker 
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Medical ID 

 Compare all three materials at 0° 

 The ISO15693 tag with plastic and glass performs very similar 

 The ISO14443a tag with glass material was able to capture a signal  

         by an additional of 0.5 cm then the ISO14443a with plastic material 

 Aluminum blocks all signal 
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Medical ID 

 Compare all three materials at 30° 

 The ISO15693 tag had similar result with plastic and glass 

 Here the ISO14443a with glass was still able to capture a  

       signal by an additional of 0.5 cm more then the ISO14443a with plastic  

 As angle increases, signal strength decreases 
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Back to Mars 
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Rover Roll-Out 
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Rover Roll-Out 
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ITC 2014 – Rover Processor 

• Keenan Johnson 
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ITC 2014 – Rover Processor 
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ITC 2014 – Rover Processor 
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ITC 2014 – Rover Processor 
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ITC 2013 - Rover Arm 
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Working Rover - Pick Up Tools 
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Working Rover – Drill for Oil 



Slide 58 of 64, © 2015 Missouri S&T 

Flip switches, Turn valves 

Navigate drops up to 1 meter 
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ITC 2014 – Mars Rover Control 

• Tyler Morrow 
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ITC 2014 – Mars Rover Control 
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ITC 2014 – Mars Rover Control 
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Martian Headaches 
( Welcome to real-world engineering ) 
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Martian Happiness 
( Also real-world engineering ) 
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Telemetry Students 

Student Topic Level 

Cha, K.  Automotive Telemetry Applications  Ph.D. 

Dusitsin, K.  Efficient Simulation of Comm Systems  Ph.D. 

Fonda, J.  Ad-Hoc Sensor Networks  Ph.D. 

Gunawardana, U.  DLL in Spread Spectrum Sync   Ph.D. 

Gupte, J. MIMO Synchronization Ph.D. 

Lord, D.  Autonomous Navigation  Ph.D. 

Mitchell, K.  Structural Health Monitoring  Ph.D. 

Osterwise, C.  Detection of Receivers Ph.D. 

Panagos, A.  MIMO Channel Modeling  Ph.D. 

Potter, C.  Air-to-Ground MIMO Channels  Ph.D. 

Taqieddin, E.  Ad-Hoc Network Protocols  Ph.D. 

Uchil, V.  Bluetooth Devices in Structural Health Monitoring  Ph.D. 

Annamraju, V.  Local Positioning Systems  M.S. 

Ayers, J.  LZ Encoder for Telemetry  M.S. 

Balaji, M. MIMO Test Bed M.S. 
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Telemetry Students 

Student Topic Level 

Bridges, J.  Inverse Multiplexing  M.S. 

Bryce, R.  LZ Encoder for Telemetry  M.S. 

Burns, T.  High Temperature   M.S. 

Chandran, A. Mesh Telemetry Networks M.S. 

Dolan, R. Lab Rats M.S. 

Dusitsin, K.  Efficient Simulation of Comm Systems  M.S. 

Eckler, K. MIMO Test Bed M.S. 

Gunawardana, U.  DLL in Spread Spectrum Sync  M.S. 

Gupte, A. Sync. In MIMO Systems M.S. 

Hogrebe, L.  Wireless Ad-Hoc Network Processor  M.S. 

Jacobs, J.  Sensor Networks, Mr/Mrs Sat  M.S. 

Jasper, J.   Ad-Hoc Sensor Networks  M.S. 

Jenshak, J.  MIMO Channel Simulator  M.S. 

Kanday, B. uControllers and MIMO M.S. 

Koehler, T.  Beamforming Antenna  M.S. 
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Telemetry Students 

Student Topic Level 

Krishnan, A.  DSP Filter Design  M.S. 

Kulkarni, A. Secure WSN M.S. 

Manjuatha, S. Parallel Demodulator Structures M.S. 

Mehta, P  LZ Encoder for Telemetry  M.S. 

Meuth, R. Lab Rats M.S. 

Muralidhar, A. Spinning Channel State Information M.S. 

Nepal, N.  Breadboard for MIMO Applications  M.S. 

Osterloh, C. Widely Spaced Beamforming Antenna Systems  M.S. 

Osterwise, C.  Sync. In MIMO Systems M.S. 

Panagos, A.  MIMO Channel Modeling  M.S. 

Periyapatna, V.  Bandwidth Efficient Spread Spectrum  M.S. 

Petersen, S. MIMO for Spinning Vehicles M.S. 

Potter, C.  ISI and MIMO Applications  M.S. 

Pratt, J. MIMO Breadboard, Solar Car Telemetry Processor M.S. 

Praveen, S.  Adaptive reflection cancellation  M.S. 
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Telemetry Students 

Student Topic Level 

Price, N. Mesh Telemetry Networks M.S. 

Regatte, N.  LZ Encoder for Telemetry  M.S. 

Rivera, G. Path Planning M.S. 

Robinette, P. Lab Rats M.S. 

Rodhouse, K. Robotics Telemetry M.S. 

Saidu, P.  Local Positioning Systems  M.S. 

Sharma, G  Cognitive Ad-Hoc Networks, Robotics  M.S. 

Shekhar, R. MIMO Test Bed M.S. 

Simms, D.  Automatic Modulation Recognition  M.S. 

Snodgrass, A.  Ad-Hoc Network Processor Design  M.S. 

Spencer, J.  Ad-Hoc Sensor Networks  M.S. 

Steffen, M. Autonomous Robotic Testbed  M.S. 

Uchil, V.  Bluetooth Devices in Structural Health Monitoring  M.S. 

VanHouten, J  LZ Encoder for Telemetry  M.S. 

Verma, S.  Breadboard for MIMO Applications  M.S. 
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Telemetry Students 

Student Topic Level 

Ward, R.  MIMO Channel Modeling  M.S. 

Yadati, U.  PN Code Synchronization  M.S. 

Yerrabommanahalli, V.  SHM Telemetry Networks  M.S. 

Allen, Jared  Remote Monitoring of consumer power systems  B.S. 

Al-Muqallad, H. Smart Grid Point Control B.S. 

Anderson, J. Autonomous Terrain Mapping B.S. 

Aparicio, E.  Well Pump Telemetry  B.S. 

Archer, E. SMS Messaging for Emergency Utility Usage B.S. 

AuBuchon, C.  Soccer Playing Robot  B.S. 

Ayerra, I. Mars Rover Communications B.S. 

Bakai, L.  Soccer Playing Robot  B.S. 

Baker, C. Ad-Hoc Remote Sensing Networks B.S. 

Banes, B.  Autonomous Well Operations  B.S. 

Banuelos, J.  Soccer Playing Robot  B.S. 

Barker, D. Minerbot B.S. 
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Telemetry Students 

Student Topic Level 

Barkley, J. Dual Antenna Radio B.S. 

Bax, M  Soccer Playing Robot  B.S. 

Belayneh, M. Horse Trailer Telemetry and Command B.S. 

Bell, L.  Soccer Playing Robot  B.S. 

Bertenls, J. Power Monitoring and Control B.S. 

Bietsch, A. Robotic Navigation B.S. 

Bishop, J. EMC Issues for RF B.S. 

Bland, V. Residential Telemetry B.S. 

Bloom, M. Ad-Hoc Remote Sensing Networks B.S. 

Bloomquist, S.  RFID  B.S. 

Bohachick, D.  Solar Car Telemetry  B.S. 

Booth, C. Solar Car Telemetry Processor  B.S. 

Booth, J. Horse Trailer Telemetry and Command B.S. 

Bottorff, A. D.o.A. Estimation for Acoustic Arrays B.S. 

Bourque, Z. Dual Antenna Radio B.S. 
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Telemetry Students 

Student Topic Level 

Boyle, S. Acoustic Signal Processing B.S. 

Braden, K.  Soccer Playing Robot  B.S. 

Brandt, J. Autonomous Indoor Navigation B.S. 

Brinker, K. Mars Rover Spectrometer B.S. 

Brown, T. Assisted Navigation B.S. 

Buffa, S.  Soccer Playing Robot  B.S. 

Burzinski, J. Robotics Telemetry B.S. 

Campbell, S. Horse Trailer Telemetry and Command B.S. 

Canady, D.  RFID  B.S. 

Carroll, B.  Automotive Telemetry  B.S. 

Chao, L. Smart, Safe, Electrical Outlets B.S. 

Chen, J.  Soccer Playing Robot  B.S. 

Clemens, J. Solar Car Telemetry System B.S. 

Clement, C. Solar Car Telemetry Processor  B.S. 

Coats, R.  Ambulatory Telemetry   B.S. 
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Telemetry Students 

Student Topic Level 

Cochran, N. D.o.A. Estimation for Acoustic Arrays B.S. 

Coffey, S. Mars Rover B.S. 

Coffman, A. Articulated Arm Communications B.S. 

Coffman, G. Telemetry Network for Ground Vehicles B.S. 

Cohen, B. Horse Trailer Telemetry and Command B.S. 

Conte, J. Remote Flood Warning B.S. 

Cook, B. Vehicle Detection B.S. 

Crocker, D. Telemetry Network for Ground Vehicles B.S. 

Crook, A. Graphics Cards for RADAR Signal Processing B.S. 

Cross, J. Residential Telemetry B.S. 

Crowe, N. Remote Perimieter Monitoring B.S. 

Cureton, J. Solar Car Telemetry System B.S. 

Curtis, R. Acoustic Signal Processing B.S. 

Daniels, C. Ad-Hoc Audio Sensor Network B.S. 

Dean, E. Robotics Telemetry B.S. 
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Student Topic Level 

Dean, J.   Solar Car Telemetry  B.S. 

DeConink, C. Solar Car Telemetry  B.S. 

DeConink, S. Solar Car Telemetry  B.S. 

Deng, X. Medication Monitoring B.S. 

Diekemper, R.  Soccer Playing Robot  B.S. 

Dill, J. Smart Grid Point Control B.S. 

Dobrynski, J. Solar Car Telemetry System B.S. 

Dohmen, A. Medication Monitoring B.S. 

Dolan, R. Labrats B.S. 

Domen, A. Medication Monitoring B.S. 

Domescik, A. Autonomous Indoor Navigation B.S. 

Easter, A. Autonomous Target Tracking B.S. 

Edwards, B. Assisted Navigation B.S. 

Egger, M.  Well Pump Telemetry  B.S. 

Ellegood, J. Robotic Navigation B.S. 
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Telemetry Students 

Student Topic Level 

Eppenberger, D.  Ad-Hoc Infrared Network  B.S. 

Epps, R. Solar Servallaince Plane  B.S. 

Felemban, A. Smart, Safe, Electrical Outlets B.S. 

Fletcher, J.   Soccer Playing Robot  B.S. 

Frazee, D. Solar House  B.S. 

Fu, Qian  Cognitive Radio Networks  B.S. 

Gassel, J. Vehicle Detection B.S. 

Gibbs, D. Power Monitoring and Control B.S. 

Glover, N. Solar Car Telemetry System B.S. 

Gnidehoue, H. Remote Flood Warning B.S. 

Goodlin, R. Microphone Array for Range Safety B.S. 

Gott, M. Ad-Hoc Sensor Networks  B.S. 

Gott, M. Ad-Hoc Remote Sensing Networks B.S. 

Goughnour, K.  Soccer Playing Robot  B.S. 

Grafelman, B. Microphone Array for Range Safety B.S. 
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Student Topic Level 

Gray, D.  Well Pump Telemetry  B.S. 

Green, D. Municipal Well Monitoring System B.S. 

Grott, S. Telemetry Syst. For Utility Monitoring B.S. 

Guenther, C. Solar Car Telemetry System B.S. 

Hancock, A. Remote Monitoring of consumer power systems  B.S. 

Harrelson, D. Remote Perimieter Monitoring B.S. 

Harrington, B. Vehicle Detection B.S. 

Harrison, J. Appliance Telemetry B.S. 

Harrison, T. GPS Equalization B.S. 

Hayes, J. Mars Battery Charging B.S. 

Heintzelman, T. Smart Power Control B.S. 

Henning, R. Assisted Navigation B.S. 

Henry, R. Solar Servallaince Plane  B.S. 

Heyari, S. Residential Telemetry B.S. 

Hickle, M. Quadrotor Aircraft B.S. 
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Telemetry Students 

Student Topic Level 

Hientzleman, M.  Soccer Playing Robot  B.S. 

Hilbert, N. Mars Battery Charging B.S. 

Hirst, B. Horse Trailer Telemetry and Command B.S. 

Hobbs, J. Mars Rover Communications B.S. 

Hogrebe, L.  Autonomous Robotics  B.S. 

Honse, A. Autonomous Terrain Mapping B.S. 

Huff, T. Appliance Telemetry B.S. 

Huser, A.  Telemetry, Paging and SHM  B.S. 

Huttsell, R. Robotic System Design B.S. 

Jacob, J. Mr. and Mrs. Sat  B.S. 

Jetter, J. Mars Rover B.S. 

Johnson, A. Smart HVAC System B.S. 

Johnson, K. Mars Rover B.S. 

Kaeb, T. MIMO for Aerospace Applications B.S. 

Keller, J.  DSP, Robotic Car  B.S. 
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Student Topic Level 

Kelly, D. Ad-Hoc Remote Sensing Networks B.S. 

Kennedy, B. Ad-Hoc Audio Sensor Network B.S. 

Kientzy, J. Quadrotor Aircraft B.S. 

Kimbel, J. Robotics Telemetry B.S. 

Kirksey, E. Autonomous Target Tracking B.S. 

Kissinger, G. Graphics Cards for RADAR Signal Processing B.S. 

Kreher, I. Smart Power Control B.S. 

Krupinski, T. Autonomous Robotics  B.S. 

Kuykendal, M.  Well Pump Telemetry  B.S. 

Labbe, R. Autonomous Target Tracking B.S. 

Laird, T.  Ambulatory Telemetry   B.S. 

Larson, B. Appliance Telemetry B.S. 

Lauer, T. Smart Power Control B.S. 

Lavallee, A. Cognitive Radio Networks  B.S. 

Lawrence, J.  Robotic Telemetry  B.S. 
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Telemetry Students 

Student Topic Level 

Lecko, D. Telemetry Syst. For Utility Monitoring B.S. 

Ledford, J. Smart Power Control B.S. 

Liu, S.  Soccer Playing Robot  B.S. 

Liu, Z. Autonomous Indoor Navigation B.S. 

Lopez, H.  Solar Car Telemetry  B.S. 

Mahoney, D. Remote Flood Warning B.S. 

Mainsah, K. Municipal Well Monitoring System B.S. 

Maloney, S.  DSP, Robotic Car  B.S. 

Marchetto, W. GPS Equalization B.S. 

Marchman, C. Power Monitoring and Control B.S. 

Marshall, F. Mars Rover Spectrometer B.S. 

Mauss, M.  Remote Diagnostic Systems  B.S. 

Mayer, M. DSP, Robotic Car  B.S. 

McBeth, T. Wireless Body Area Networks B.S. 

McConnell, M. Autonomous Indoor Navigation B.S. 
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Telemetry Students 

Student Topic Level 

McFowland, N. Ad-Hoc Remote Sensing Networks B.S. 

McQueary, J  Well Pump Telemetry  B.S. 

Merz, V. Robotic Navigation B.S. 

Meuth, D.  Remote Diagnostic Systems  B.S. 

Meuth, R.  Labrats B.S. 

Meye, M. Mars Rover Communications B.S. 

Meyer, J. Remote Perimieter Monitoring B.S. 

Miller, A. Acoustic Signal Processing B.S. 

Miller, R. Appliance Telemetry B.S. 

Moore, C. Telemetry Network for Ground Vehicles B.S. 

Moore, K.  Robotic Telemetry  B.S. 

Morlock, P. Smart, Safe, Electrical Outlets B.S. 

Morrow, T. Mars Rover B.S. 

Moser, J.  Soccer Playing Robot  B.S. 

Mueller, J. Autonomous Target Tracking B.S. 
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Telemetry Students 

Student Topic Level 

Mues, S. Minerbot B.S. 

Mulcahy-

Stanislawczyk, J. GPS Equalization B.S. 

Mullis, E. Solar Power Charging B.S. 

Murphy, S.  Formula Car Telemetry  B.S. 

Myers, M. Quadrotor Aircraft B.S. 

Neubrand, B. Smart, Safe, Electrical Outlets B.S. 

Neville, K. Acoustic Signal Processing B.S. 

Ngo, T. Dual Antenna Radio B.S. 

Nguyen, B. Telemetry Network for Ground Vehicles B.S. 

Nguyen, N.  Soccer Playing Robot  B.S. 

Nizolak, M. Ad-Hoc Remote Sensing Networks B.S. 

Nolte, K. Acoustic DOA B.S. 

Nordman, L. Smart HVAC System B.S. 

Novosad, S. Power Monitoring and Control B.S. 

Olejniczak, J.  Fiber Optic Telemetry / SHM  B.S. 
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Telemetry Students 

Student Topic Level 

Orlando, M. Appliance Telemetry B.S. 

Osmani, N. Medication Monitoring B.S. 

Osterwise, C.  Segmented robotic arm  B.S. 

Parihar, R.  Well Pump Telemetry  B.S. 

Parker, R. Telemetry Syst. For Utility Monitoring B.S. 

Patel, J.  Soccer Playing Robot  B.S. 

Peleate, D.  Emergency Vehicle Detection  B.S. 

Perry, E. Solar Servallaince Plane  B.S. 

Pieper, J.  Solar Car Mission Planning  B.S. 

Pierson, M. SMS Messaging for Emergency Utility Usage B.S. 

Pletta, A. Wireless Body Area Networks B.S. 

Poettgen, A. Dual Antenna Radio B.S. 

Ponder, B.  Cellular Based Remote Monitoring  B.S. 

Porter, J.   Well Pump Telemetry  B.S. 

Potter, C.  Digital Signal Processing B.S. 
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Telemetry Students 

Student Topic Level 

Pratt, F. Solar Car Telemetry Processor  B.S. 

Pratt, J. Solar Car Telemetry Processor  B.S. 

Price, N. Telemetry Syst. For Utility Monitoring B.S. 

Pride, M. Mars Rover Spectrometer B.S. 

Quiqley, A.  Soccer Playing Robot  B.S. 

Raley, C.   Soccer Playing Robot  B.S. 

Ramsey, E. MIMO for Aerospace Applications B.S. 

Ratnaraj  Soccer Playing Robot  B.S. 

Raulston, B. Remote Well Monitoring B.S. 

Ray, N.  Automotive Telemetry  B.S. 

Redington, S.  Soccer Playing Robot  B.S. 

Reed, J. Mars Rover Telemetry B.S. 

Reid, T.  Solar Car Mission Planning  B.S. 

Reinekee, F. D.o.A. Estimation for Acoustic Arrays B.S. 

Rhodes, T.  Ambulatory Telemetry   B.S. 
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Telemetry Students 

Student Topic Level 

Rich, M.  Fiber Optic Telemetry / SHM  B.S. 

Richardson, E.  Emergency Vehicle Detection  B.S. 

Robbins, J.  Ambulatory Telemetry   B.S. 

Roberds, B. Articulated Arm Communications B.S. 

Roberts, J. Articulated Arm Communications B.S. 

Roberts, S. Minerbot B.S. 

Robertson, K. Acoustic Signal Processing B.S. 

Robinette, P. Labrats B.S. 

Rodhouse, K. Robotic System Design B.S. 

Rojo, M. Mars Rover Spectrometer B.S. 

Ronimous, S. Mars Rover Communications B.S. 

Rothermich, J. Mars Battery Charging B.S. 

Sandeep, S.  Autonomous Well Operations  B.S. 

Sanders Jr., R. D.o.A. Estimation for Acoustic Arrays B.S. 

Sawyer, P. Embedded Processors B.S. 
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Telemetry Students 

Student Topic Level 

Schepers, M High Frequency Circuit Design B.S. 

Scherer, D. SMS Messaging for Emergency Utility Usage B.S. 

Schoemehl, S. Municipal Well Monitoring System B.S. 

Schrader, D. Remote Flood Warning B.S. 

Schuchman, C.  Autonomous Well Operations  B.S. 

Schwieshow, M. Solar House  B.S. 

Seaber , J. Dual Antenna Radio B.S. 

Schoemehl, S. Municipal Well Monitoring System B.S. 

Schrader, D. Remote Flood Warning B.S. 

Schuchman, C.  Autonomous Well Operations  B.S. 

Schwieshow, M. Solar House  B.S. 

Seaber , J. Dual Antenna Radio B.S. 

Shelor, K.  Emergency Vehicle Detection  B.S. 

Shishani, M. Solar Servallaince Plane  B.S. 

Simms, M.  Autonomous Well Operations  B.S. 
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Telemetry Students 

Student Topic Level 

Smith, C. D.o.A. Estimation for Acoustic Arrays B.S. 

Speck, B.  Soccer Playing Robot  B.S. 

Stahlman, L. Ad-Hoc Remote Sensing Networks B.S. 

Stallard, W. Autonomous Robotics  B.S. 

Stephens, E. D.o.A. Estimation for Acoustic Arrays B.S. 

Stewart, R.  Soccer Playing Robot  B.S. 

Stica, Z.  Soccer Playing Robot  B.S. 

Stahlman, L. Ad-Hoc Remote Sensing Networks B.S. 

Stallard, W. Autonomous Robotics  B.S. 

Stephens, E. D.o.A. Estimation for Acoustic Arrays B.S. 

Stewart, R.  Soccer Playing Robot  B.S. 

Stica, Z.  Soccer Playing Robot  B.S. 

Stidham, E.  Soccer Playing Robot  B.S. 

Sullivan, J. Articulated Arm Communications B.S. 

Swearson, J. Acoustic DOA B.S. 
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Telemetry Students 

Student Topic Level 

Tan, S.  Robotic Telemetry  B.S. 

Thielker, M.  Automotive Telemetry  B.S. 

Thompson, K. Remote Monitoring of consumer power systems  B.S. 

Timmons, A. Wireless Body Area Networks B.S. 

Tonga, A.  Formula Car Telemetry  B.S. 

Tramel, N. Smart Grid Point Control B.S. 

Trapp, B. Mars Rover Communications B.S. 

Thompson, K. Remote Monitoring of consumer power systems  B.S. 

Timmons, A. Wireless Body Area Networks B.S. 

Tonga, A.  Formula Car Telemetry  B.S. 

Tramel, N. Smart Grid Point Control B.S. 

Trapp, B. Mars Rover Communications B.S. 

Underwood, J.  Soccer Playing Robot  B.S. 

Uniyal, N. GPS Equalization B.S. 

Unruh, C. Smart HVAC System B.S. 
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Telemetry Students 

Student Topic Level 

Vance. J. Medication Monitoring B.S. 

Walker, J.  Well Pump Telemetry  B.S. 

Walker, Z. Mars Rover Spectrometer B.S. 

Wall, A. Acoustic Signal Processing B.S. 

Walter, E. Solar Car Telemetry System B.S. 

Washington, C.  Soccer Playing Robot  B.S. 

Waters, L.  Emergency Vehicle Detection  B.S. 

Walker, Z. Mars Rover Spectrometer B.S. 

Wall, A. Acoustic Signal Processing B.S. 

Walter, E. Solar Car Telemetry System B.S. 

Washington, C.  Soccer Playing Robot  B.S. 

Waters, L.  Emergency Vehicle Detection  B.S. 

Williams, A. Dual Antenna Radio B.S. 

Williams, J.  Fiber Optic Telemetry / SHM  B.S. 

Wilson, A. Quadrotor Aircraft B.S. 



Slide 88 of 64, © 2015 Missouri S&T 

Telemetry Students 

Student Topic Level 

Winker, N.  Remote Diagnostic Systems  B.S. 

Wright, J. Autonomous Indoor Navigation B.S. 

Wu, R. Fiber Optic Telemetry / SHM  B.S. 

Xu, M. Solar Power Charging B.S. 

Zetterlind, V.  Telemetry for Propeller Testing  B.S. 

Zhang, W. Mars Battery Charging B.S. 

Ziegler, S. Robotic System Design B.S. 

Wu, R. Fiber Optic Telemetry / SHM  B.S. 

Xu, M. Solar Power Charging B.S. 

Zetterlind, V.  Telemetry for Propeller Testing  B.S. 

Zhang, W. Mars Battery Charging B.S. 

Ziegler, S. Robotic System Design B.S. 
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University of California, Santa Barbara 

May 2015 



Research Projects 

 

 Underwater acoustic sensing and navigation 

 Haze removal for medical endoscopy 

 Computation of time-domain impedance profile 

from S-parameters 

 Passive acoustic diagnostics 

 

 



Imaging Systems Laboratory 

Graduate students 

 

1. Vince Radzicki 

2. Sean Smith 

3. Melissa Johnson 

4. Koki Matsuura  

5. Stephanie Johnson 

 

Undergraduate students 

 

1. Shinya Shimada 

2. Caressa Breanna Arias 

3. Arlene Budiardjono 

4. Blake Heffner 

5. Alice M. Callaghan 

 



Recent activities 

 2015 IFT installment received 

 ECE 148 Lab projects 

 Book 8: Acoustical Sensing and Imaging (CRC Press) 

 Joint UCSB - Akela field experiments 

 Industrial collaborative summer program:   

                              (a) Special Technology Lab 

                              (b) Akela 

                              (d) FLIR 

 2015 ITC participation 

 



Imaging Systems Laboratory 

 US DoE (STL):               $ 1M 

 MSD gift funds:              $ 1M 

 NSF (Pending)                $ 500K 

 



Industrial Partners 

 DoE Special Technology Laboratory (STL)    

                  (Sensor networks) 

 Akela     (Radar imaging) 

 Arthrex  (Medical endoscopic imaging) 

 FLIR      (Infrared imaging) 

 



2014-15 senior project team members 

 Koki Matsuura  

 Shinya Shimada 

 Blake Heffner 

 Alice M. Callaghan 

 



Research Projects 

 

 Underwater acoustic sensing and navigation 

 Haze removal for medical endoscopy 

 Computation of time-domain impedance profile 

from S-parameters 

 Passive acoustic diagnostics 

 

 



Features 

 Noninvasive 

 Dynamic real-time assessment 

 Low-cost, light-weight, portable 

 Quantitative, all-digital 

 High accuracy 

 Synchronized audio-video-spectral analysis 

 



Acoustic detectors 



Acoustic patterns from different age groups 



Spectra 



STFT spectra 









UCSB Team (2014 ITC San Diego) 



ITC Participation 

2014 (San Diego) 

 4 papers 

 3 faculty members 

 4 graduate students 

 1 undergraduate  

 

2015 (Las Vegas) 

 5 papers 

 3 faculty members 

 2-3 graduate students 

 2-3 undergraduates 

 



ITC 2015 presentations  

 Efficient AOA Estimation Techniques for GPS Signal 

 Passive Acoustic Sensing  

 Detection And Imaging of Micro-periodic Motion  

 Estimation of AOA With Non-uniform Arrays 

 Computer Vision Systems 

 



IFT Endowment 

 2015 installment received :    $  50K 

 Total installment received:    $ 400K 

 Account balance:           $ 506,334.42 

 



Thank you 

Imaging Systems Laboratory 

UC Santa Barbara 



Michael W. Marcellin 
Regents’ Professor 

International Foundation for Telemetering Chaired Professor 
 

Department of Electrical and Computer Engineering 
The University of Arizona 

Tucson, AZ 85721 
 

marcellin@ece.arizona.edu 
www.ece.arizona.edu/~mwm 

+1-520-621-6190 

IFT Report – Spring 2015 
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2014-15 Activities 

  ITC 2014 Papers (2 undergrad, 1 graduate, 1 faculty) 

 Second Place, Undergraduate Student Paper Contest 

 Second Place, Graduate Student Paper Contest 

  ITC 2014 UofA Attendees 

 22 Undergraduate Students  

 1 Graduate Student  

 3 Faculty Members 

 4 Papers submitted to ITC 2015 

 ITC 2015 General Chair 
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Activities (cont.) 

 Member 
 Telemetering Standards Coordination Committee 

 Coding and data compression subcommittee 

 Advisor Autonomous Vehicle Club 

 Advisor Electronics Team Mini-Baja Club 

 



4 

  

ITC 2014 Graduate Student Papers 

 Direction of Arrival Estimation of Broadband Signal Using 

Single Antenna 

 Second Place Graduate Student Paper Award 

 Student: Xiaoju Yu 

 Advisor: Hao Xin 
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ITC 2014 Undergrad Student Papers 

 A Novel Method for 3D Printing High Conductivity Alloys for UHF 

Application 
 Students: Craig Bishop, Ian Armstrong and Rolando Navarrete 

 Faculty Advisors: Michael Marcellin and Hao Xin 

 Time Difference of Arrival for Small Mammal Tracking System 
 Second Place Undergraduate Student Paper Award 

 Students: Auni Kundu, Brianne Noriega, Connor O’Brien, Corey Speros and Dawei 

Ju 

 Faculty Advisors: Michael Marcellin and Kathleen Melde  
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ITC 2014 Faculty Papers 

 A Program to Display Big Data 

 Faculty: Elmer A. Grubbs, University of Arizona/ Northern Arizona 

University 
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ITC 2014 Attendees 
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ITC 2015 Submitted Papers 

 3D Printed Antennas for Wireless Communications 
 Students: Brent Johnson, Colin Madrid, Kevin Yiin, Xizhi Tan, Chengxi Li, and 

Hanwen Wang 

 Faculty Advisors: Michael Marcellin and Hao Xin 

 Adaptive Path-Loss Model-Based Small Mammal Tracking System 
 Students: Andrea Vilarasau, Asif Shahidullah, Michaelina Sorrel, Luke Zurmehly, 

Kayla Niu, and James Ringle 

 Faculty Advisors: Michael Marcellin and Kathleen Melde  

 Autonomous Mapping Using Unmanned Aerial Systems 
 Students: Travis Kibler, Jeremy Hibbs, Jess Odle, Rachel Powers, Thomas 

Schucker and Alex Warren 

 Faculty Advisor: Michael Marcellin  

 3D Printable Multilayer RF Integrated System 
 Students: X. Yu, M. Liang, C. Shemelya, R. Wicker, E. MacDonaldand 

 Faculty Advisors: Hao Xin  
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Thanks! 

 Thanks for your generous support 

 IFT funding is key to our program! 



NMSU Report to the IFT Board of 

Directors – April 2015 

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

Klipsch School of Electrical and Computer 
Engineering 

http://www.bbc.co.uk/northernireland/yourplaceandmine/images/helpabout/keyboard_250x145.jpg
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Topics 

• Topics 

– NMSU Update 

– Educational Programs 

– Research Programs 

– IFT Scholarship Winners 

– ITC 

– Carden Chair 

 



NMSU Update 

• Klipsch School Faculty: 
• Drs. Phillip Deleon, Deva Borah, Laura Boucheron, Charles Creusere 

continue on the faculty in the Signals and Systems area 

• Dr. David Mitchell has been hired to replace Joerg Kliewer and will 

start in August 2015 

• Specializes in Information Theory & Communications 



NMSU Update 
• We have on-going searches for one position in 

computer engineering 

• The Fall search was not successful 

• We have lost the positions of the 2 faculty 

that left last year to university-wide budget 

cuts (one in power and the 2nd on computer 

engineering) 
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NMSU Update 

• All NMSU leadership remains unchanged 

from the report made to the board back in 

October 2014 



Educational Programs 

 

• ECE undergraduate curriculum review: 

• In expectation that the university will force us to 

reduce the number of credit hours required to get 

an ECE degree from 132 to 120, we have 

undertaken an extensive review of our program 

• A plan has been formulated to meet this 

requirement and is currently being refined 

• The current draft of this plan will be appended to 

this presentation for your information 
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Educational Programs 

• This year’s student capstone projects: 
• Burrow Cam 

• Refractometer—Mobile device to measure sugar content in wine 

• Wireless Workout II 

• Demand Response—Demonstration of electric demand control via 

distributed computing & communication network 

• Synthetic Aperature Radar Parking Spot Detector 

• Mobile visible light communication 

• INCA Satellite—sensor to locate position of Sun to within 2 degrees 

• White Sands Test Facility Sniffer: Autonomous robot monitoring chemical 

leaks 

 



Educational Programs 

 

• Carden Chair Initiative: 

• Upgrade our DE classroom to improve class quality and 

increase usability for faculty 

• I have provided chair funding (~$10.5K) to purchase an 

84” touchscreen smartboard for our DE classroom 

• https://www.youtube.com/results?search_query=displa

ynote 

• ICT will cover installation & integration costs 

• ECE department will upgrade projector to HD for a better 

in-class experience 

 

https://www.youtube.com/results?search_query=displaynote
https://www.youtube.com/results?search_query=displaynote
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Research Programs: Creusere 
– 2 current externally-funded research projects (NSF, 

NGA) 

– Publications: 

– 1 Journal paper, to appear in July 2015 

– 2 2014 ITC papers 

– 1 PhD student successfully defended April 2015 

– 3 on-going PhD students 

– 1 MS student—to defend thesis “shortly” 
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Research Programs: Borah 

Two  papers are planned for submission to ITC 2015. The 

abstracts have already been submitted.  

One PhD and two MS (thesis) students are planned for 

graduation this year. 

Hardware test bed systems for studying optical 

communication systems under NSF funding have been 

developed. 

 One senior capstone project on optical communication is 

currently being offered during Fall 2014 and Spring 2015. 



2015 IFT Scholarship Winners 

• Application deadline: May 8, 2015 

11 



ITC 2015 

• NMSU will presented 4 papers  

• Dr. Phillip Deleon will attend ITC for the first time 

and present a paper 

• Dr. Creusere is serving as Technical Chair for ITC 

2015 

• Tech program is looking pretty good at the 

moment with 94 submitted abstracts and 90 

accepted: 20 Grad & 11 UG student papers 
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Carden Chair Review 

• My position as the Carden Chair is up for review 

this year. 

• The IFT will almost certainly be asked to provide a 

representative to the review committee at some 

point in the next 8 months 



IFT Report 
April 2015 

Michael Rice 
Brigham Young University 



BYU Students at ITC 2014 



T/M Research Projects 

• Funded by TRMC through 
S&T/T&E Spectrum Efficient 
Technologies 

• Four Universities 
– Brigham Young University (Lead) 
– University of Kansas: E. Perrins 
– Morgan State University: A. Cole-

Rhodes, F. Moazzami 
– University of Texas at Dallas: M. 

Saquib 

• Quasonix, LLC (pseudo-partner) 
• Nvidia: donated 2 GPUs. 

Preamble-Assisted Equalization for Aeronautical Telemetry 



BYU Students at ITC 2014 



BYU Students at ITC 2014 



Statistical Characterization of Multipath 

• Funded by TRMC through 
S&T/T&E Spectrum Efficient 
Technologies 

• Company/University 
Collaboration 
– Open Door Technologies 

(Lead) 
– BYU: M. Rice 
– University of Kansas: E. 

Perrins 



BYU Students at ITC 2014 



BYU Students at ITC 2014 

Edem Coffie Gagakuma 



Wildlife Telemetry 



BYU Students at ITC 2014 



Software Defined Radio 

Quasonix SOQPSK Transmitter 

Coax Cable 

USRP N210 SDR 



Software Defined Radio 

Ethernet Cable (1Ge) 

ZYBO Zynq™-7000 Development Board 



Software Defined Radio 

Custom Cable (TTL Clock and Data) 

Bit Error Rate Tester (BERT) 



BYU Students at ITC 2014 



Software Defined Radio 



Software Defined Radio 



Software Defined Radio 



BYU Program Overview 

• Graduate and Undergraduate Projects 

– S&T/T&E funding, IFT funding 

• RCC-TG 

– MDR an associate member (RF subcommittee) 

– IRIG-106 Appendix R: Space-Time Coding for 
Aeronautical Telemetry 

• ITC Conference Papers 

• ITC Staff 



IRIG 106 Appendix R Pink Sheet 



BYU Technology has been “Productized” 

ITC 2012 Exhibit Hall 









PAQ Papers at ITC 2015 

1. M. Rice, “Optimum Best Source Selection for 
Aeronautical Telemetry.” 

2. E. Gagakuma and M. Rice, “On the Performance 
of Equalizers in an Aeronautical Telemetry 
Environment.” 

3. E. Gagakuma (student paper), “Statistical 
Characterization of Multipath Propagation at 
Edwards AFB” 

4. C. Hogstrom, C. Nash, K. Thompson (student 
paper), “Software-Defined Radio for SOQPSK” 



Telemetry @ KU 
[Spring 2015, Rolla, MO] 

 

Erik Perrins 

Professor 
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Student Support 



 For the 2014–15 academic year, there are two IFT-
sponsored Senior Design Projects 

 “Ultrasonic Transmitter Compatible with Radar 
Applications and Navigation Systems” 

 Kai Gustafson, Amanda Hellberg, Brandon Ravenscroft, 
and Jonathon Owen 

 All four plan to attend ITC 2015 

 “Ultrasonic Reciever Compatible with Radar Applications 
and Navigation Systems” 

 Daniel Viselman, Brian Markus, and Chen Jia 

 Two will likely attend ITC 2015 

Senior Design Projects 



 These fellowships are used to recruit and retain talented 

graduate students 

 The IFT Fellows the 2014–15 academic year are: 

 Angela Wright 

 Chris Raider 

 Luyao Shang 

IFT Fellowships 



 Plans for ITC 2015: 

 Two undergraduate papers related to senior design 

projects 

 One industry-academia collaboration paper on C-band 

tx hardware 

 One paper on modulation index tracking for PCM/FM 

 6 students, 1 faculty, 1 staff 

ITC 2015 



 

Overview of Telemetry-Related 

Research Projects 



Projects 

Overview of Recent Projects 

 Sponsors: SET T&E, AFOSR, ONR, MDA. 

 Principals: 9 investigators, 4 universities, 2 companies 

 Research Outputs: 22 journal papers, 50+ conf. papers, 4 Best 
Paper Awards, 8 PhD students, 14 MS students, 1 PostDoc. 

“Equipment to Support Research for the Impending Spectrum Crisis” 

“Miniaturized, Power Efficient C-band Telemetry” 

“Dual S & C-Band Telemetry Transmitter System” 

“Modulation Agile Radio for Aeronautical Telemetry” 

“Preamble Assisted Equalization for Aeronautical Telemetry” 

“Burst-Mode Synchronization for CPM” 

“Aeronautical Network and Transport Protocols for iNET” 

“High-Rate High-Speed Forward Error Correction Architectures” 

“Enhanced Forward Error Correction Schemes for Aeronautical Telemetry” 



 At the August 2014 RCC meeting, 
we delivered a brief on our 2009–
2011 SET T&E project, “High-Rate 
High-Speed Forward Error 
Correction Architectures” 

 We have participated in drafting an 
addition to the IRIG-106 standard 
for LDPC-SOQPSK-TG 

 We continue to field questions 
regarding code specifications, 
randomizer performance, etc. 

 

IRIG-106 Standards 

Contributions 



 These are both STTR topics, they are sponsored by: 

 Missile Defense Agency (MDA) 

 Air Force Office of Scientific Research (AFOSR) 

 KU’s proposed effort includes: 

 Compact, high performance frequency synthesizers 
designed to accommodate simultaneous S-Band and C-
Band operation. 

 An accessory external RF output combiner / diplexer 
structure for use in conjunction with the dual band 
transmitter to allow both S-Band and C-Band outputs to 
share a single antenna cable, or to facilitate the use of a 
single dual band antenna 

 

 

Sponsored Research Projects: 

“Dual S & C-Band Telemetry Transmitter 

System” 

“Miniaturized, Power Efficient C-band 

Telemetry” 



 

Sponsored Research Projects: 

“Dual S & C-Band Telemetry Transmitter 

System” 

“Miniaturized, Power Efficient C-band 

Telemetry” 



 

Sponsored Research Projects: 

“Dual S & C-Band Telemetry Transmitter 

System” 

“Miniaturized, Power Efficient C-band 

Telemetry” 



 In preparation: 

 Targeted SET S&T BAA to be released shortly. 

 Four-year project, multi-investigator collaboration. 

 A fundamental shift in the way test ranges operate: 

 Status quo: large parabolic antennas, links of >100 km are 
common, little to no spectral re-use over the entire test range. 

 Proposed architecture: many smaller MIMO antennas distributed 
over the test range, cellular-type spectrum reuse. 

 Research challenges: SWaP constraints on transmitters, tracking 
multiple highly-dynamic vehicles [handoff prediction, Doppler 
shifts, narrowband/broadband effects, penalty for dropped links]. 

In Preparation: Distributed Massive 

MIMO for Aeronautical Telemetry 



 
Telemetering Standards Coordination Committee (TSCC) 

The Telemetering Standards Coordination Committee (TSCC) is chartered to serve as a 
focal point within the telemetering community for the review of standards documents 
affecting telemetry proposed for adoption by any of the various standards bodies 
throughout the world. It is chartered to receive, coordinate, and disseminate information 
and to review and coordinate standards, methods, and procedures to users, 
manufacturers, and supporting agencies. 
The tasks of the TSCC include the determination of which standards are in existence 
and published, the review of the technical adequacy of planned and existing standards, 
the consideration of the need for new standards and revisions, and the coordination of 
the derivation of new standards. In all of these tasks, the TSCC's role is to assist the 
agencies whose function it is to create, issue, and maintain the standards, and to assure 
that a representative viewpoint of the telemetering community is involved in the 
standards process. 
The membership of the TSCC is limited to 16 full members, each of which has an 
alternate. Membership of technical subcommittees of the TSCC is open to any person in 
the industry who is knowledgeable and willing to contribute to the committee's work. The 
16 full members are drawn from government activities, user organizations, and 
equipment vendors in approximately equal numbers. To further ensure a representative 
viewpoint, all official recommendations of the TSCC must be approved by 10 of the 16 
members. 
Since its beginning, a prime activity of the TSCC has been the review of standards 
promulgated by the DoD Range Commanders' Council (RCC)--formerly those of the 
Inter-Range Instrumentation Group (IRIG) and later, those of the Telemetry Group (TG). 
These standards, used within the Department of Defense, have been the major forces 
influencing the development of telemetry hardware and technology during the past 30 
years. In this association, the TSCC has made a significant contribution to RCC 
documents in the fields of Radio Frequency (RF) telemetry, Time Division (TD) 
telemetry, Frequency Modulation (FM) telemetry, tape recording and standard test 
procedures. 
As the use of telemetering has become more widespread, the TSCC has assisted 
international standards organizations, predominately the Consultative Committee for 
Space Data Systems (CCSDS). In this relationship, the TSCC has reviewed standards 
for telemetry channel coding, packet telemetry, and telecommand. 
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To:  Directors of the International Foundation for Telemetering 
Date: Sept 2 2015 
Subject: 2014-2015 Annual report 
 
 
The Telemetering Standards Coordination Committee (TSCC) is chartered to serve as 
a focal point within the telemetering community for the review of standards 
documents affecting telemetry proposed for adoption by any of the various standards 
bodies throughout the world.  With a diverse membership, representing government, 
aerospace industry, academia and manufacturers, the TSCC offers a forum for 
discussion of issues for the telemetry community. 
 
The TSCC held two general meetings during this reporting period. The first was held 
in October 2014 in conjunction with the 2014 International Telemetering Conference 
(ITC) in San Diego, California.  The second meeting was held in Ridgecrest, 
California in conjunction with the RCC meeting at White Sands in March 2105. The 
next TSCC meeting will be at the 2015 ITC Show in Las Vegas, Nevada followed by 
a spring meeting in 2106. The time and location of this Spring meeting is yet to be 
determined, but it is likely to again be colocated with the Spring RCC meeting.    
 
We currently have a total of 13 full members out of a chartered target of 16 members.  
We have 8 members from industry/manufacturers, 3 members from government 
agencies, and 2 from the academic organizations.  We are actively looking for new 
members and have several candidates under consideration.  These 3 new members 
must all come from government agencies in order to fulfill the charter of the 
committee. We have a vacancy for vice-chairman. The vacancy for chairman of the 
Coding and Data Compression sub-committee was filled during the summer.  
 
The website (at www.tscc.org) has recently been re-organized and is now structured 
as a “wiki” which makes editng and managing content easier for those without web 
expertise. We are considering creating a role of “web content editor” within the TSCC 
to better manage and maintain the website.  
 
The TSCC presented the eight annual “Best Paper for Telemetry Standards” award at 
ITC 2014 in San Diego, California.   The winning paper was: “History and Evolution 
of Metadata Standards for the FTI Community” by Alan Cooke:  Curtiss-Wright 
Corporation. Selection of a winner for the ITC 2105 has just taken place and the 
winning paper will be announced at the ITC conference.  
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The TSCC members & committees reviewed (and commented where necessary) on 
the following standards/Pink Sheets:  

 Draft document review of IRIG 106-15.  Pink sheets and final review.  Much 
of the activity right now is on the TG Datamultiplex, and chapters 6/9/10 and 
the new Chapter 7.  

 Draft document review of IRIG 106-15 Chapter 10.  Pink sheets review 
completed and final version submitted for release.   

 STANAG 4575, AEDP-6 Ratification 
 IEEE1588v3 standard under development 
 Review of an Air Force RFI for a TRD for a spectrum efficient airborne 

transmitter 
 The TSCC has been asked to consider facilitiating the hosting and support of a 

Chapter 10 Validator tool. This is under review.  
 The TSCC is staying very close to the evolving iNET standards, and we 

expect to see an uptick in activity later in 2015 as the latest drafts come to 
public release. Thomas Grace, of the iNET group, gave an update on progress 
at the TSCC Spring meeting.  

 We continue our close relationship with the European Telemetry Standards 
Committee (ETSC)  

 
The TSCC is continues to host two large efforts on our website, the iNET MDL users 

group (which has been very active in the last few months) and RCC Recorder 

reproducer committee.  We continue to provide industry input to the iNET MDL and 

chapter  10 standards via our working groups. Our input continues to be included in 

the standards. 

We greatly appreciate the support of the IFT for our efforts and I would be happy to 

answer any questions you may have.  

Respectfully submitted, 
Diarmuid Corry 
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 radio-
communications conferences is lacking. 
 
Currently, the impacts of potential spectrum losses to the telemetering 
community are not adequately considered, consolidated or represented. This 
needs to change. Therefore an international group has been established to help 
consolidate impact statements and to advocate the protection of spectrum that is 
critical to continuing telemetry application. 
 
The initial steps taken to establish the International Consortium on Telemetry 
Spectrum (ICTS) were presented at a special workshop of the European Test 
and Telemetry Conference (ETTC) in Paris on 10 June 1999 and this was 
followed by a special workshop of the European Telemetry Conference held 30th 
May 2000 at Garmisch- Partenkirchen in Germany. The Charter and Bylaws 
were formally accepted and approved by the International Foundation for 
Telemetering Oct 25, 2001. The IFT at that time became the ICTS sponsoring 
organization. 
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ICTS Meetings & Sessions 
 

The ICTS held Business Meetings and General Sessions in October 2014 (San Diego, USA) 

and in June 2015 (Toulouse, France).  In San Diego, as part of the 2014 International 

Telemetering Conference (ITC 2014), ICTS Vice-Chairman Mr. Mikel Ryan (due to lack of 

travel funds ICTS Chairman Mr. Ghnassia could not attend) prepared and conducted the ICTS 

General Session (31 participants). After his welcome and introduction the “Regional Reports 

of International Telecommunication Union (ITU)-Region I-Europe/Africa (Mr. W. Lange of 

Germany), ITU-Region II/The Americas (Mr. M. Ryan and Mr. S. Penna) and ITU-Region III-

Asia/Pacific  (Mr. D. Ernst)” were presented, followed by briefings on the “C-Band 

Telemetry Usage in Europe and Threats Update” (prepared by Dr. G. Mayer, presented by 

Mr. G. Mueller of Germany), “Clutter Models & Their Applicability to Sharing Studies 

Between AMT & Broadband Wireless Systems” (Dr. D. Jablonski of the USA), 

“Encroachment Threats to Aeronautical Telemetry in the USA: Update #9” (Mr. S. Hoschar), 

“Report on Domestic and International Issues for AMT” (Mr. K. Keane), and “Status on C-

Band Telemetry Usage by Airbus After 10 Months in Operation” (Mr. G. Freaud of France).  

 

Due to continuing USA Government budget cuts none of the USA’s ICTS Members (see 

ICTS Membership List below) were able to participate on-site at the June 2015 Toulouse 

Sessions.  Still, the session was a success, with a distinguished list series of presentations 

(some prepared by USA ICTS Members) and a large, involved audience (30 participants). 

ICTS Chairman Mr. J.-C. Ghnassia prepared and conducted the ICTS General Session as part 

of the European Telemetry & Test Conference (ETTC 2015). After his welcome and 

introduction the ITU Regional Reports of “ITU Region I-Europe/Africa” (Dr. G. Mayer) and 

“ITU Region II-The Americas” (prepared by Mr. M. Ryan, presented by Mr. Ghnassia) were 

delivered, followed by briefings on the “World Radiocommunication Conference 2015 – 

Agenda Items Relative to Telemetry” (Dr. G. Mayer), “AIRBUS Telemetry C-Band Transmit 

Test” (Mr. L. Falga of Airbus/France), “Eurocopter’s Conversion to C-Band” (Mr. Ch. 

Herpepin of Airbus Eurocopter/France), and “Threats to Aeronautical Telemetry in the USA: 

Update #1” (prepared by Mr. S. Hoschar & Mr. M. Ryan, presented by Dr. G. Mayer). 
During the week’s ICTS Business Meeting Members agreed on the importance of everyone 

attending the ITC 2015, participating in ICTS meetings and sessions, and defining a program 

of European meetings attendance. Note that at the upcoming ITC 2015 in Las Vegas USA, 

ICTS Officer elections will be conducted during the Business Meeting. 

 

ICTS Membership 
 

• Chairman – Mr. Jean-Claude Ghnassia (France), Head of Instrumentation for Airbus 

(retired) 

• Vice Chairman/Region II Coordinator – Mr. Mikel Ryan (USA/Patuxent River MD) 

of Pacific Architects and Engineers Incorporated  

• Secretary (Acting) – As Mr. Holtmeyer retired in September 2014 Mr. Chalfant has 

volunteered to shoulder this responsibility until the ICTS Officer elections in October 

2015 

• Region I Coordinator – Dr. Gerhard Mayer (Germany) of the University of Salzburg   

• Region III Coordinator – Position Vacant, Mr. Darrell Ernst (USA/Leesburg VA) of 

ErnsTek acting 

• Mr. Steve Lyons (United Kingdom), QinetiQ Group 

• Mr. Luiz Fernando de Souza (Brazil) of Embraer Sociedade Anônima 

• Mr. Sergio Penna (Brazil) of Embraer Sociedade Anônima 

http://en.wikipedia.org/wiki/S.A._(corporation)
http://en.wikipedia.org/wiki/S.A._(corporation)
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• Mr. Ken Keane (USA/Washington DC) of Duane-Morris LLP 

• Mr. Eric Prescott, Engineering Manager for Flight Test Instrumentation at BAE 

Systems Inc. (retired), currently a Telemetry Consultant for Nprime 

• Mr. Ray Faulstich (USA/Patuxent River MD) of Pacific Architects and Engineers 

Incorporated 

• Mr. Scott Hoschar (USA/Patuxent River MD) of the Naval Air Warfare Center 

Aircraft Division NAS Patuxent River   

• Mr. Tim Chalfant (USA/Lancaster CA) of the Air Force Test Center Edwards Air 

Force Base  
 

We have excellent membership numbers from ITU Regions I and II, and made significant 

inroads to Region II (see “Other Notable ICTS Activities” below). ICTS Members are getting 

the message out to the international community through the IFT, the International Test and 

Evaluation Association, and the Society of Flight Test Engineers.  Besides the before-

mentioned biannual Sessions, ICTS Members regularly offer papers at related Working 

Groups, technical conferences, trade journals and newsletters that bring the ICTS and its 

mission forward. 

 

The Potential for AMT in the Ku-, K- & Ka-Bands 
 

A possible tasking for the ICTS involves investigating the feasibility of augmenting our 

current international Aeronautical Mobile Telemetry (AMT) bands. We have no current 

spectrum allocations for AMT in the Ku-,K-and Ka-Band range (12-40 GHz), but we should 

actively, expeditiously determine whether we may need frequency spectrum in that range in 

the future, year 2020 and beyond. 

 

Dr. Michael Rice's (USA, Brigham Young University) notable “Aeronautical Telemetry 

Above 15 GHz: A Feasibility Study” of December 2014 demonstrates that the market-

available components and systems for the Ku-, K- and Ka-Bands are capable of 

accommodating some of our AMT needs. The biggest challenge to our community is the 

propagation issue, but methods to compensate for any loss of the link margin were identified 

in Dr. Rice’s study. Also, the considerable regulatory challenge in securing an allocation in 

these bands is addressed by Dr. Rice: “All of spectrum in these bands has been assigned by 

the USA’s Federal Communication Commission (FCC) and the National Telecommunications 

and Information Administration (NTIA), and the incumbents would try to enthusiastically 

protect their assignments.” 

 

In case of a need for additional AMT bands (to augment the currently allocated L-, S- and C-

Band portions), the K- and Ka-Bands were already identified as promising candidates in 

2008. A pilot project to demonstrate the capabilities of Ka-Band telemetry transmission was 

proposed in Europe and is under further study. The Test Range in Manching Germany is a 

candidate for the first flight tests. 

 

The International Mobile Telecommunications (IMT) 5th generation mobile/wireless 

networks (5G) lobby intends to study their possible use of bands in the range 6-100 GHz, with 

related Agenda Items (A.I.) proposed for the 2019 World Radiocommunication Conference 

(WRC-19). In particular, the METIS 2020 Research Project is being partially funded by the 

European Commission with an eye toward enabling its vision of the 5G future. Nearly one 

year after its November 2012 creation, METIS has laid out wireless scenarios that it hopes to 
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address and specified the capabilities it expects of 5G networks. Note that portions of K-and 

Ka-Band are conspicuously targeted so the Telemetry Community needs to quickly decide if 

this is an applicable, profitable assignment for the ICTS. If so, we need to first decide: 

 

-Is there a need for additional spectrum for AMT, time horizon 2020 and beyond, or 

not? 

-If so, what kind of test missions needing point-to-point or networked telemetry, could 

live with the physical limits of the K- and Ka-Bands? 

 

If the answers are satisfactory we should seek possible parts of those bands where a co-

primary base allocation for AMT is possible, preferably in all three ITU Regions. A cursory 

examination of the ITU Radio Regulations (Edition 2012, Article 5) reveals that bands from 

25-29.5 GHz and 31-31.3 GHz are listed for allocation to the Mobile Service (MS), on a non-

interference base to other incumbent services. 

 

Given the time constraints in terms of developing proposals for agenda items for WRC-19, 

and the fact that the U.S. itself has not yet implemented all of the AMT spectrum allocated at 

WRC-07, among other factors, any proposal for additional AMT spectrum would be subject 

to close scrutiny by U.S. spectrum regulators and, unless advocated by other administrations, 

is not likely to be on the agenda for WRC-19. 

 

AMT Activities in the United Kingdom 

 

L-Band: Like Italy, the UK utilizes the 1427-1452 MHz band for ATM. Qualcomm Inc. has 

been the licence holder for the 1452-1492 MHz band in the UK for a number of years.  

Following the November 2013 CEPT ECC Decision (13)03 that harmonized the 1452-1492 

MHz band on a European-wide basis, Qualcomm sought (OFCOM’s “Variation of the Spectrum 

Access Licence for 1452-1492 MHz and changes for fixed link use in the paired bands 1350-

1375 MHz and 1492-1517 MHz” of 30 September 2014) and were subsequently granted a 

variation of their existing 1452-1492 MHz licence.  That variation enables the spectrum’s use 

for mobile or fixed communication Network Supplemental Downlink (SDL) in the UK.  

 

This OFCOM paper only gave significant consideration to the impact that the 1452-1492 

MHz licence variation had on users in the adjacent upper part of the L-Band (i.e. 1492-1517 

MHz) and not the adjacent lower part of the band used for ATM (i.e. 1427-1452 MHz). One 

issue that we have in the UK is that OFCOM are the regulators of all UK spectrum, yet they 

pass responsibility for specific parts of the band, including ATM bands, to the Ministry of 

Defence. 

 

SDL is a new mobile broadband technology which, using a mobile base station transmitter 

network, provides additional bandwidth to deliver improved capacity for consumer mobile 

broadband services. It can help send data at faster speeds to consumer devices such as 

smartphones, tablets and laptops. Paragraph 1.4 of the OFCOM paper states that the variation 

could result in high powered signals in the 1452-1492 MHz band. It also states (Table 1.1) 

that the maximum allowed mean out-of-band EIRP emissions below 1429 MHz (i.e. that used 

for ATM) is -20 dBm/MHz. Should the out-of-band emissions include spuria to that level it 

could have a significant negative impact on ATM performance in the 1427-1452 MHz band. 

It could be one to two years before SDL operation in this band becomes active. 
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S-Band: The UK is progressing with its release to industry of spectrum between 2350-2390 

MHz (OFCOM’s “Inclusion of the 1452-1492 MHz, 2350-2390 MHz and 3410-3600 MHz 

bands in the Mobile Trading Regulations” of 8 April 2015) and the upper part of S-Band will 

not be available for ATM from year 2015. Activities are ongoing to move UK AMT 

operations into bands allocated and will remain allocated to AMT in Europe, primarily the 

1427-1452 and 5091-5150 MHz bands. 
 

Band/Block Edge Filters: One problem noted in the UK involves the continuing loss of 

spectrum coupled with the remaining bands available for ATM being narrow and adjacent to 

some high power transmission. This can result in the need for some sharp and powerful band 

pass filters in the receiving antenna and the need to change their characteristics more than 

once at relatively short notice. 

 

European Conference of Postal and Telecommunications (CEPT) Activities 
 

ICTS European Chapter has been closely monitoring the work of the CEPT Study Groups and 

the "Radio Spectrum Policy Group," which assists the European Commission in the 

development of Radio Spectrum. With the WRC-15 in Geneva Switzerland imminent (2 to 27 

November) the work of these Groups is crucial for AMT. Mr. Ghnassia and Dr. Mayer 

attended three of these CEPT meetings: 

 

CEPT PG PTD: This meeting supported further studies of 1427-1518 MHz as per WRC-15 

A.I. 1.1: “to consider additional spectrum allocations to the mobile service on a primary 

basis and identification of additional frequency bands for IMT and related regulatory 

provisions, to facilitate the development of terrestrial mobile broadband applications, in 

accordance with Resolution 233 [COM6/8] (WRC 12).” But a European Common Position 

(ECP) will come out with 1452-1492 MHz as a common accepted candidate band for IMT 

only. A questionnaire to CEPT administrations on the future use of that band detailed 

feedback from 16 countries willing to implement IMT in that band. 

 

WP FM 52: The Licensed Shared Access (LSA) initiative was continuing its activity to 

“enter” the 2300-2400 MHz range on a secondary basis. WP FM 52 concluded its work and 

the relevant draft Final Report nr. 56 on “technological and regulatory options for sharing 

between WBB and the relevant incumbent services/applications in the 2.3 GHz band” was 

accepted as CEPT report (6 March 2015). A LSA experiment has already been demonstrated 

to the public during the Mobile World Congress in Barcelona (March 2015).  

 

Members of the “DigitalEurope” lobby organisation now propose that further work should be 

performed in the ITU-Working Parties WP1B to “develop the regulatory frame conditions for 

LSA implementation,” and in WP 5A “to study the necessary mitigation techniques.” Having 

brought LSA issues to an ITU-level they might expect to expand the LSA concept from the 

regional (European) to a global level. 

 

Threats to AMT from WRC-15 Agenda Items: The European Perspective 

 

The ICTS European Chapter has carefully studied and assessed the WRC-12 Final Acts and 

the new A.I.s for the upcoming WRC-15 and WRC-19.  They agree with the Region II ICTS 

Membership that the primary future threats for AMT are still:  
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L-Band: WRC-15 A.I. 1.1: The preliminary CEPT position supported the bands 1427-1452, 

1452-1492 & 1492-1518 MHz as future candidates for mobile broadband. But AMT remains 

protected by Footnote R.R. 5.342 in those European countries that still use L-Band for flight 

tests (1425-1535 MHz in the Eastern European hemisphere, e.g. the Russian Federation, 

Ukraine et al., 1427-1452 MHz by the United Kingdom and 1435-1445 MHz for 

Switzerland), as a primary service. The support from CEPT members for 1427-1452 and 

1492-1518 MHz as candidate bands is not strong enough for an ECP. 

 

S-Band: Not all European countries make use of the recommended AMT band 2300-2400 

MHz (co-primary status) so use of S-Band for AMT in Europe is still not harmonized. Some 

continue to use part of the 2200-2290 MHz band, primarily for space telemetry. To protect 

that service CEPT does not support mobile broadband allocations within the 2025-2110 and 

2200-2290 MHz bands. As per WRC-12 Resolution 223 the 2300-2400 MHz band was 

already identified as a candidate for IMT, but is not getting full ECP support from all member 

countries (e.g., “no-go” from Germany to protect the primary services in that band). 

 

C-Band: To accommodate WRC-15 A.I. 1.1, the 4400-4950 MHz band is a proposed 

candidate band for mobile broadband service, but this initiative will not be supported by the 

CEPT. Generally, within Europe that band is used in some special cases by NATO for AMT 

only. Regarding WRC-15 A.I.1.7 (“to review the use of the band 5091-5150 MHz by the 

fixed-satellite service (Earth-to-space) (limited to feeder links of the non-geostationary 

mobile-satellite systems in the mobile-satellite service) in accordance with Resolution 114.”), 

CEPT supports removing the time limitation to the primary allocation involving the fixed 

satellite service (earth-to-space) in the 5091-5150 MHz band. This would be limited to feeder 

links of non-geostationary satellites within the mobile satellite service. Resolution 114 (Rev. 

WRC-12) “shall continue to apply to this allocation with the necessary consequential 

amendments.” 

 

CEPT also supports revising Resolution 748 (Rev. WRC-12) and Recommendation ITU-R 

M1827 in order to provide improved flexibility for the Aeronautical Mobile (Route) Service. 

The German administration proposes a note be included declaring AMT and Aeromacs as part 

of the AMS and have to be protected. A complete review of the band is expected to be 

conducted until WRC-19. Therefore, AMT spectrum stewardship efforts by ICTS will be 

essential to observe and interpret these developments. 

 

Licensed Assisted Access (LAA)/Long Term Evolution (LTE): There is a brand-new 

initiative by the broadband lobby to make profit from an existing allocation presently limited 

to indoor WLAN involving the 5150-5250 MHz band. Primary LTE cells operating in other 

bands would synchronize LTE secondary cells that operate in that part of C-band, and we can 

assume they will try to go for outdoor LTE cells. (The power limit for indoor WLAN is +23 

dBm.) As 5150-5250 MHz is allocated to AMT telemetry in Regions I and II (only Brazil so 

far) we have to monitor the LAA/LTE studies and their impact so we can protect AMT 

operations. 
 

 

Threats to AMT from WRC-15 Agenda Items: The USA Perspective 

 

The primary future threat for AMT is the new Agenda Item 1.1 “to seek additional spectrum 

for IMT.” AMT spectrum will be under significant pressure at the WRC-15 for candidate 

frequency band(s) identification/reallocation to accommodate mobile broadband needs (aka 
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IMT).  Among the bands at risk, the L-Band (1435-1525 MHz) is particularly exposed.  

Numerous administrations in ITU Regions I & III (Europe/Africa and Asia/Pacific) have done 

studies supporting such additional allocations.  Except for Russia and other nations aligned 

with Russia, few, if any, ITU Region I & III administrations use the band for telemetry. 

 

As a result of decisions made at the time of the last WRC in 2012, a Joint Task Group 

(JTG) was established comprised of experts from the satellite, broadcast, mobile, radar, 

aviation, and space communities, among others. The JTG was charged with developing a 

report for delegates to WRC-15 on methods to solve the mobile broadband agenda item 

(the so-called Conference Preparatory Meeting Report). The JTG met a number of times, 

and the meetings were typically attended by several hundred delegates from numerous 

administrations. Given the stakes involved for important existing uses of IMT candidate 

bands, the JTG meetings were often contentious.  Nevertheless, a draft Report was 

prepared and subsequently approved by Study Group 5: Report ITU-R M.2324-0 (of 

11/2014), “Sharing studies between potential International Mobile Telecommunication 

systems and aeronautical mobile telemetry systems in the frequency band 1 429-1 535 

MHz.” 

 

The USA has not opposed an allocation or identification for IMT in the band 1435-1525 MHz 

in Regions I & III.  Rather, the USA seeks to maintain the protections and priority for AMT in 

this band in Region II (the Americas). As a result the USA submitted a study to the ITU-R 

demonstrating the risk of interference from IMT operations to flight test telemetry in Region 

II.  Also, the USA has developed and secured ITU Radiocommunication Sector (ITU-R) 

approval of a new publication on the business of flight testing, Report ITU-R M. 2286, 

“Operational Characteristics of Aeronautical Mobile Telemetry.” 

 

Meanwhile, the USA has submitted a proposal seeking a Comisión Interamericana de 

Telecomunicaciones  (CITEL) position in favor of the ITU priority for AMT in Region II. 

The USA has also affirmed its plans for continued use of the L-Band for AMT. However, 

other CITEL administrations indicated a preliminary preference for mobile broadband in 

some part of the L-Band. This list includes, for example, Mexico, Colombia and Brazil. 

 

Brazil has been operating AMT in 1452-1472 MHz, but Anatel (the Brazilian Telecommuni-

cation Agency) identified the range of 1350-1525 MHz as a suitable band to implement IMT 

in accordance with the WRC-15 A.I. The Brazilian IMT team (GSMA and Qualcomm) 

persuaded Anatel to conduct sharing studies between IMT and AMT in adjacent bands. 

 

Anatel presented these sharing studies at the above referenced Joint Task Group and the 

November 2013 CITEL, Mr. de Souza participating. They determined the Brazilian 20 MHz-

wide AMT band shall remain inside the range 1435-1525 MHz, but chances are that it will be 

moved from 1452-1472 MHz to another band in order to accommodate IMT’s supplementary 

down link. It is the opinion of the Brazilian ICTS Chapter that their administration is most 

likely to get part of the 1350-1525 MHz band for IMT, but not the total band Brazil had 

proposed at the CITEL meeting. 

 

At the February 2015 CITEL meeting in Medellin Colombia, a compromise was reached 

under which the USA and 14 other administrations agreed to identify the band 1427-1518 

MHz for IMT in ITU Region II provided no change was made to the ITU-R regulation 

prescribing priority for AMT over other uses of the mobile service in Region II (RR 5, 343) -- 

with the further understanding that the USA has no intention of implementing IMT 
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domestically in this band. This arrangement is subject to further review at the final CITEL 

meeting before the WRC in late August in Ottawa Canada. 

 

The ITU and CITEL work has been carried out principally by Mr. Keane, Dr. Dan Jablonski 

(John Hopkins University Applied Physics Laboratory, USA) and Mr. de Souza with support 

from Mr. D. Ernst and Mr. S. Penna. Mr. Keane and Dr. Jablonski support the USA aerospace 

industry association for spectrum management (the Aerospace and Flight Test Radio 

Coordinating Council), and the USA’s DoD Test Resource Management Center. 

 

Mr. Keane and Mr. Ernst have been active in ICTS affairs, and have found their work in and 

with the ICTS invaluable in terms of developing and maintaining contacts with numerous 

telemetry professionals in other nations and regions. Those influential contacts can be 

especially useful in international fora. 

 

Likewise, Mr. Ghnassia and Dr. Mayer have vigorously and successfully pursued AMT 

interests in Europe, which is the source of much of the impetus for additional broadband 

spectrum. As detailed above, their reports involving the development of positions within and 

among European administrations have also been valuable in these international venues. 

 

Threats to AMT from WRC-15 Agenda Items: The Brazilian Perspective 

 
A CITEL Meeting (XXIV Meeting of Permanent Consultative Committee II: Radiocommuni-

cations) took place from 29 September to 3 October 2014 in Merida City, State of Yucatan, 

Mexico. At this Meeting, Mexico and Colombia offered specific regulatory text; i.e., a new 

footnote identifying 1427-1518 MHz for IMT as per WRC-15 A.I. 1.1. 

 

As the meeting progressed, other administrations such as Brazil, Uruguay, Costa Rica, Peru, 

Guatemala, and the Dominican Republic indicated support for Colombia and Mexico. This 

would be enough for an Inter-American Proposal (“IAP”). Brazil has also proposed 

identification of the band 1350-1400 MHz for IMT. Lastly, Canada proposed to identify 

1427-1492 MHz for IMT and to exclude itself from Footnote RR 5.343, which gives AMT 

priority over other uses of the mobile service involving the L-Band (1435-1535 MHz) in ITU 

Region II. As a result there could be changes to RR 5.343. A decision on this may be taken at 

the next CITEL Meeting (XXVI Meeting of PPC.II) at Ottawa, Canada in August 2015. 

 

Brazil has been operating AMT in the 1452-1472 MHz L-Band since 2005. However, Anatel 

identified the 1350-1525 MHz band as suitable to implement IMT in accordance with WRC-

2015 A.I. 1.1. The 20 MHz-wide Brazilian AMT band shall remain inside the 1435-1525 

MHz range, but chances are that it will be shifted from 1452-1472 MHz in order to 

accommodate the supplementary downlink of the IMT. 

 

Brazil’s 5091-5150 MHz C-Band is closer to France’s C-Band than the USA’s C-Band. Some 

AMT C-Band flight testing has begun, but Brazil is still developing the ground segment. At 

the last CITEL meeting, Brazil and three other countries voted to remove the limitation 

imposed to satellite feeder-links in C-Band use to 2018 without any harm to AMT. 

 

Lastly, AMT is temporarily allocated in the 2230-2260 and 2330-2360 S-Band. These are 

now the most heavily-used AMT bands in Brazil. 

 

Other Notable ICTS Activities 
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ICTS Chairman Mr. Jean-Claude Ghnassia participated in the 1st International Civil Aircraft 

Flight Test Symposium of China at Zhuhai in November 2014. This symposium was 

sponsored by the Commercial Aircraft Corporation of China, Ltd. (COMAC) and jointly 

hosted by Chinese Society of Aeronautics and Astronautics (CSAA). Mr. Ghnassia gave an 

“ICTS and AMT C-Bands” presentation, served as ICTS representative in the Zodiac 

Aerospace booth during the Zuhai International Air Show, and made numerous valuable 

contacts with prominent Chinese flight test actors while explaining the AMT situation in ITU 

Region III (Asia/Pacific) and the need for an internationally harmonized band for testing 

Chinese aircraft. 

 

Several ICTS Members (Mr. Keane, Mr. Chalfant, Dr. Jablonski, Mr. Hoschar and Mr. Ryan) 

are participating in the DoD’s 1755-1780 MHz Band Advanced Wireless Service-3 (AWS-3) 

Portal Working Group. A DoD Portal is being set up to coordinate/facilitate/accommodate 

industry requests to deploy their LTE systems inside designated exclusion zones (like those 

hosting AMT operations) prior to the completion of our transition/migration of the recently 

reallocated 1755-1780 MHz band. AMT operations would be protected from these 

commercial systems by maintaining our official AMT interference thresholds with the 

commercial systems.  

 

However, in late July 2015, without consulting any AMT experts, the EEPAC Team decided 

to discard both the jointly-coordinated Commerce Spectrum Management Advisory 

Committee recommendations and highly respected international AMT standard ITU-R 

M.1459 in favour of much weaker interference thresholds. The ICTS Members immediately 

protested and presented their strong case in the form of a White Paper authored by Dr. 

Jablonski: “Interference from LTE User Equipment to Aeronautical Mobile Telemetry 

Ground Stations: A comparison of generic I/N protection criteria with the power flux density 

protection criteria of ITU-R Recommendation M.1459.” of 5 August 2015. Dr. Jablonski is 

working with the EEPAC Team to implement ITU-R M.1459 by modifying the back end of 

the threshold computations.   

 

Conclusions 
 

The ICTS must continue to be the “eyes and ears” for the IFT and AMT community with 

regards to international spectrum threats and issues. The significant impact and success of our 

work should be evident from this and past ICTS annual reports and the ICTS general sessions 

of the ETTC and ITC. However, our work is handicapped by a lack of travel funding. The “I” 

in ICTS, IFT & ITU stands for “International” so the Conferences, the negotiations, and the 

voting that will decide the fate of our AMT bands are conducted in necessarily widespread 

locales. 

 

The importance of having on-call, immediately accessible AMT experts to amplify and clarify 

complex telemetry spectrum issues for Delegates has been confirmed numerous times. It 

would be advantageous to the AMT Community to attend the relevant Study Group meetings 

where the critical agenda points with potential to threaten AMT spectrum are under 

discussion. We urgently advise that the IFT support ICTS delegates (Mr. Ghnassia & Dr. 

Mayer in particular) so they can participate in the relevant Study Groups of the ITU Working 

Parties (WP) 4 & 5 for the preparation of the WRC-19. After all, WRC-07 & WRC-12 

conclusively demonstrated that delegates to ITU study groups can be made sensitive to our 

encroachment concerns by ICTS Members. 



 

Lawrence Rauch Award for Best Telemetry Standards Paper 

 

2006 Michael T. Lockard and James A. Garling, EMC Corporation, Solutions Engineering 

Group, Irvine, CA, “Chapter 10 Recording Standard Update” 

 

 

2007 Brian Eslinger and Bob Kovach, TYBRIN Corporation, “Range Commander’s Council 

(RCC) Telecommunications and Timing Group (TTG) Update on TM over IP Standard 

Development” 

 

 

2008 Todd Newton, Evan Grim, and Myron Moodie,  Southwest Research Institute 

Automation and Data Systems Division, San Antonio, TX USA, “Considerations for 

Deploying IEEE 1588 V2 in Network-Centric Data Acquisition and Telemetry Systems” 

 

 

2009 Thomas B. Grace, Naval Air Systems Command (NAVAIR) Patuxent River, Maryland; 

Joshua D. Kenney, Myron L. Moodie, and Ben A. Abbott, Southwest Research Institute, 

San Antonio, Texas, “Key Components of the INET Test Article Standard” 

 

 

2010 John Hamilton, Timothy Darr, and Ronald Fernandes,  Knowledge Based Systems, Inc.; 

Joe Sulewski, L3 Communications - Telemetry East; and Charles Jones, Edwards AFB, 

“IHAL and Web Service Interfaces to Vendor Configuration Engines” 

 

 

2011 Tim Darr, John Hamilton, and Ronald Fernandes, Knowledge Based Systems, Inc., 

College Station, TX; and Charles Jones, Air Force Flight Test Center, Edwards AFB, CA, 

“Design Considerations for XML-Based T&E Standards” 

 

 

2012 Charles H. Jones, Edwards Air Force Base,  

“IRIG 106 Chapter Versus INET Packetization: Data Storage and Retrieval” 

 

 

2013 Johnny Pappas, Zodiac Data Systems; Balázs Bagó, Zodiac Data Systems GmbH;  

Nikki Cranley and Gabriel Poisson, Zodiac Data Systems SAS,  

“PCM Telemetry Downlink for IRIG 106 Chapter 10 Data” 

 

 

2014 Mr. Alan Cooke, Curtiss-Wright, Dublin, Ireland,  

“History and Evolution of Metadata Standards for the FTI Community” 

 

 



Annual Best Paper Award 
 

 

1994 Eugene Law, “Binary PCM/FM Tradeoffs between Spectral Occupancy and Bit 

Error Probability” 

 

 

1995 Eugene Law, “Performance of PCM/FM during Frequency Selective Fading” 

 

 

1997 Eugene Law and Kamilo Feher, “FQPSK versus PCM/FM for Aeronautical 

Telemetry Applications; Spectral Occupancy and Bit Error Probability 

Comparisons" 

 

 

2002 Mark Geoghegan, “Bandwidth and Power Efficiency Trade-offs of SOQPSK” 

 

 

2003 G. R. Barrett, R. J. Bamberger, W. P. D’Amico, and M. H. Lauss, “Analytical 

Model for Handoff of Fast Moving Nodes in High-Performance Wireless LANs 

for Data Telemetry” 

 

 

2004 Michael A. Jensen, Michael D. Rice, Thomas Nelson, and Adam L. Anderson, 

“Orthogonal Dual-Antenna Transmit Diversity for SOQPSK in Aeronautical 

Telemetry Channels” 

 

 

2005 Chang won Jung, Ming-jer Lee, Sunan Liu, G. P. Li, and Franco De Fiaviis, 

“Reconfigurable Patch Antenna for Frequency Diversity with High Frequency 

Ratio” 

 

 

2006 Evan T. Grim, “Achieving High-Accuracy Time Distribution in Network-Centric 

Data Acquisition and Telemetry Systems with IEEE 1588” 

 

 

2007  Adam Panagos and Kurt Kosbar, “The Sum-Rate Capacity of a Cognitive Access 

Sensor Network” 

 

 

2008 Justin P. Rohrer, “End-to-End Disruption-Tolerant Transport Protocol Issues and 

Design for Airborne Telemetry Networks” 

   

 



2009 Kip Temple, Air Force Flight Test Center, Edwards AFB, “Adjacent Channel 

Interference Criteria for Aeronautical Telemetry Operations with the Tactical 

Targeting Network Technology System” 

 

 

2010 Michael Rice and Oluwasegun Tinubi, Brigham Young University, Provo, UT, 

“The Range Area Network: A New Approach for Aeronautical Telemetry” 

 

 

2011 Arnaud Gueguen and David Auvray, Zodiac Data Systems SAS, Bretteville 

l’Orgueilleuse, France, “Multipath Mitigation on an Operational Telemetry Link”  

 

 

2012 Satya Prakash Ponnaluri and Babak Azimi-Sadjadi, Intelligent Automation, Inc, 

“Quasi-Orthogonal Frequency Division Multiple-Access for Serial Streaming 

Telemetry” 

 

2013 Darren Kartchner and Michael Rice, Brigham Young University, “Does a 

Spinning Missile Cause Tracking Error at C-Band?” 

 

 

2014 Mr. Aditya Kulkarni, Missouri University of Science & Technology, Faculty 

Advisor: Kurt Kosbar, “Performance Analysis of Zero Forcing and Minimum 

Mean Square Error Equalizers on Multiple Input Multiple Output System On A 

Spinning Vehicle” 

 

 

 

 

 

  



ITC Student Paper Awards 
 
 
1989 Leonard T. Lee, Cornell University, Liverpool, New York, “Jitter Sampling of Deterministic Signals and 

Noise” 
 
 Daniel A. Durbin, California Polytechnic State University, San Luis Obispo, CA, “IBM PC Voice Mail 

Cards” 
 
 Troy Gammill, New Mexico State University, Las Cruces, New Mexico, “Apache Telemetry Antenna 

Analysis” 
 
 
1990 No known awardee 
 
 
1991 Julliette Lyn Moser, New Mexico State University, Las Cruces, New Mexico, “Subcarrier Placement in  

PCM-FM-FM/FM Modulation Scheme” 
 
 
1992 First Place – Stanley Hirsch, University of Texas at El Paso, “A Biotelemetry Unit for Monitoring 

Nocturnal Bruxism” 
 
 Second Place – Anna Marie May, New Mexico State University, Las Cruces, New Mexico, “TDRSS 

Availability from the Lunar Surface” 
 
 Third Place – Henry D. Jacobsen, Brigham Young University, Provo, Utah, “Some Measured 

Performance Bounds and Implementation Considerations for the Lempel Ziv Welch Data Compaction 
Algorithm” 

 
 
1993 First Place Graduate Student – Christopher E. Loebner, New Mexico State University, Las Cruces, New 

Mexico, “Bit Error Problems with DES” 
 
 First Place Undergraduate Student – Michael W. Josie, Brigham Young University, Provo, Utah,  “An 

Alternative Soft-Decision Decoder” 
 
 
1994 First Place Graduate Student – Timothy O. Minnix, New Mexico State University, “CCSDS Data Link 

Service Allocation for MIL_STD_1553B Bus Architecture on Small Payloads” 
 
 Second Place Graduate Student – N. Thomas Nelson, Brigham Young University, “Probability of Bit 

Error on a Standard IRIG Telemetry Channel Using the Aeronautical Fading Channel Model” 
 
 First Place Undergraduate Student – Dawnielle C. Baca, New Mexico State University, “Data 

Acquisition, Analysis, and Simulation System (DAAS)” 
 
 
1995 First Place Undergraduate Student – Brian J. Mott and Kevin D. Wise, Brigham Young University,  
 “An ACTS Mobile Receiver Simulation” 
 



 
1996  First Place Graduate Student – Ruben Caballero, New Mexico State University, “8PSK Signaling Over 

Non-Linear Satellite Channels” 
 
 Second Place Graduate Student – Monica Sanchez, New Mexico State University, “Doppler Extraction 

for a Demand Assignment Multiple Access Service for NASA’s Space Network” 
 
 First Place Undergraduate Student – Navid Sabbaghi, University of California, Berkeley, “Overcoming 

the Constraints on Modeling Telemetry in VR Systems” 
 
 Second Place Undergraduate Student – Christopher S. Gardner, New Mexico State University, “ACTS 

Propagation Experiment and Solar/Lunar Intrusions” 
 
 

1997 First Place Graduate Student – Eric S. Otto, New Mexico State University, “Digital CPFSK Transmitter 
and Non-Coherent Receiver/Demodulator Implementation” 

 
  Second Place Graduate Student – Ali Ghrayeb, New Mexico State University, “On Symbol Timing 

Recovery in All-Digital Receivers” 
 
 Honorable Mention Graduate Student – Michael A. Swartwout and Christopher A. Kitts, Stanford 

University, “Automated Health Operations for the Sapphire Spacecraft” 
 
 First Place Undergraduate Student – Kenneth Welling, Brigham Young University, “Analysis of JDAM 

Tests at China Lake” 
 
 
1998  First Place Graduate Student – Paul C. Haddock, Advisor: Stephen Horan, New Mexico State University, 

“Telemetry Data Collection from Oscar Satellites” 
 
 Second Place Graduate Student – Kenneth Welling, Advisor: Michael Rice, Brigham Young 

University, “A Narrowband Model for Aeronautical Telemetry Channels” 
 
 First Place Undergraduate Student – Brent L. Bachim, Advisor: Stephen Weis, Texas Christian 

University, “Design and Testing of a Single Optical Fiber Telemetry Link for Use in Rugged 
Environments” 

 
 Second Place Undergraduate Student – Donald E. Crockett and David V. Arnold, Advisors: 

Michael A. Jensen and Michael Rice, Brigham Young University, “The Design and 
Construction of a C-Band Rail–SAR and an S-Band Doppler Radar” 

 
 
1999 First Place Graduate Student – Kenneth Welling, Brigham Young University, “Coded Orthogonal 

Frequency Division Multiplexing for the Multipath Fading Channel” 
 
 Second Place Graduate Student – Atle Borsholm, New Mexico State University, “Modeling of the 

Surface Attenuation Effects of Rain on Composite Antenna Structures at Ka-Band” 
 
 First Place Undergraduate Student – David Landon, Brigham Young University, “Doppler Bandwidth 

Characterization of ARTM Channel Sounding Data” 
 



 Second Place Undergraduate Student – Jed Kelsey, Brigham Young University, “Autonomous Soccer-
Playing Robots” 

 
 
2000 First Place Graduate Student – Adam T. Davis, Brigham Young University, “Dynamic Behavior of 

Multipath Interfernce in ARTM Channel Sounding Data” 
 
 Second Place Graduate Student – David Landon, Brigham Young University, “Parametric Estimation of 

the Scattering Function for ARTM Channel Sounding Data” 
 
 
2001 First Place Graduate Student – Michael Grubinger and Felix Strohmeier, University of Salzburg, Austria,  
 “Autonomous Acquisition of Environmental Data in a Global Network Environment” 
  
 Second Place Graduate Student – Vilas Uchil, University of Missouri – Rolla, “Feasibility of a Bluetooth 

Based Structural Health Monitoring Telemetry System” 
 
 First Place Undergraduate Student – Kyle Hittle and Joel Coleman, University of Arizona, “A Small 

Satellite for Measuring Atmospheric Water Content; Part II, Crosslink and Data Collection” 
  
 
2002 First Place Graduate Student – Srivatrsan Kandadai, New Mexico State University, “Object Detction and 

Localization in the Wavelet Domain” 
  
 Second Place Graduate Student – Anirban Chadraborti, New Mexico State University, “Using MDP for 

Telemetry Data Transfers” 
 
 First Place Undergraduate Student – Rob Franklin and Walter Johnson, Brigham Young University, 

“Effective Ball Handling and Control in Robot Soccer” 
 
 Second Place Undergraduate Student – Steven Olson, Chad Dawson, and Jared Jacobson, Brigham 

Young University, “Design and Development of an Autonomous Soccer-Playing Robot” 
 
 
2003 First Place Graduate Student – Erik Perrins, Brigham Young University, “Multi-Symbol Noncoherent 

Detection of Multi-H CPM” 
 
 Second Place Graduate Student – Joseph Dagher, University of Arizona, “Compression for Storage and 

Transmission of Laser Radar Measurements” 
 
 First Place Undergraduate Student – Kendall Mauldin, New Mexico State University, “Satellite Ground 

Station Security Using SSH Tunneling” 
 

2004 First Place Graduate Student – Erik Perrins, Advisor: Michael Rice, Brigham Young University, “An 
Alternate Proposal for ARTM CPM” 

 
 Second Place Graduate Student – Clayton W. Commander, Advisors: Panos Pardalos and Carlos 

Oliveira, Texas A&M University and University of Florida, “Reactive Grasp with Path Relinking for 
Broadcast Scheduling” 

 



 First Place Undergraduate Student – Chad DeConink, Sarah DeConink, James Dean, and Brad Martin, 
Advisor: Kurt Kosbar, Univerfsity of Missouri – Rolla, “EMI and Software Improvements to the Solar 
Miner IV Telemetry Processor” 

 
 Second Place Undergraduate Student – Daniel Doonan, Mei-Su Wu, and Michael Lee, Advisors: Hua 

Lee and Leroy Laverman, University of California, Santa Barbara, “Design and Development of Wireless 
Flourometry Networks” 

 
 
2005 First Place Graduate Student – Christopher Potter, Adam Panagos, and William Weeks, Advisor: Kurt 

Kosbar, University of Missouri – Rolla, “Optimal Training Parameters for Continuously Varying MIMO 
Channels” 

 
 Second Place Graduate Student – Mason Wardle, Advisor: Michael Rice, Brigham Young University, 

“EFTS Receiver with Improved Performance” 
 
 First Place Undergraduate Student – Martin Hinterseer and Christoph Wegscheider, Advisor: Gerhard 

Mayer, University of Salzburg, “Acquisition and Transmission of Seismic Data over Packet Radio” 
 
 
2006 First Place Graduate Student – Adam Panagos, Advisor: Kurt Kosbar, University of Missouri – Rolla, 

“Analytic Solutions for Optimal Training on Fading Channels” 
 
 Second Place Graduate Student – Tom Nelson, Advisor: Michael Rice, Brigham Young University, 

“Reduced Complexity Trellis Detection of SOQPSK-TG” 
 
 First Place Undergraduate Student – Nicholas Clark and Fiona Dunne, Advisors: Hua Lee and Maurice 

Chin, University of California, Santa Barbara, “Integrated Cameras as a Replacement for Vehicular 
Mirrors” 

 
 Second Place Undergraduate Student – Brian Kirkpatrick, Chris Prounh, Clarence Rowland, Raymond 

Ryckman, and Elizabeth Winton, Advisor: Erik Spjut, Harvey Mudd College, “Design and Construction 
of an Optical Telemetry System” 

 
 
2007 First Place Graduate Student – Xiaoyu Dang, Advisor: Michael Rice, Brigham Young University, “An 

Optimum Detector for Space-Time Trellis Coded Differential MSK” 
 
 Second Place Graduate Student – Prashanth Chandran, Advisor: Erik Perrins, University of Kansas, 

“Symbol Timing Recovery for SOQPSK” 
 
 Honorable Mention Graduate Student – Olusola Babalola, Advisor: Richard Dean, Morgan State 

University, “Optimal Configuration for Nodes in Mixed Cellular and Mobile Ad Hoc Network for INET” 
 
 
2008 First Place Graduate Student – Yacob Astatke, Advisor: Richard Dean, Morgan State University, 

“Distance Measures for QOS Performance Management in Mixed Networks” 
 
 Second Place Graduate Student – Ricardo Luna, Hrishikesh Tapse, Advisor: Deva Borah, New Mexico 

State University, “An Analysis on the Coverage Distance of LDPC-Coded Free-Space Optical Links” 
 



 First Place Undergraduate Student – Kristin Jagiello, Mahmut Zafer Aydin, and Wei-Ren Ng, Advisors: 
William Ryan, Michael Marcellin, and Ali Bilgin, University of Arizona, “Joint JPEG2000/LDPC Code 
System Design for Image Telemetry” 

 
 Second Place Undergraduate Student – Andrea Chaves, Bruno Mayoral, Hyun-Jin Park, Mark Tsang, and 

Sean Tunell, Advisors: Michael Marcellin and Hao Xin, University of Arizona, “Wireless Sensor 
Networks: A Grocery Store Application” 

 
 
2009 First Place Graduate Student – Gino Rea, Advisor: Erik Perrins, University of Kansas, “A System-Level 

Description of a SOQPSK-TG Demodulator for FEC Applications” 
 
 Second Place Graduate Student – Abhishek Gupte, Advisor: Kurt Kosbar, Missouri University of Science 

and Technology, “A Method for Tracking the Accuracy of Channel Estimates in MIMO Receivers” 
 
 First Place Undergraduate Student – Wade  Lichtsinn, Evan McKelvy, Adam Myrick, Dominic Quihuis, 

and Jamie Williamson, Advisors: Elmer Grubbs and Michael Marcellin, University of Arizona, “Remote 
Imaging System Acquisition (RISA)” 

 
 Second Place Undergraduate Student – John Seaber, Jacob Barkley, Tony Ngo, and Adam Poettgen, 

Advisor: Kurt Kosbar, Missouri University of Science and Technology, “A Programmable Dual 
Modulator Testbed for MIMO Applications” 

 
 
2010 First Place Graduate Student – Han Oh, Advisors: Michael Marcellin and Ali Bilgin, University of 

Arizona, “Visually Lossless Compression Based on JPEG2000 for Efficient Transmission of High 
Resolution Color Aerial Images”  
 

 Second Place Graduate Student – Yacob Astatke, Advisor: Richard Dean, Morgan State University, “QoS 
Performance Management in Mixed Wireless Networks”  

 
First Place Undergraduate Student – Adrian Lizarraga, Britanny Lynn, and Jeremiah Lange, Advisors: 
Elmer Grubbs and Michael Marcellin, University of Arizona, “Remote Imaging System Acquisition 
(RISA) Space Environment Multispectral Imager”   

 
 Second Place Undergraduate Student – Clinton Guenther, Robert Mertens, and Adam Lewis, Advisor:  

Kurt Kosbar, Missouri University of Science and Technology, “Telemetry System for the Solar Miner 
VII” 

 
 
2011 First Place Graduate Student – Kamakshi Sirisha Pathapati, Truc Anh N. Nguyen, and Justin P. Rohrer, 

Advisor: P.G. Sterbenz, University of Kansas, “Performance Analysis of the AEROTP Transport 
Protocol for Highly-Dynamic Airborne Telemetry Networks”  

 
 Second Place Graduate Student – Michael Lee, Advisors: Michael Liebling, Hua Lee, and Warren 

Grundfest, University of California, Santa Barbara, “Image Reconstruction and Resolution Enhancement 
Algorithm for FMCW Medical Ultrasound Imaging Systems”  

 
 First Place Undergraduate Student – Alex Cook and Gregory Kissinger, Advisor: Kurt Kosbar, Missouri 

University of Science and Technology, “Using COTS Graphics Processing Units in Signal Analysis 
Workstation” 



 
 Second Place Undergraduate Student – James Dianics, Malcolm Gibson, Hans Hony, Jun Li, Elliott 

Liggett, Michael Palmer, Christopher Poole, James Powell, Joshua Tolliver, and Dimitri Ververelli, 
Advisor: Hermann Fasel, University of Arizona, “Machine Vision and Autonomous Integration for an 
Unmanned Aircraft System”  

 
 
2012 First Place Graduate Student – Javier Perez-Ramirez, Advisor: Deva K. Borah, Klipsch School of 

Electrical and Computer Engineering, New Mexico State University, “An Opportunistic Relaying 
Scheme for Optimal Communication and Source Location”  

 
 Second Place Graduate Student – Nadim Maharjan and Paria Moazzemi, Advisors: Richard Dean, 

Farzard Moazzami and Yacob Astatke, Morgan State University, “Telemetry Network Intrusion 
Detection System”  

 
 First Place Undergraduate Student – Mark Hickle, Alexander Wilson, Joshue Kientzy, and Matthew 

Myers, Advisor: Kurt Kosbar, Missouri University of Science and Technology, “Design of a Semi-
Autonomous Quadrotor Aircraft” 

 
 Second Place Undergraduate Student – Jared R. Fowler, Jon M. Austin, Kathy T. Estrada, Martin 

Velazquez, Robyn Mohr, and Ruben Sanchez, Advisors: Kathleen Melde and Michael Marcellin, 
University of Arizona, “Small Wearable Antenna for Animal Tracking”  

 
 
2013 First Place Graduate Student – Ehsan Hosseini, University of Kansas, Department of Electrical  

Engineering and Computer Science, Faculty Advisor: Erik Perrins,“ Synchronization of SOQPSK-TG  
in Burst-Mode Transmissions” 

 
 Second Place Graduate Student – Xiaoju Yu, University of Arizona, Department of Electrical 

Engineering and Computer Science,  Faculty Advisor: Hao Xin,  
“Direction of Arrival Estimation Improvement for Closely Spaced Electrically Small Antenna Array” 

 
 First Place Undergraduate Student – Chris Van Horne, University of Arizona, Department of Computer 

Science, Faculty Advisors:  Hermann Fasel and Michael Marcellin;  Graduate Advisor: James Dianics,  
“Machine Vision and Autonomous Integration Into an Unmanned Aircraft System” 

 
 Second Place Undergraduate Student – Rudy Chavez, Frank Faela, Adrian Ontiverus, Mathew Smith and 

Mathew Wallace, New Mexico State University, Klipsch School of Electrical and Computer 
Engineering,  Faculty Advisor: Deva R. Borah,“Design and Development of a Digital Signal Processing 
System that Responds Automatically to an Audio Trigger Event” 

 
 
2014 First Place Graduate Student – Yafei Sun, Klipsch School of Electrical & Computer Engineering, New 

Mexico State University, Faculty Advisor: David K. Borah, “Generalized Spatial Modulation with 
Correlated Antennas in Rayleigh Fading Channels” 

 
 Second Place Graduate Student – Xiaoju Yu, University of Arizona, Department of Electrical 

Engineering and Computer Science, University of Arizona, Faculty Advisor: Hao Xin,  
“Direction of Arrival Estimation of Broadband Signal Using Single Antenna” 

 



 First Place Undergraduate Student – Tyler Morrow, Department of Electrical and Computer Engineering, 
Missouri University of Science and Technology, Faculty Advisor: Kurt Kosbar, 
 “A Modular and Extensible User Interface For the Telemetry and Control of a Remotely Operated 
Vehicle” 

 
 Second Place Undergraduate Student – Auni Kundu, Brianne Noriega, Connor O’Brien, Corey Speros 

and Dawei Ju, Department of Electrical and Computer Engineering, The University of Arizona, Faculty 
Advisors: Michael W. Marcellin and Kathleen Melde, 
“Time Difference of Arrival for Small Mammal Tracking” 



IFT Pioneer Award Winners 

 

 
1984  Dr. William Pickering (1st Award Recipient)  

 

1985  Dr. Larry Rauch  

 

1986  Dr. Myron Nichols  

 

1987  Dr. Eberhardt Rechtin  

 

1988  No Award  

 

1989  Dr. James Fletcher  

 

1990  Dr. Bernard Oliver, Dr. John R. Pierce, Dr. Claude Shannon  

 

1991  No Award  

 

1992  Mr. Hugh Pruss  

 

1993  Mr. Eugene Law  

 

1994  No Award  

 

1995  Mr. Stan Reynolds  

 

1996  Mr. Harold Jeske  

 

1997  Mr. Bill Rymer  

 

1998  Mr. Benson Weinberg  

 

1999  Mr. Walter Lipe  

 

2000  Mr. Norman Lantz  

 

2001  No Award  

 

2002  Mr. Jud Strock  

 

2003  Mr. Melvin Levine  

 

2004  No Award  

 

2005  Mr. Arthur Sullivan  

 



2006  Dr. Jim Means  

 

2007  No Award  

 

2008  No Award  

 

2009  Dr. Gerhard Mayer  

 

2010  Mr. Chuck Buchheit 

 

2011  Mr. Lee Eccles 

 

2012  No Award 

 

2013  No Award 

 

2014     Mr. Vic Hammond 

 

 

 

 

 

 

 

 

 

 

 



Myron Hiram Nichols Award for Best Paper on Telemetry Spectrum 

 
  

2010 Michael K. Painter, Ronald Fernandes, Jason Gohlke, Satheesh Ramachandran, and Ajay 

Verma, Knowledge Based Systems, Inc., College Station, TX; and Charles H. Jones, Air 

Force Flight Test Center, Edwards AFB, CA, “Dynamic Frequency Assignment and 

Management Technologies for Future Test and Evaluation Operations”  

 

 

2011 Grant Gerstner and Hans Lillevold, Naval Air Warfare Center Aircraft Division, Patuxent 

River, MD, “Spectrum Stewardship Through Best Source Selection”  

 

 

 2012 Maria S. Araujo and Ben A. Abbott, Southwest Research Institute, “PCM vs. Networking 

Spectral/Efficiency Wars – A Pragmatic View”  

 

 

2013 Scott Kujiraoka and Russell Fielder, NAVAIR (Pt. Mugu and China Lake), “C-Band 

Missile Telemetry Test Project" 

 

 

2014 Mr. Steven A. Musteric & Mr. Nathan King, 96th Range Support Squadron Eglin AFG, 

FL, “Tri-Service C-Band Roadmap Study (TSCRS) Findings and Way Ahead” 
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Session 1 Short-Range Telemetery 

Chair Teresa Telles, NAVAIR 

  

  

  

1:30 p.m.  

15-01-01 
“A Smartphone-Based Gait Data Collection System For The Prediction Of Falls In 

Elderly Adults” 

Matthew Martinez, Sandia National Laboratories; Phillip  De Leon, New Mexico State 

University 

  

 Falls prevention efforts have become increasingly important and are now a significant 

research effort, where analysis of gait has becoming increasingly important. Data is 

typically collected in a laboratory setting using 3-D motion capture, which can be time 

consuming and invasive. Inertial sensors are more a cost effective option, which have been 

shown to be useful in falls research. Smartphones now contain Micro Electro-Mechanical 

Inertial Measurement Units, which make them a compelling platform for gait data 

acquisition. This paper reports the development of an iOS app for collecting accelerometer 

data and an offline machine learning system to classify a subject, based on this data, as 

faller or non-faller. The system uses the accelerometer data captured on the smartphone, 

extracts discriminating features, and then classifies the subject.  Through simulation, our 

preliminary and limited study suggests this system has an accuracy as high as 85%.  

  

  

2:00 p.m.  

15-01-02 
“A Low Cost Open-Air Tracking System Based On An Empirical Path-Loss Model.” 

Kayla Niu, University Of Arizona; Asif Shahidullah, University Of Arizona; Andrea 

Vilarasau, University Of Arizona; James Ringle, University Of Arizona; Michaelina Sorrel, 

University Of Arizona; Luke Zurmehly, University Of Arizona 

  

 Tracking small marmosets over a large area represents a significant challenge for 

researchers. The native habitat for such animals are generally unsuitable for GPS based 

location systems, and the size of the animals prevents large, feature-rich collars from being 

utilized. Additionally, costs and feasibility prevent researchers from continuously 

monitoring these animals on the ground. This paper proposes a new system of tracking that 

offsets complexity from the collar onto fixed Base Stations (BS). The simplified collars emit 

a ping that multiple BSs then log along with the power of the signal. Combining the data 

from different BSs allows for the determination of the Signal of Interest (SOI). It was found 

that using three BSs provided enough accuracy to determine the location of an SOI within 

an accuracy of 2 meter squared over a roughly 450 meter squared area. 

  

  

2:30 p.m.  

15-01-03 
“Wireless Body Area Network For Monitoring Human Kinetics” 

Andy Pletta, Missouri S&T; Kurt Kosbar, Missouri S&T 

  

 This paper describes a project to implement a body area network to monitor the movements 

of a human subject.  The sensor nodes can measure six degrees of movement by using a 

three axis accelerometer and three axis gyroscope.  The data is transmitted wirelessly from 

the sensors to a wearable microcontroller.  The microcontroller interfaces with a computer 

application that allows a user to easily analyze and interpret the stored data. 
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3:00 p.m.  

15-01-04 
“TENA And JMETC In Telemetry Applications” 

Juana Secondine, Tena/Jmetc; Gene Hudgins, Tena/Jmetc; Keith Poch, Tena/Jmetc 

  

 The Test and Training Enabling Architecture (TENA) is a validated, common architecture 

which provides for real-time software system interoperability as well as interfaces to 

existing range assets, C4ISR systems, and simulations.  The TENA Middleware, currently at 

Release 6.0.4.2, has been used by the range community for testing, training, evaluation, and 

feedback in many major exercises and events since 2002, and has been selected as the 

interoperability solution in the Joint Mission Environment Test Capability’s (JMETC’s) 

distributed testing.  Through investment in the Test Resource Management Center’s 

(TRMC’s) Test & Evaluation (T&E) / Science & Technology (S&T) Program and innovative 

use at distributed ranges, TENA is increasingly expanding to and being utilized by the 

telemetry community. 
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Session 2 Data Security and Integrity 

Chair Tim Gatton, Wideband Systems 

  

  

  

1:30 p.m.  

15-02-01 
“A High Assurance Firewall In A Cloud Environment Using Hardware And Software 

” 

Arya Golriz, ; Nur Aldeen Jaber, Morgan State University 

  

 This paper will focus on analyzing the characteristics of firewalls and implementing them in 

a virtual environment as both software- and hardware-based solutions that retain the 

security features of a traditional firewall.  

  

  

2:00 p.m.  

15-02-02 
“Data Protection And Data Elimination” 

Chris Budd, Smart High Reliability Solutions 

  

 Data security is becoming increasingly important in all areas of storage.  The news services 

frequently have stories about lost or stolen storage devices and the panic it causes.  Data 

security in an SSD usually involves two components:  data protection and data elimination.  

Data protection includes passwords to protect against unauthorized access and encryption 

to protect against recovering data from the flash chips.  Data elimination includes erasing 

the encryption key and erasing the flash. Telemetry applications frequently add 

requirements such as write protection, external erase triggers, and overwriting the flash 

after the erase.  This presentation will review these data security features. 

  

  

2:30 p.m.  

15-02-03 
“Leveraging Behavioral Analytics Security Tools To Protect Telemetry Post 

Processing Environments” 

Jeff Kalibjian, Hewlett Packard 

  

 The criticality of the integrity of telemetry post processing data demands the strongest 

security tools be employed on the systems and networks used to deliver, manage and 

process this sensitive data.  While the capabilities of vulnerability and threat security 

applications continue to grow; these systems alone cannot totally protect vital telemetry 

post-processing computing environments.  Organizations must constantly face the threat of 

“insider” personnel who decide to take actions to compromise the computing environments 

they work in.  A new class of security product is evolving that can help identify individuals 

whose behavior may impair strategic organizational assets and data. After reviewing 

traditional threat and vulnerability security applications and how they can be used to 

protect critical assets, user behavioral analytic tools will be examined and their role in 

better protecting telemetry post processing environments will be examined. 

  

  

3:00 p.m.  

15-02-04 
“Exploiting Bluetooth Low Energy Pairing Vulnerability In Telemedicine” 

Wondimu  Zegeye, Morgan State University; Richard Dean, Morgan State University; 

Farzad Moazzami, Morgan State University; Yacob  Astatke, Morgan State University 

  

 Telemetry has potentially large contributions to future medical applications. In the past 

decade wireless devices have invaded the medical area with a wide range of capability as 
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components of a wireless personal area network (WPAN) and Wireless Body Area Network 

(WBAN). These applications in medical telemetry are not only  improving the quality of life 

of patients and doctor-patient efficiency, but also enabling medical personnel to monitor 

patients remotely and give them timely health information, reminders, and support-

potentially extending the reach of health care by making it available anywhere, anytime. 

This paper exploits the pairing vulnerability in Bluetooth Low energy (Bluetooth Smart) for 

HealthCare devices used in medical telemetry applications and demonstrates the key role 

security plays in telemetry. 
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Session 3 Modulation and Coding I 

Chair Stephen Horan, NASA Langley Research Center 

 

  

  

1:30 p.m.  

15-03-01 
“Performance Study Of Precoding Techniques On Generalized  Spatial Modulation 

With Correlated Antennas” 

Yafei Sun, New Mexico State University; Deva Borah, New Mexico State University 

  

 Spatial modulation (SM) reduces transceiver complexity and inter-channel interference over 

traditional multiple input multiple output (MIMO) systems. It has been shown recently in the 

literature that the use of  a precoder in an SM or a generalized spatial modulation (GSM) 

system can significantly improve error performance.  This paper  investigates two issues 

related to precoders: 1) the use of a precoder in Alamouti-GSM systems, and 2) the effects of 

power constraints on the precoder design.   The results in this paper show that Alamouti-

GSM can improve system performance by several dB. On power constraint issues, the paper 

shows that there is a trade-off between limiting antenna power fluctuations and the potential 

gain due to precoders.    

  

  

2:00 p.m.  

15-03-02 
“Relay Performance Analysis Of Mixed RF And Optical MIMO Wireless Links” 

Elam Curry, New Mexico State University; Deva Borah, New Mexico State University 

  

 In this paper, we propose to replace the RF links in areas with high possible RF density with 

mixed RF and optical links. The mixed RF and optical link consists of an LED-digital camera 

link and an RF relay. The advantage of the optical link is that each user utilizes a unique 

portion of the spatial medium. As a result, the users neither interfere with each other nor add 

further interference to the existing RF devices. The relay uses the amplify-and-forward 

strategy [1], and we consider multiple modulation techniques for the RF link.  The LED 

models given in [2] and [3] are used, and the received pixel values are processed using 

equal gain combining, maximal ratio combining, and best pixel selection. The performance 

of using these different diversity combining techniques on the relay system is characterized.  

The system’s bit error rate performance is evaluated for different SNRs, and the performance 

of the LED-digital camera link is validated experimentally. 

  

  

2:30 p.m.  

15-03-03 
“Evaluation Of FLDPC Coding Scheme For Adaptive Coding In Aeronautical 

Telemetry ” 

Qinghua Luo, Harbin Institute Of Technology; Yu Peng, Harbin Institute Of Technology; 

Wei Wang, Comac; Tao Huang, Comac; Xiyuan Peng, Harbin Institute Of Technology; 

Yaning Fan, Harbin Institute Of Technology 

  

 The aeronautical telemeter channel is characterized by Multipath interference, Doppler shift 

and rapid changes in channel behavior. In addition to error during telemeter transmission, 

data packet missing also exists. In this paper, we investigate the correction of data error and 

processing of telemetry data packet missing, and propose an adaptive coding scheme, which 

organic combines Fountain code and low density parity check (LDPC) code. We call it 

fountain LDPC (FLDPC) coding. In the coding scheme, The LDPC code is explored to 

perform error correction, while, the problem of data packet missing is resorted to fountain 

code. So FLDPC is robust for data packet missing and data error. Moreover, without 
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knowing the channel information, FLDPC can adapt the data link and avoid the interference 

through adjusting the transmission rate. Experimental results show that a signification 

improvement in error correction and transmitting efficiency can be achieved by using the 

FLDPC coding. 
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Session 4 Networks I 

Chair Jessica Moore, Boeing 

  

  

  

1:30 p.m.  

15-04-01 
“Flexible Switching For Flight Test Networks” 

Diarmuid Collins, Curtiss-Wright 

  

 The network switch is a critical element in the flight test network. All devices in the network 

are configured, synchronized and managed via the switch. In addition, all acquired data is 

routed through the switch. For this reason, the flight test network switch has always needed to 

be rugged and reliable with high throughput and a simple intuitive setup. Recently, Ethernet 

technology and the move towards open standards within FTI systems have enabled flight test 

networks to become increasingly flexible and heterogeneous. Modern FTI networks may have 

different synchronization and data transmission protocols running simultaneously. It is also 

important to quickly switch network configurations for different flight profiles and to enable 

new features to be easily added to existing installations. This paper examines the increasing 

network interoperability and flexibility challenges and discusses how the network switch is best 

placed to provide solutions. 

  

  

2:00 p.m.  

15-04-02 
“Advanced Network Tap Application For Flight Test Instrumentation Systems” 

Markus Schmitz, Ontime Networks LLC; Oeyvind Holmeide, Ontime Networks As 

  

 Digital data distribution systems are widely used in Aerospace and Defense products to allow 

devices to communicate with one another. In many cases it is desirable to monitor the data 

traffic flowing between two points in a copper or fiber based Operational or Onboard Network 

System (ONS) for Flight Test Instrumentation (FTI) purposes because these ONS systems may 

carry important data which can be used without duplicating/installing a specific FTI data 

acquisition system to receive this data. The two types of network taps that can be used are 

inline network taps and network end-point taps. This paper examines the usage of inline 

network taps for FTI applications and how they can support network access strategies and 

objectives. An inline network tap is a hardware device which allows access to data flowing 

across a network. Note the full abstract is attached as pdf. 

  

  

2:30 p.m.  

15-04-03 
“Priority-Aligned Flow Control For IP-Based Telemetry Systems” 

Mariusz Fecko, Applied Communication Sciences; Kirk Chang, Applied Communication 

Sciences; Andrzej Cichocki, Applied Communication Sciences; Larry Wong, Applied 

Communication Sciences; Ray O'Connell, Robocomai LLC; Mark Radke, Tybrin Corp.; Tom 

Young, Usaf Afmc, Edwards Afb, Ca; Thomas Grace, Us Navy 

  

 We developed priority-aligned flow control between the queuing system and the radio for IP-

based telemetry systems. The scheme combines multiple features: Volume-based flow control 

leverages the capacity allocations provided by the iNET Link Manager per traffic 

priority/queue. Fine-grained queue management controls the drain rate at the TE Queues 

accordingly. Router–radio interface enhances the existing IETF standard DLEP to provide the 

signaling required for our scheme. We defined the queue throughput shortage as the key 

evaluation metric. Our approach performed significantly better in comparison with the coarse-

grained queue control available in Linux kernel. When averaged across links/queues, the 
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shortage reduction was 2–6% and 4–28% for high (8Mbps) and low (1Mbps) channel 

capacities, respectively. When averaged across multiple channel capacities, the maximum per-

queue shortage was reduced from 47% to 4.5%. 

  

  

3:00 p.m.  

15-04-04 
“The Performance Test Of An Initial iNET-Like RF Network Using A Tethered Aerostat 

In Japan” 

Sei Ito Khi; Toshihisa Tanaka, Kawasaki Heavy Industries,Ltd.; Daiki Aoyama Khi 

  

 Through the use of early iNET-prototype IP Transceiver technology, Kawasaki Heavy 

Industries, Ltd. has been able to communicate with flight test vehicles during a recent research 

program. This technology provides a two-way high-capacity communication that has not been 

achieved with conventional telemetry and can be used not only for flight testing, but also for 

rescue work. KHI has been authorized to use S-band IP Transceivers since last year in Japan, 

and various communication tests have been performed. This paper describes Japan’s first 

simulation of an iNET RF network which incorporated testing that performed data backfill, 

voice communication and video transmission. A data backfilling test was performed using 

retransmit of lock-off data on command from the ground station. Moreover, a tethered aerostat 

is considered a very useful communication relay platform in the event of a large-scale disaster 

which results in the destruction of infrastructure. 
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Session 5 Range Systems I 

Chair Bruce Lipe, NASA 

  

  

1:30 p.m.  

15-05-01 
“Optimized Automatic Calibration Tool For Flight Test Analogue Parameters. 

Application In The Airbus Defense And Space (ADS) Medium And Light (M&L) Range 

Flight Test Aircrafts” 

Pilar Vicaria Torralbo, Airbus Defence And Space 

  

 Calibration processes consume a big quantity of resources: equipment and people, time and 

cost. As the number of calibration points increase the resources increase in the same degree.   

This automatic tool, aimed to reduce these resources, has been designed for commanding, 

managing and analyzing in real time a large number of acquired data points coming from the 

specimen under calibration and the standards used in the calibration process, applying at the 

same time the metrological algorithms which validate the calibration point. Its mayor asset is 

the implementation of the rules for accepting or discarding the data point and the level of 

automation of the process.  In the last flight test campaign its usage has been crucial for 

providing on time the data with the high accuracy required. It was achieved the 

commissioning of almost 200 temperature parameters in a short period of time taking 

advantage of equipment which nominal accuracy was not high enough for their direct 

application.   

  

  

2:00 p.m.  

15-05-02 
“Next Generation Feature Roadmap For IP-Based Range Architectures” 

Bob Kovach, Superior Access Solutions, Inc 

  

 The initial effort in the migration of range TM and associated application traffic to an IP 

infrastructure largely dealt with the challenge of obtaining reliable transport for range 

application streams such as telemetry and digital video.  With the emergence of architectural 

elements that support  robust Quality of Service, multicast routing, and redundant operation, 

these problems have largely been solved.  The attention now turns to the need to provide 

supplemental features that provide enhanced functionality in addition to raw TM transport.  

Some of these features are:  • Stream Monitoring   • Error Recovery   • Ancillary Data / 

Metadata   • Archive and Media Asset Management  • Temporal alignment of application 

streams   This paper will provide a number of methods for implementing these features 

utilizing an approach that emphasizes the use of standards-based COTS implementations, and 

that support the interworking between features.       

  

  

2:30 p.m.  

15-05-03 
“Telemetry, Command And Control Of Unmanned  Aircraft (UAS)  In Us National 

Airspace” 

Barry Jackson, Cahon Systems 

  

 A presentation on the current recommendations and draft Minimum Operational Performance 

Standard (MOPS) that is being produced for the FAA. This to help generate the FAA 

Technical Standards Order (TSO)  allowing UAs to fly in National Airspace using the 

International Telecommunications Union (ITU) prescribed spectrum allocation in L and C 

band.    Phase 1: a terrestrial link capability and possibly networked over CONUS.   Phase 2: 

beyond radio line of sight using satellite links.    By June 2015 a draft MOPS should be 
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generated to cater for the Control Not Payload Communications (CNPC) and Detect And 

Avoid (DAA) function to be formally presented to the FAA with a Verification and Validation 

period. This V & V task is to be completed by June 2016.   The working papers are updated on 

a weekly basis via sub groups reporting to the main working group. The Paper presented will 

be the most recent position at the time of presentation. 

  

  

3:00 p.m.  

15-05-04 
“Smart Radio Control System (For Flight Test Centers)” 

Pedro Rubio, Airbus Defence & Space; Jesus Alvarez, Airbus Defence & Space 

  

 Radios are mainly used to communicate with the aircraft under test in order to give feedback. 

Sometimes, however, radios themselves become the subject of the test, requiring a full set of 

them with all their features and capabilities--Military Modes, HF ALE, SELCAL, etc.  Remote 

control (and audio routing) of these radios is a critical as infrastructures scale over tens of 

radios, distributed amid different test centers separated by hundreds of kilometers.  Addition 

of a remote touch user interface, MIL COMSEC and TRANSEC modes, automatic audio 

routing, makes the whole issue far more difficult to manage.  A Smart Radio Control System 

has been developed, allowing to profit from those advantages and more benefits:  • Intuitive 

Touch UI  • Automatic Audio Routing  • Distributed infrastructure (network based)  • Use any 

radio from anywhere  • Special Modes support (COMSEC, TRANSEC, HF ALE, and 

SELCAL)  Future additions will include, amongst others, VoIP integration and tablet use. 
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Session 6 Antennas and RF I 

Chair Christian Winklemann, Manufacturers Representative 

  

  

1:30 p.m.  

15-06-01 
“Geometric Model For Tracker-Target & Look Angles And Line Of Sight Distance” 

Daniel Laird, 412Tw/Eni 

  

 To determine the tracking abilities of a Telemetry (TM) antenna control unit (ACU) requires 

‘truth data’ to analyze the accuracy of measured, or observed tracking angles.  This requires 

we know the actual angle, i.e., that we know where the target is above the earth.  The 

positional truth is generated from target time-space position information (TSPI), which 

implicitly places the target’s global positioning system (GPS) position as the source of 

observational accuracy.  In this paper we present a model to generate local look-angles (LA) 

and line-of-sight (LoS) distance with respect to target GSP.  We ignore inertial navigation 

system (INS) data in generating relative position at time T; thus we model the target as a 

global point in time relative to the local tracker’s global fixed position in time.  This is the 

first of three companion papers on tracking.  

  

  

2:00 p.m.  

15-06-02 
“Analysis Of Covariance On Antenna Control Unit Tracking With Linear Regression 

Error Model” 

Daniel Laird, 412Tw/Eni 

  

 Over the past several years DoD has imposed constraints on test deliverables, requiring 

objective measures of test objective results, i.e., statistically defensible test and evaluation 

(SDT&E) methods and results.  These constraints force tester to employ statistical hypotheses, 

analyses and perhaps modeling to assess test results objectively, i.e., on statistical metrics, 

probability of confidence, logic inference to supplement technical expertise, rather than rely 

solely on expertise, which is subjective.  In this paper we apply linear regression modeling 

and analysis of variance (ANOVA) to determine if a telemetry antenna control unit (ACU) 

under test tracks statistically identically, thus as efficiently, in both S- and C-bands.  

Together, regression and ANOVA compose a method known as analysis of covariance 

(ANCOVA).  The intent is to present examples of tools and techniques useful for SDT&E 

methodologies in testing. 

  

  

2:30 p.m.  

15-06-03 
“Logistic Regression Model On Antenna Control Unit Autotracking Mode” 

Daniel Laird, 412Tw/Eni 

  

 Over the past several years DoD has imposed constraints on test deliverables, requiring 

objective measures of test objective results, i.e., statistically defensible test and evaluation 

(SDT&E) methods and results.  These constraints force tester to employ statistical hypotheses, 

analyses and modeling to assess test results objectively, i.e., on statistical metrics, analytical 

methods, probability of confidence complemented by technical expertise, rather than solely on 

expertise, which is subjective.  In this and two companion papers we discuss methods of 

objectifying testing via statistical modeling and inference.  We develop an earth coordinate 

model and statistical models of telemetry tracking employing derived statistical measures for 

tacking-error and auto-tracking mode.  This paper will present an auto-tracking model using 

logistic regression.  In this third of three papers we present an example of tools useful for 

employing a SDT&E methodology. 
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3:00 p.m.  

15-06-04 
“Estimation Of Angle Of Arrival With Two-Dimensional Circular And Nonuniform 

Arrays” 

Vincent Radzicki, UCSB; Melissa Johnson, UCSB; Hua Lee, University Of California, Santa 

Barbara 

  

 Positioning systems tasked with performing geolocation of objects have grown in importance 

in  recent years as the demand for accurate position and spatial data has increased. 

Parameter estimation  of the angle of arrival is a common approach used in positioning 

systems that has had great  success. This paper presents the design and development of a 

computationally efficient angle of  arrival estimation technique that is reconfigurable for 

changing requirments that different applications  may impose. The theory explaining the 

method is outlined, along with field experiments and  simulations to provide validation for the 

effectiveness and accuracy of the approach. 
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Session 7 Sensors and Data Acquisition 

Chair Joseph Bilodeau, Boeing 

  

  

1:30 p.m.  

15-07-01 
“A Simple, Cost Effective Raman-Fluorescence Spectrometer” 

Kurt Kosbar, Missouri S&T 

  

 Research, design, construction, and operation of a portable mixed Raman and Fluorescence 

type spectrometer will be presented.  The spectrometer was used on a wheeled vehicle which 

competed in the University Rover Challenge sponsored by the Mars Society.  Is uses a 50 mW, 

532 nm continuous wave laser to probe a sample of soil for bacteria or bio-markers.  The 

device cost 2000 USD, weighs 1.4 kg and is 23 cm x 23 cm x 10 cm in size. Integrating the 

spectrometer with a computer database, results from the competition, complications of 

analyzing mixed Raman-Fluorescence spectra via digital signal processing, and future ideas 

and improvements will also be discussed. 

  

  

2:00 p.m.  

15-07-02 
“CMA Equalization Of Measured SOQPSK-TG Modulated Data Transmitted Using 

The iNET Packet Structure” 

Serge Kone Dossongui, Morgan State ; Peter Taiwo, Morgan State ; Arlene Cole-Rhodes, 

Morgan State University 

  

 We consider the problem of recovering shaped offset quadrature-phase shift keying 

(SOQPSK)-TG modulated data, which has been transmitted over an unknown channel, using 

the iNET data packet structure. Previous work has shown the effectiveness of a block 

processing CMA equalizer which uses the known data bits contained in the iNET-packet 

structure (i.e. the preamble and ASM bits) to provide an alternative method of initialization. 

In this research we apply a CMA equalizer, which has been initialized by the minimum mean 

square error (MMSE) equalizer to measured data that was transmitted using the iNET packet 

structure in a laboratory experiment. Since the CMA equalizer does not determine the correct 

phase shift for each data packet, the known data bits contained in each iNET packet will be 

used to determine the phase correction. The total number of bit errors will be used as a basis 

to evaluate the performance of our MMSE-initialized CMA equalizer for this experimental 

data. 

  

  

2:30 p.m.  

15-07-03 
“The Challenges Of Data Acquisition In Harsh Remote Places” 

David Buckley, Curtiss-Wright 

  

 In modern flight test installations there is a continuing trend to move the data acquisition 

closer to the sensors. As a consequence the data acquisition chassis needs to be mounted in 

locations that are small, inaccessible and subject to harsh environmental conditions. On top 

of this there are an increasing number of measurements required for each new flight test 

campaign. This paper discusses the challenges of designing a small lightweight data 

acquisition chassis which can provide hundreds of channels of measurement capability while 

operating in tight spaces which are exposed to fluids, high vibration and extremes of 

temperature. The paper suggests ways of designing and installing the data acquisition chassis 

in order to optimize the available installation space while mitigating the effects of the harsh 

environmental conditions. 
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3:00 p.m.  

15-07-04 
“Wireless Data Acquisition In Flight Test Networks” 

Diarmuid Collins, Curtiss-Wright 

  

 The use of wireless data networks is ubiquitous in the consumer world. They have gained 

significant traction due to advantages afforded by the lack of wires. These same advantages 

can prove valuable in Flight Test for data acquisition. Sensor nodes are ideal candidates for 

low bandwidth wireless networks. Located in remote, hard to reach and hostile environments, 

wirelessly acquiring data from such sensor can solve a number of existing issues for FTI 

engineers. Implementing such wireless communication introduces a number of challenges 

such as guaranteeing reliable transfer of the sensor data and time synchronisation of the 

remote nodes. This paper addresses wireless sensor acquisition, the associated challenges 

and discusses approaches and solutions to these problems. 
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Session 8 Demonstration Systems 

Chair Brian Keating, NAVAIR 

  

  

1:30 p.m.  

15-08-01 
“Spectrum Sharing: Overview And Challenges Of Small Cells Innovation In The 

Proposed 3.5 Ghz Band” 

David Oyediran, Morgan State University 

  

 Spectrum sharing between Federal and commercial users is a technique proposed by the FCC 

and NTIA to open up the 3.5 GHz band for wireless broadband use and  small cell technology 

is one of the candidates for its’ realization. The traffic on small cells is temporal and their 

chances of interfering with other services in shared spectrum are limited. DoD has a 

documented requirement of 865 MHz by 2025 to support telemetry but only 445 MHz is 

presently available. DoD is conducting researches to realize test and evaluation spectrum 

efficient technology with the aim to develop, demonstrate, and evaluate technology 

components required to enable flight and ground test telemetry operations. This paper will 

provide an overview on spectrum sharing using small cell technology for LTE-Advanced and 

dynamic spectrum access would be briefly described. Research challenges for protocols and 

algorithms would be addressed for future studies.  

  

  

2:00 p.m.  

15-08-02 
“Introducing C-Band Operations Using A Low Cost Test Platform” 

Guenter Mueller, Airbus Defence And Space Flight Test Centre 

  

 Changing from L/S-Band to C-Band requires not only new equipment. Even the 

characteristics of the new frequencies as the new frequency environment are a challenge 

when changing from a well known frequency environment to a new one. This paper describes 

the way used at Airbus Defense and Space Flight Test Ground Station to get experience with 

new equipment and to learn more about the new environment. Reapeatable and comparable 

test allow training for the telemetry operators and the optimization of the equipment and 

procedures with the new environment. Although many of the problems or features observed 

where as expected, but even unexpected results were observed. 
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th
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Session 9 Special Session, International Consortium for Telemetry Spectrum (ICTS) 

Chair Mr. Jean-Claude Ghnassia, ICTS Chairman  

  

  

8:30 a.m.  

 

ITU Regional Report: “Region-I (Europe/Africa)” (20 minutes) 

Dr. Gerhard Mayer, European Society for Telemetry, gmayer@gvm-consultants.com 

  

 The L-, S- and C-Band usage in Region I for Aeronautical Mobile Telemetry (AMT) is being 

reviewed. European (CEPT) and African (ATU) positions reference to the Action Items of the 

World Radiocommunication Conference 2015 and their threat potential to AMT bands are 

described. 

  

 ITU Regional Report: “Region-II (the Americas) (20 minutes) 

Mr. Mikel Ryan, Pacific Architects and Engineers Incorporated, mikel.ryan.ctr@navy.mil 

 

This presentation will deal with updates on such issues as Medical Telemetry, Wireless 

Communications Service, Commercial Space Satellite Proposals, C-Band Implementation and 

AMT-related World Radiocommunication Conference 2015 involving the USA, Brazil, Mexico 

and Canada. The impact of repurposing/sharing/migration from the 1755-1780 MHz band for 

LTE usage will be covered in the 15-10-03 presentation.  

 

ITU Regional Reports “Region-III (Asia/Pacific) (20 minutes) 

Mr. Glenn Odlum, Australian Defence Spectrum Officer, Glenn Odlum@defence.gov.au 

 

(No abstract)  

 

 

9:30 a.m.  

 
“The U.S. Flight Test Perspective on the 2015 World Radiocommunication Conference”  

Mr. Ken Keane, Duane Morris LLP, Washington DC USA, kkeane@duanemorris.com 

  

 “The U.S. AMT community has been actively preparing for the upcoming World 

Radiocommunication Conference in the knowledge that a workhorse flight test telemetry band 

-- especially for  safety-related manned aircraft testing -- is in the cross-hairs for reallocation 

to mobile broadband.  This presentation will discuss the international focus on allocating 

more spectrum for mobile broadband (e.g. 4G and 5G  applications), the U.S. response to that 

focus, and the current state of play for flight test telemetry and the L-band in particular.”  

  

  

10:00 

a.m.  

 

“Encroachment Threats to Aeronautical Mobile Telemetry in the USA: Update #11” 

Mr. Scott Hoschar, MID-LANT AFC, NAWCAD Patuxent River MD USA, 

scott.hoschar@navy.mil 

 

"In furtherance of a Presidential Directive (June 2010) for reallocation of 500 MHz for 

commercial terrestrial broadband, we are studying the feasibility of sharing (instead of 

completely migrating from) the Government 1755-1850 MHz band with commercial 

broadband mobile systems, also known as Long Term Evolution services (LTE).  AMT is a 

heavy user of this band. The Transition Plans, the NOV 2014 1755-1780 MHz Band Auction, 

Department of Defense Spectrum Initiatives such as the AWS-3 Portal Working Group and 

other factors will be covered." 

  

mailto:mikel.ryan.ctr@navy.mil
mailto:scott.hoschar@navy.mil
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10:30 

a.m.  

 

“How Brazil’s ANATEL is Dealing With New Potential Threats to Telemetry Spectrum” 

Mr. Luiz-Fernando Sousa, Embraer Sociedade Anônima Brazil, lfsouza@embraer.com.br 

  

 (No abstract) 

 

 

11:00 

a.m.  

 

“The Potential for Aeronautical Mobile Telemetry in the Ku-, K- & Ka-Bands” 

Dr. Gerhard Mayer, European Society for Telemetry, gmayer@gvm-consultants.com  

 

A possible tasking for the ICTS involves investigating the feasibility of augmenting our 

current international AMT bands. We have no current spectrum allocations for AMT in the 

Ku-,K-and Ka-Band range (12-40 GHz), but we should actively, expeditiously determine 

whether we may need frequency spectrum in that range in the future, year 2020 and beyond. 

We need to first decide: 

-Is there a need for additional spectrum for AMT, time horizon 2020 and beyond, or 

 not? 

-If so, what kind of test missions needing point-to-point or networked telemetry, 

 could live with the physical limits of the Ku-, K- & Ka-Bands? 

If the answers are satisfactory we should seek possible parts of those bands where a co-

primary base allocation for AMT is possible, preferably in all three ITU Regions. While it will 

not be a simple process, as AMT is a Mobile Service we have a good chance to find and 

access acceptable parts of the electromagnetic spectrum for future use. 
 

 

 

https://en.wikipedia.org/wiki/S.A._(corporation)
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Session 10 Modulation and Coding II 

Chair Thomas Grace, U.S. Navy 

  

  

8:30 a.m.  

15-10-01 
“Combining A Reed-Solomon Block Code With A Blind Equalizer: Synchronization 

And Bit Error Rate Performance” 

Alexandre Skrzypczak, Zodiac Data Systems; Tangi Le Bournault, Zodiac Data Systems; 

Gregory Blanc, Zodiac Data Systems 

  

 Telemetry system performance is generally limited by multipath effects due to different 

reflections of the transmitted signal, causing bad synchronization and inter-symbol 

interference. The signal quality is also disrupted by the thermal noise that generates 

transmission errors.  The overall system performance can be improved by using equalization 

and channel coding. The goal of this paper is to show that combining the equalizer 

developed by ZDS with a moderately efficient code like a Reed-Solomon (RS) one may lead 

to quasi-error free transmission in many channel scenarios. We then first describe the 

testbench used for our experiments and we give the demodulation performance with 

equalizer and RS for several channel scenarios (theoretical channel models, real channel 

models from on-site experimentations and static channel models). We finally show that in a 

large majority of cases, blind equalizer and RS code lead to quasi-error free transmissions. 

  

  

9:00 a.m.  

15-10-02 
“A Modular Scheme To Detect And Combat Sinusoidal Variation In Fading Channels” 

Sushruth Sastry, ; Kurt Kosbar, Missouri S&T 

  

 Fading estimation in wireless communication systems depend on an expected fading model 

and assumptions about the channel itself. The bit error rate (BER) performance of the 

communication system is affected by how closely the assumptions made in designing the 

estimation technique match the deployment environment. Any unforeseen disturbances or 

hindrances in the environment deteriorate the BER performance of the system when the 

estimation system is not designed to combat the same. To combat such obstacles, estimation 

techniques must either be reinforced with modular systems which combat such observed 

types of disturbances, or be redesigned as a whole considering such observations of 

disturbances. In this paper a modular scheme to detect and combat sinusoidal variation in 

fading power is developed and tested by employing the developed scheme in a Multiple Input 

Multiple Output (MIMO) wireless communication system which adopts Space Time Block 

Coding (STBC) techniques. 

  

  

9:30 a.m.  

15-10-03 
“A Comparison Of Coherent Detectors For SOQPSK-TG” 

Ding Xingwen, Beijing Research Institute Of Telemetry; Zhai Wantao, Beijing Research 

Institute Of Telemetry; Song Jianyong, Beijing Research Institute Of Telemetry; Chen Ming, 

Beijing Research Institute Of Telemetry 

  

 SOQPSK-TG is a highly bandwidth-efficient constant-envelope modulation so that it has 

been applied in airspace telemetry widely. We compare four types of coherent detectors for 

SOQPSK-TG, which are optimal detector, pulse truncation (PT) detector, OQPSK detector 

and modified OQPSK detector. The simulation and analysis results indicate that PT detector 

has the advantages of low complexity and good performance, so it has more practicality 

value. 
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Session 11 Networks II 

Chair Mark Smedley, NAVAIR 

  

  

8:30 a.m.  

15-11-01 
“B-2 Flight Test Implements An Ethernet Based Network System For Data 

Acquisition” 

William Hochner, Nothrop Grumman 

  

 Northrop Grumman Corporation’s B-2 Flight Test Instrumentation team is revamping their 

entire Data Acquisition System to be an Ethernet Based Network System which provides 

simplified wiring, higher speeds, greater capacity and control over the data. The old system 

became obsolete in terms of capability and maintainability. New on-board avionic systems 

also demand that INSTR accommodate fibre and high speed Ethernet data.  In addition, the 

footprint and location for INSTR systems and components are being relocated to remote 

areas. INSTR engineering selected the Tele Tronics Corp. Ethernet networked DAUs known 

as MnDAUs as the core system. Prior to first flight the new INSTR DAS will undergo 

extensive lab and field testing as we can’t afford to affect flight test effectiveness by failing 

to produce the necessary data products. The goal is to get the very best system available 

and to avoid costly lessons. 

  

  

9:00 a.m.  

15-11-02 
“Packet-Based Best Source Selector And Other IP-Telemetry Tricks” 

Todd Newton, Southwest Research Institute; Ben Abbott, Southwest Research Institute 

  

 IP-telemetry radios are being connected to existing ground networks, thereby integrating 

the air and ground.  While this provides full connection to Test Article (TA) networks, the 

mobility of TAs and the transient nature of test missions leave the overall experience feeling 

less than “real” networks.  We describe a toolset that extends the capabilities of integrated 

IP-telemetry and range networks through specialized routing techniques focused on 

mission-based data delivery needs.  The toolset provides a configurable capability enabling 

packet-based best source selection, firewalling, multicasting, and QoS enforcement across 

the range on a per program basis.  The building blocks of the toolset allow for the creation 

of virtualized network components that are mission-based rather than infrastructure and 

enables seamless network operation with network telemetry, giving mission personnel the 

ability to specialize the network for their needs without depending upon the range IT 

department. 

  

  

9:30 a.m.  

15-11-03 
“EVTM (Ethernet-Via-Telemetry); A Method Of Transferring Standard Ethernet 

Traffic Over Existing Telemetry Rf Links” 

Matt Schultz, Quasonix, Inc 

  

 EVTM (Ethernet-Via_TeleMetry) is a method of encoding standard Ethernet packetized 

data into a SST (Serial Streaming Telemetry) data stream at the transmit end, and decoding 

the stream back to standard Ethernet packets at the receive end.  The system is designed to 

be frequency diverse, and bidirectional, to allow for standard transfer protocols (TCP/IP, 
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UDP, etc.).     This paper will describe the system intent, design and implementation, along 

with the restrictions and requirements for operation.  It will also present the initial findings 

for first article testing, and the lessons learned.  Finally,  the plans for future system 

improvements and changes will be addressed.   

  

  

10:00 a.m.  

15-11-04 
“Interoperability Standards For Network Based Airborne Video Systems” 

Mark Buckley, Telspan Data; Alfredo Berard, 96Ranss/Rnre; Michael Butler, 96 

Ranss/Rnre 

  

 The deployment of network-based airborne instrumentation is leading to cost efficient 

replacement of legacy systems.  One application of airborne instrumentation systems that 

has to this point been developed and maintained separately from traditional avionics and 

orange-wire data acquisition systems is video and imagery.  The development of network-

based video and imagery systems has led to an opportunity to unify these two previously 

distinct airborne data acquisition activities using standards for plug-n-play interoperability 

across airframes and organizations.  This paper describes standards based network-based 

video and imagery instrumentation systems which, are being implemented to replace 

existing proprietary systems. 
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Session 12 Antennas and RF II 

Chair Darryl Burkes, U.S. Air Force 

  

  

8:30 a.m.  

15-12-01 
“Statistical Characterization Of Multipath Propagation At Edwards AFB” 

Edem Gagakuma, Brigham Young University; Michael Rice, Brigham Young University 

  

 This paper describes the use of scattering functions to characterize time-varying multipath 

radio channels. Channel Impulse responses were measured at Edwards Air Force Base 

(EAFB) and a process is outlined for generating scattering functions from the impulse 

response data . From the scattering function we compute the corresponding Doppler power 

spectrum and multipath intensity profile. These functions completely characterize the signal 

delay and the time varying nature of the channel in question and are used by systems 

engineers to design reliable communications links. We observe from our results that flight 

paths that had ample reflectors exhibited significant multipath events.   

  

  

9:00 a.m.  

15-12-02 
“A Brave New C Band Architecture” 

Juan Guadiana, Rigil Corporation; Brecken Uhl, Scientific Value Llc 

  

 This paper looks at the migration paradox from a holistic perspective, revisits the Smarter 

Antenna concept and looks for synergetic solutions.  The architecture presented also builds 

on the momentum of the relentless migration to network technology (that has already 

transformed telemetry data centers) and pushes it to the the vehicle.  The results are reduced 

costs and exciting new functionality, such as better situational awareness for mission 

conduct and range safety.  Spatial and temporal domains are harnessed as aggressively as 

the frequency domain to enable denser spectral utilization and other exciting benefits. 

Imagine a Test Range no longer reliant on tracking systems (almost)! 

  

  

9:30 a.m.  

15-12-03 
“Can Space Time Encoding And Adaptive Equalization Benefit Rotary-Wing Missions 

At The Yuma Proving Ground?” 

Michael Diehl, U.S. Army Yuma Proving Ground; Jason Swain, ; Tab Wilcox,  

  

 The US Army Yuma Proving Ground (YPG) utilizes telemetry in several critical ways. Data, 

video, and voice from test aircraft provides YPG the information necessary to effectively 

execute missions. This information must be displayed real-time for efficient use of available 

flight time, making a robust telemetry link vital. In seeking an increased telemetry downlink 

capability, YPG considered two new technologies:  Space Time Encoding and Adaptive 

Equalization. These technologies have shown reduced multipath and increased datalink 

reliability on fixed wing aircraft; however, YPG’s concern was the technology’s benefits on 

rotary wing aircraft tested here. To assess potential benefits of these technologies, YPG 

conducted flight tests using representative flight profiles and vendor-supplied equipment to 

collect quantitative and qualitative data. 

  

  

10:00 a.m.  

15-12-04 
“Study Of Aircraft Shadowing Effects During Manuevers For Aeronautical Telemetry” 

S. Aswathy, Aeronautical Development Agenc; F. Nishad, Aeronautical Development 

Agency; K. P. Anantha , Aeronautical Development Agency 

  



ITC 2015 Technical Program 

 
 Typical aeronautical telemetry instrumentation for a fighter aircraft comprises of multiple 

antennas on the aircraft, with typical placement of one antenna on the spine and the other on 

the aircraft belly. Complimentary to the aircraft instrumentation is a ground telemetry 

station equipped with a tracking antenna. Air to ground channel for this telemetry link is 

considered as line of sight propagation, but there is RF link loss observed at the ground 

station at certain instants of time. The main objective of this paper is to study and analyze 

masking patterns and RF link loss at the ground station with respect to different aircraft 

attitudes. Polarization diversity combining at the RF receiver and frequency diversity 

combining at the tracking receiver are explored at the ground station to mitigate the effect of 

RF fading due to antenna masking. This paper also brings out the possible causes and effects 

of the RF level drop and the solutions which can be explored to overcome it. 
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Session 13 Software Tools 

Chair Jon Morgan, U.S. Air Force 

  

  

8:30 a.m.  

15-13-01 
“Using C# And WPF To Create A Dynamic 3D Telemetry Theater And Trajectory 

Visualization Tool” 

Mark Reff, Raytheon; John O'Neal, Raytheon 

  

 Telemetry data from flight tests are normally plotted using MatLab™ or other third party 

software.  For most of the trajectory and flight parameters, a static 2D or 3D line graph 

does not provide the proper data visualization that can be accomplished with 3D software.  

Commercial 3D software can be expensive and difficult to customize, and writing custom 

software using Direct3D or OpenGL can be complex and time consuming.  These problems 

were overcome using C# and Windows Presentation Foundation (WPF) to quickly and 

easily create a 3D Telemetry Theater and Trajectory Visualization Tool to dynamically 

display actual and simulated flight tests. 

  

  

9:00 a.m.  

15-13-02 
“A Program To Display Big Data” 

Piyarat Chantaworakunakorn, Northern Arizona University; Michael Munoz, Northern 

Arizona University 

  

 This paper describes a new way to look at telemetry data. Northern Arizona University 

(NAU) students are researching a new approach to apply virtual reality (VR) to evaluate 

data from a collection of stored signals. Each signal will have limits attached which we will 

use to view the parts of the waveform which contain abnormalities. A program to illustrate 

the technique is being developed by NAU students. Initially, we were working with Vizard 5, 

using the Python language. However, there is another program, Unity, which will perhaps 

be more useful for the application we wish to achieve. Additionally, we are examining a 

technique to accurately access the telemetry data collected. The amount of telemetry data 

collected has increased over the years resulting in difficulties in identifying the relevant 

information. We are searching for a better approach to store and access big data and will 

demonstrate this approach by utilizing Oculus Rift and Microsoft Kinect. 

  

  

9:30 a.m.  

15-13-03 
“Rule-Based Constraints For Metadata Validation And Verification In A Multi-

Vendor Environment” 

Timothy Darr, Knowledge Based Systems Inc.; John Hamilton, Knowledge Based Systems 

Inc.; Ronald Fernandes, Knowledge Based Systems Inc.; Dave Jones, Knowledge Based 

Systems Inc.; Jon Morgan, Jt3, Llc 

  

 This paper describes a method in which users realize the benefits of a standards-based 

method for capturing and evaluating verification and validation (V&V) rules within and 

across metadata instance documents. The method uses a natural language based syntax for 

the T&E metadata V&V rule set in order to abstract the highly technical rule languages to a 

domain-specific syntax.  As a result, the domain expert can easily specify, validate and 

manage the specification and validation of the rules themselves. Our approach is very 

flexible in that under the hood, the method automatically translates rules to a host of target 

rule languages. We validated our method in a multi-vendor scenario involving MDL and 
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IHAL instance documents, user constraints, and domain constraints. The rules are captured 

in natural language, and used to perform V&V within a single metadata instance document 

and across multiple metadata instance documents.  

  

  

10:00 a.m.  

15-13-04 
“Using Agile Methods For Software Development In R&D Scenario” 

Luiz Eduardo Vasconcelos, Ipev / Ita; Andre Kusumoto, Ipev; Nelson Leite, Ipev; Cristina 

Lopes, Iae / Ita 

  

 Due the quick change of business processes in organizations, software needs to adapt 

quickly to meet new requirements by implementing new business rules. In Research and 

Development (R&D) scenario, the research is highly non-linear and changes are inevitable.   

In this context, it is known that traditional methodologies (e.g. waterfall) may lead to the 

detection of failures late, increase the time and cost of development and maintenance of 

software. On the other hand, agile methodologies are based on Test-Driven Development 

(TDD), maintains the technical debt under control, maximize the Return on Investment and 

reduce the risks for customers and companies.   In this paper, we show the use of Scrum and 

TDD in the development of an experimental tool that aims to make the calibration in real 

time of the rudder of a fighter aircraft. The preliminary results allowed to increase the 

coverage testing of the software and hence the quality of the tool.    
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Session 14 Signal Processing 

Chair Edward Bukowski, U.S. Army Research Laboratory 

  

  

8:30 a.m.  

15-14-01 
“An On-Board Instrumentation System For High-Rate Medium Caliber Projectiles” 

Edward Bukowski, Michael Don, David Grzybowski, Thomas Harkins, U.S. Army 

Research Laboratory 

  

 The U.S. Army Research Laboratory has developed an on-board telemetry instrumentation 

system to obtain measurements of the in-flight dynamics of medium caliber projectiles.  The 

small size, high launch acceleration, and extremely high spin rates of these projectiles 

created many design challenges. Particularly challenging were the high spin rates, 

necessitating the development of a custom data compression scheme for solar sensors.  The 

system was integrated into a 30mm projectile and successfully captured data during flight 

experiments in which the projectile spin rate exceeded 1000 Hertz.   

  

  

9:00 a.m.  

15-14-02 
“On-Board Data Processing And Filtering” 

Marc Faber, Zodiac Data Systems Gmbh 

  

 One of the requirements resulting from mounting pressure on flight test schedules is the 

reduction of time needed for data analysis, in pursuit of shorter test cycles. This 

requirement has ramifications such as the demand for record and processing of not just raw 

measurement data but also of data converted to engineering units in real time, for an 

optimized use of the bandwidth available for telemetry downlink and for shortening the 

duration of procedures intended to disseminate pre-selected recorded data among different 

analysis groups on ground.   ZDS is addressing these needs by adding filtering and on-

board processing capabilities in their flight test equipment, providing the ability to process 

data in engineering units wherever required, which includes combining data acquired on 

different hardware inputs. Also, the telemetry downlink method being standardized in 

IRIG106 Ch7 is taken into consideration as part of the approach to the requirements 

mentioned above     

  

  

9:30 a.m.  

15-14-03 
“Results For Precise GPS Trajectography Computation Without Base Station” 

Guillermo Martínez Morán, Airbus Defence & Space 

  

 The use of differential GPS postprocesing for precise trajectography computation has been 

widely used since early 90s. Differential GPS is based on the spatial and temporary 

correlation of GPS signals in a specific area. To make use of this correlation, it is 

mandatory to install a GPS base station in a well known position. In the beginning, 

decimeter accuracy within 100 Km range from the base station could be achieve by using 

code differential techniques.  When  dual-carrier phase receivers came centimeter 

accuracies were possible, but only 50 Km around the base station.    Nowadays, the 

existence of lots of continuous-logging GPS base stations has allowed a big improvement in 

GPS error models. Using these precise models, centimeter-accurate trajectography is 

possible with only one GPS receiver and without range restrictions. This technique is called 

Precise Point Positioning (PPP).    The performance results for PPP, obtained after a real 

10 flights campaign, will be presented.   
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Session 15 Special Session, iNet 

Chair Thomas Grace, U.S. Navy 

 

Sponsored by the Central Test and Evaluation Investment Program (CTEIP), the integrated Network 

Enhanced Telemetry (iNET) Project has conducted its initial flight testing of the Telemetry Network 

System (TmNS) for aeronautical telemetry.  The flight testing demonstrated the realization of the INET 

architecture and standards allowing multiple vendors hardware to interoperate within a single system.  

This special session will provide a program update, flight test results, lessons learned, and updates to the 

standards. 

2:30 p.m. 

"Update and Overview of the iNET Program" 

Thomas Grace, NAVAIR 

This presentation will provide the current status and what’s next for the program.  It will also briefly 

discuss the transition of the iNET standards into IRIG 106 Part2. 

3:00 p.m. 

"Overview of TmNS Flight Testing & Results" 

Ben Abbott, SwRI 

This presentation will provide an overview of the flight testing of the TmNS and the test results.  It will 

show results from different applications operating over the network such as VoIP and PCM backfill. 

3:30 p.m. 

"A Focus on the RF Network Flight Testing & Results" 

Wayne Timme, SwRI 

This presentation will provide a more detail focus on the RF network testing and its results.  It will 

include showing results from multiple antennas tracking and handing off between antenna sites. 

4:00 p.m. 

"Open Discussion" 
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Session 16:  Special Session, Range Commanders Council, Telemetry Group:  Updates to IRIG 106-

15 "Telemetry Standards" and Telemetry Networks Standards Plans and Progress 

  

Chair:  Darryl Burkes, RCC Telemetry Group Chairman; NASA Armstrong 

  

 

This session, sponsored by the Range Commanders Council Telemetry Group, will provide an overview of 

the significant changes found in the latest edition of the “Telemetry Standards,” IRIG 106-15.  Also 

discussed will be the approach to developing a suite of Telemetry Network Standards based on the work 

of the integrated Network Enhanced Telemetry (iNET) project 

 

 

 

Opening Remarks Darryl Burkes 

 

IRIG 106 Updates  

 

 Space Time Coding (new) Robert Selbrede 

 

 Low Density Parity Check Coding (new) Robert Selbrede 

 

 Chapter 7 (new) Jon Morgan 

 

Telemetry Networks Raymond Faulstich 
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Session 17 Data Security and Integrity II 

Chair Scott Kujiraoki, NAVAIR 

  

  

2:30 p.m.  

15-17-01 
“Exploring Vulnerabilities In Networked Telemetry” 

Felix Shonubi, Morgan State University; Ciara Lynton, Morgan State University; Joshua 

Odumosu, Morgan State University; Daryl Moten, Morgan State University 

  

 The implementation of iNET in telemetry applications provides significant enhancement to 

telemetry operations. Unfortunately such networking also brings the potential for 

devastating cyber-attacks and networked telemetry is also susceptible to these attacks. This 

paper demonstrates a worked example of a client-side attack carried out on a test bed 

network, documenting the attack process from launch to detection. For this demonstration, 

a penetration-testing tool called Metasploit is used to launch the attack. This attack will be 

monitored to detect its signature using Wireshark, the premier tool used for network 

protocol analysis. This signature will then be used to create a rule which will trigger an 

alert in Snort, an Intrusion Detection System. This work highlights the importance of 

network security in telemetry applications and is critical to current and future telemetry 

networks as cyber threats are widespread and potentially devastating. 

  

  

3:00 p.m.  

15-17-02 
“Title: A Model For Cyber Attack Risks In Telemetry Networks” 

Farzad Moazzami, Morgan State University; Richard Dean, Morgan State University; Neda 

Bazyar Shourabi, Morgan State University 

  

 With the leap toward integrated networks for enhanced telemetry, along with the benefits of 

sharing resources in a networked environment, come the information assurance issues that 

threaten all of the network solutions.  This paper simulates a stochastic model for analyzing 

and modeling cyber threats in an aeronautical environment as part of a risk management 

model. The first stage is the modeling of attack sources and attack types which include 

probability modeling for each attack. Second stage assesses the likelihood of success of an 

attack in a given time interval. The last stage of the modeling shows a measure of the 

damage to the enterprise based on the amount of unmitigated time an adversary has in the 

network. The model is packaged to provide an overall assessment of a risk measure as a 

percentage of the overall value of the enterprise. Simulation results will demonstrate the 

application of this risk model to iNet infrastructure.  
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Session 18 Software Defined Radio 

Chair Dan Harris, L-3 Communications -Telemetry & RF Products 

 

  

  

2:30 p.m.  

15-18-01 
“A Software Defined Radio Based Architecture For The Reagan Test Site Telemetry 

Modernization (RTM) Program” 

Mark Pippitt, MIT Lincoln Laboratory; David Ardrey, MIT Lincoln Laboratory; Gregory 

Gimler, MIT Lincoln Laboratory 

  

 MIT Lincoln Laboratory has developed a Software Defined Radio based architecture for the 

Reagan Test Site Telemetry Modernization (RTM) program, which will enhance the current 

operations of the ground based telemetry systems and enable new modes of operation.     

RTM provides a fully integrated system that can be configured and remotely controlled from 

a single location. This centralized command and control provides a way to automate certain 

functions and frees up operator resources, especially for more complex mission scenarios.    

Software modules, running on general-purpose computers perform signal and data 

processing that have been traditionally performed in special purpose hardware based 

components.  This provides the flexibility to scale and adapt to future needs, such as 

spectrum change, increased need for capacity, and changes to modulation, encoding, and 

compression.    

  

  

3:00 p.m.  

15-18-02 
“A Low-Cost Software-Defined Telemetry Receiver” 

Michael Don, U.S. Army Research Laboratory 

  

 The Army Research Laboratories has developed a PCM/FM telemetry receiver using a low-

cost  commercial software-defined radio (SDR). Whereas traditional radio systems are 

implemented  in hardware, much of the functionality of software-defined radios is defined in 

software. This  gives them the flexibility to accommodate military telemetry standards as 

well as other  specialized functions. After a brief review of telecommunication theory, this 

paper describes the  receiver implementation on a commercial SDR platform. Data rates up 

to 10 Mbs were obtained  through the customization the SDR’s field programmable gate 

array.   

  

  

3:30 p.m.  

15-18-03 
“SOQPSK Software Defined Radio” 

Christopher Hogstrom, Brigham Young University; Christopher Nash, Brigham Young 

University 

  

 This paper presents the results of laboratory experiments using a commercial-off-the-shelf 

software defined radio to demodulate SOQPSK-TG for aeronautical telemetry. Using the NI 

USRP N210 and ZynqTM processor, we achieved 900 kbits/s demodulation and found that 

the USRP N210 has a signal sensitivity of -71 dBm at a BER of 10-6. 
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Session 19 Modulation and Coding III 

Chair Jesus Nevarez, U.S. Army 

  

  

2:30 p.m.  

15-19-01 
“Telemetry Characterization And Optimization For INCA Cubesat” 

Taylor Burgett, New Mexico State University 

  

 The focus of this paper is maximizing the performance of the telemetry system for the INCA 

(Ionospheric Neutron Content Analyzer) cubesat mission that is currently under development 

at New Mexico State University, using tests to figure out the optimal selection of frame 

scheme, data rate, and modulation technique based on the requirements of the mission. This 

will help characterize the performance of different modulation techniques in order to pick the 

optimal parameters to maximize the chance of mission success. The results will be evaluated 

through a comparison of the error rates for the different modulation schemes and statistical 

analysis to show the reliability of the data. The results will be useful to any future mission 

that implements the same or similar satellite communication system including future satellite 

missions at NMSU. 

  

  

3:00 p.m.  

15-19-02 
“Performance Limits On Joint Estimation Of Frequency Offset, Channel And Noise 

Variance In Aeronautical Telemetry” 

Michael  Rice, Brigham Young University; Md. Shah Afran, Ut Dallas; Mohammad Saquib, 

The University Of Texas At Dallas 

  

 Modern digital communication techniques leverage the capabilities of advanced digital 

signal processing  to improve the bit error rate performance of modulated carrier in harsh 

radio frequency  (RF) environments. This improvement requires the knowledge of the RF 

environment (e.g., frequency  offset, multipath channel coefficients, noise variance). In this 

paper we derive the theoretical  performance bound of the joint frequency offset, channel and 

noise variance estimators.  Performance of the joint maximum likelihood estimators are 

compared with this bound for two of  the measured aeronautical telemetry channels with 

iNET-formatted SOQPSK-TG samples.  
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Session 20 Antennas and RF Systems III 

Chair Steven Meyer, NAVAIR 

  

  

2:30 p.m.  

15-20-01 
“JASON3, A Story Of Telemetry And Telecommand Interference Handling” 

Céline Loisel, Cnes; Gérard Zaouche, Cnes 

  

 JASON3 TT&C sub-system uses two S-Band transceivers with a redundant architecture 

offering thus robustness. Two identical large aperture antennas, pointed in opposite 

direction, allow to reach a near omni coverage.     As part of the PROTEUS spacecraft 

family, JASON3, JASON1 and SMOS are sharing the same TT&C frequencies leading to 

high RF conflict rate in TC and TM links.     In addition, during its first months in orbit, for 

calibration purpose, JASON3 will be co-localized with its twin JASON2. Even if their 

frequencies are different, their joint operations may lead to interference occurrences too.    

Finally, JASON3 had to face a last interference case on the launch pad. Because of too close 

frequencies with SpaceX launcher, the project had to deal with a risk of NO TM at 

separation. By consulting the launcher company, a way to cancel this interference issue was 

finally found.    This paper will thus present the methodology and the results of these 

different interferences studies.   

  

  

3:00 p.m.  

15-20-02 
“Spatial Diversity Combining Using Blind Estimation Techniques” 

Mark Pippitt, MIT Lincoln Laboratory; David Ardrey, MIT Lincoln Laboratory; Gregory 

Gimler, MIT Lincoln Laboratory 

  

 Telemetry ranges often employ multiple antennas and receive sites to ensure that signal 

reception is robust to fading, which is common at a single site. A typical solution is to employ 

a best choice selector that performs either a digital or analog combine of signals from 

multiple antennas.     This paper presents an approach which combines signals from multiple 

antennas before they are demodulated.  The combined signal is guaranteed to improve upon 

the performance of any single antenna.  By taking advantage of blind channel estimation, the 

combined signal can be computed as a time varying weighted sum of digital I and Q samples 

from multiple antennas.      This paper will detail the combining algorithm and characterize 

its performance, based on simulated and measured data collections, as compared to 

traditional digital and analog combining techniques.   

  

  

3:30 p.m.  

15-20-03 
“C-Band Transmitter Experimental (CTREX) Test At White Sands Missile Range” 

Jesus Nevarez, Us Army White Sands; Joshua Dannhaus, WSMR 

  

 The Department of Defense (DoD) anticipated the eventual sell off of a portion of the 

Aeronautical Mobile Telemetry (AMT) frequency spectrum (from 1755-1780 and 2155-2180 

Mhz), prompting the telemetry (TM) community to start designing and testing systems 

capable of operating in a portion of the C-Band spectrum (4400-4940 MHz and 5091-5150 

MHz) several years ago.  On December 17, 2014 the NAVY targets office of White Sands 

Missile Range (WSMR) launched the first in a series of C band and S band instrumented 

Orion vehicles to provide RF transmitted data products for ground system collection and in 

depth analysis. This paper presents the first C-band Transmitter Experimental (CTrEX) high-

dynamic, spinning vehicle test at WSMR and summarizes the initial findings along with a 

path forward for future CTrEX rocket tests. 
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Session 21 Hardware Implementations 

Chair Shannon Wigent, Laulima Systems 

  

  

2:30 p.m.  

15-21-01 
“Ultrasonic Transmitter Implemented On Arduino With Direct Digital Synthesis” 

Kai Gustafson, Theta Tau; Jonathan Owen, University Of Kansas; Brandon Ravenscroft, 

University Of Kansas; Amanda Hellberg, University Of Kansas 

  

 Ultrasonic frequency signals can be employed in a manner similar to radio frequency signals 

for target detection and ranging by utilizing concepts from radar systems. This project uses 

components operating in the ultrasonic frequency spectrum to transmit and receive signals 

for detection and ranging. The project concept contains a single channel ultrasonic 

transmitter and a single channel ultrasonic receiver. An Arduino Due microcontroller is used 

to coordinate the radar system. The radar transmitter is continuously transmitting chirp 

waveforms in a frequency sweep pattern from 30 kHz to 50 kHz. Chirp echoes are received 

by the ultrasonic microphone. The echoes are mixed with the originally transmitted chirp, 

which creates a beat frequency response. The beat frequency is used to calculate the range of 

the target. 

  

  

3:00 p.m.  

15-21-02 
“IPCM Telemetry System: Experimental Results” 

Marco Carvalho, Dcta-Ipev; Nelson Leite, Ipev 

  

 The aeronautical industries have been suffering budgets reduction and the market has new 

challenges associated to new companies. Telemetry community has been facing the increase 

of the electromagnetic spectrum usage for a variety of applications (e.g. 4G), after all 

telemetry is everywhere. In view of these issues and focused on the inherent requirements of 

the Flight Test application, the IPEV R&D group proposes the iPCM Telemetry architecture 

as solution for the existing reliability and bandwidth issues associated with the telemetry 

link. A description of this architecture was published in the ITC 2012 as "IPCM Telemetry 

System". In this new article, as a proof-of-concept of the iPCM architecture, it will be 

performed an experimental assembly. The results demonstrate the iPCM's ability to 

regenerate corrupted data providing the required data integrity and reliability, besides the 

capability to dynamically select the FTI transmitted parameter list to optimize the link 

bandwidth.  

  

  

3:30 p.m.  

15-21-03 
“An Evaluation System For Airplane’s Power Supply” 

Jian Song, Beijjing Zoweetech Ltd.; Liu Cao, Beijing Zoweetech Ltd. Chengdu Branch; Ni 

Luo, Beijing Zoweetech Ltd.; Min Xu, Beijing Zoweetech Ltd. Chengdu Branch 

  

 Power supply is the most critical unit in an airplane. A defect in a power supply might lead 

to a crash. Therefore, it is very useful and important to monitor the status of the airplane’s 

power supply during flight. This paper presents a real-time evaluation system constructed by 

a central process unit for processing and detecting defects and several remote units for 

acquiring parameters. Because of the huge amount of data acquired, a combination of 
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Ethernet and time division multiplexing technique has been applied for constructing a 

2.5Gbps sync data transportation network for the system. 

  

  

 

 

Thursday, 29
th

, 8:30 – 11:30 a.m.                                                       Bronze 3 

 

 

Session 22 Special Session, MDL 

Chair Lee Eccles, Boeing 

  

 There are two areas of concern for the MDL Users Group to discuss. One is the interface 

between the user’s software that is used to setup a device such as a DAU and the supplier’s 

software that actually produces the setup file. The users group has been planning on defining 

an HTTP interface for this application. The other discussion is how the suppliers can provide 

the constraints that tell the users software what settings are allowable. One company is 

planning to demonstrate a system that implements the constraints using XForms. 
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Session 23 Modulation and Coding IV 

Chair Michael Rice, Brigham Young University 

  

  

8:30 a.m.  

15-23-01 
“On The Performance Of Equalizers In An Aeronautical Telemetry Environment” 

Edem Gagakuma, Brigham Young University- Prov; Michael  Rice, Brigham Young 

University 

  

 This paper examines the bit error rate (BER) performance of four equalization techniques 

with Forney and matched filter observation models for BPSK operating over multipath 

channels measured at Edwards AFB. The maximum likelihood sequence estimator is able to 

eliminate all the ISI induced by the multipath channel. For the filter-based equalizers (zero-

forcing, minimum mean-squared error, and decision-feedback), the depth of the nulls defines 

the performance of the filter-based equalizers. Generally speaking, the matched filter 

observation model produces a channel with deeper nulls than the Forney observation model. 

But this advantage is achieved at the cost of a noise whitening filter. For flight-line channels 

the Forney observation model is the best choice for any filter-based equalizer. For low-

elevation angle up-and-away channels the decision-feedback equalizer with either 

observation model yields excellent performance.  

  

  

9:00 a.m.  

15-23-02 
“Maximum Likelihood Detection From Multiple Bit Sources” 

Michael  Rice, Brigham Young University; Erik Perrins, University Of Kansas 

  

 This paper deals with the problem of producing the best bit stream from a number of input 

bit  streams with varying degrees of reliability. The best source selector and smart source 

selector are recast as detectors, and the maximum likelihood bit detector (MLBD) is derived 

from basic principles under the assumption that each bit value is accompanied by a quality 

measure proportional to its probability of error. We show that both the majority voter and 

the best source selector are special cases of the MLBD and define the conditions under 

which these special cases occur. We give a mathematical proof that the MLBD is the same as 

or better than the best source selector.  

  

  

9:30 a.m.  

15-23-03 
“Frequency Domain Equalizer For Aeronautical Telemetry” 

Md. Shah Afran, Ut Dallas 

  

 This paper presents a frequency domain equalization (FDE) technique for aeronautical 

telemetry  channels. The FDE has significantly lower computational complexity compared to 

its time-domain  counterpart, however both are found to exhibit almost identical 

performance. A cyclic prefix is  generally needed to implement the FDE. In this paper, we 

exploit the repetition of iNET preamble  and ASM bits in place of cyclic prefix.   

  

  

10:00 a.m.  

15-23-04 
“Metrics And Test Procedures For Data Quality Estimation In The Aeronautical 

Telemetry Channel” 

Terry Hill, Quasonix, Inc. 

  

 There is great potential in using Best Source Selectors (BSS) to improve link availability in 
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aeronautical telemetry applications. While the general notion that diverse data sources can 

be used to construct a consolidated stream of "better" data is well founded, there is no 

standardized means of determining the quality of the data streams being merged together. 

Absent this uniform quality data, the BSS has no analytically sound way of knowing which 

streams are better, or best. This problem is further exacerbated when one imagines that 

multiple vendors are developing data quality estimation schemes, with no standard definition 

of how to measure data quality. In this paper, we present analysis and experimental results 

for potential methods of gauging the quality of a data stream, by examining the signals 

present in the demodulator. This work leads toward a potential standardization that would 

allow data quality estimators and best source selectors from various vendors to interoperate. 
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Session 24 Networks III 

Chair Thomas Fisher, Boeing 

  

  

8:30 a.m.  

15-24-01 
“Leveraging PLC Technology To Interface Network Sensors And Subsystems On 

Legacy Platforms” 

John Kurkjian, 5-D Systems 

  

 Power line communications (PLC)-based transceivers provide an alternative to establishing 

dedicated aircraft Ethernet networks.  Adding new aircraft functionality or installing 

special purpose instrumentation often requires significant engineering and aircraft down 

time to complete.  PLC-based networks can reduce project cost and schedule by enabling 

localized aircraft modifications and leveraging existing aircraft wiring for the Ethernet 

medium.  PLC standards continue to evolve and achieve greater throughput rates and noise 

mitigation.  Ethernet communications have been tested over AC and DC power busses, data 

busses, and discrete wiring.  PLC networks have been successfully demonstrated in avionics 

test beds and aircraft (including live video transfers) without causing interference to the 

basic systems or the underlying wiring functionality.  PLC transceivers provide a cost 

effective solution to the adding Ethernet capabilities or Ethernet-based subsystems to 

existing aircraft. 

  

  

9:00 a.m.  

15-24-02 
“One Approach For Transitioning The iNET Standards Into The IRIG 106 Telemetry 

Standards” 

Carl Reinwald, CSC 

  

 This paper documents one proposed approach for transitioning the Integrated Network 

Enhanced Telemetry (iNET) Standards into the IRIG 106 Part 2 Telemetry Network 

Standards.  Describing the iNET Standards in terms of the Transmission Control 

Protocol/Internet Protocol (TCP/IP) Model provides a solid foundation for the proposed 

IRIG 106 Part 2 chapter structure.  The proposed approach incorporates an application-

centric paradigm by emphasizing application-to-application communication.  One change 

proposal augments the current Simple Network Management Protocol (SNMP) application 

protocol with a Hypertext Transfer Protocol (HTTP) application protocol that enables 

advanced data transfer features and other options.  Another change proposal includes Data 

Channel enhancements resulting in a more harmonious relationship between statically and 

dynamically-defined Data Channels.  This paper includes a high level transition plan for 

migrating towards this proposed approach for IRIG 106 Part 2. 

  

  

9:30 a.m.  

15-24-03 
“Semantic Validation Of T&E XML Data” 

Jakub Moskal, Vistology, Inc.; Mieczyslaw Kokar, Vistology, Inc.; Jon Morgan, Jt3, Llc 

  

 It is anticipated that XML will heavily dominate the next generation of telemetry systems. 

The syntax of XML-based languages can be constrained by a schema that describes the 

structure of valid documents. However, the schemas cannot express all dependencies 

between XML elements and attributes, both within a single document and across multiple 

documents.This prohibits the XML validation process from being fully automated with 

standard schema processors.   This paper presents an approach that is based on the W3C 

Semantic Web technologies and allows different vendors and system integrators to 
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independently develop their own semantic validation rules. In this approach, different 

vendors and system integrators can independently specify their own validation rules. The 

rules are equipped with powerful semantics, which allows for specification of constraints 

that no XML schema language could ever offer. The approach is not specific to a particular 

T&E standard and is entirely standards-based. 

  

  

10:00 a.m.  

15-24-04 
“Synchronized Data Transportation For Distributed Acquirement System Through 

Direct Ethernet Connection And TDM” 

Jian Song, Beijjing Zoweetech Ltd.; Haijiao Wang, Shenzhen Zoweetech Ltd.; Zhongjie 

Wang, China Flight Test Establishment; Shengyuan Qi, China Flight Test Establishment 

  

 To use Ethernet is the most convenient way to set up a transportation network for a 

telemetry data acquirement system. However, due to its CSMA/CD (Carrier Sense Multiple 

Access and Collision Detection) mechanics, Ethernet cannot transport data synchronously. 

This paper analyzed important features of transportation in a distributed data acquirement 

system, and presents a resolve for synchronously transporting data in a distributed data 

acquirement system by using direct Ethernet connection and TDM (time division 

multiplexing) technique. 
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Session 25 Antennas and RF IV 

Chair Ron Pozmantier, U.S. Air Force 

  

  

8:30 a.m.  

15-25-01 
“Advanced Telemetry Tracking System For High Dynamic Targets” 

Nathan Minschwaner, Viasat; Nelson Leite, Ipev 

  

 A new advanced 2.4 meter telemetry tracking antenna system allows for successful 

autotracking of high dynamic targets. The system is designed to work at C, S, and L bands. 

One of these systems at L/S-band was recently implemented and tested in the field. The 

testing included tracking aircraft during maneuvers such as rolls, spins, and antenna tower 

fly-by at high rates of speed.    This paper examines test results and some of the features of 

the new system that allow for continuous tracking. 

  

  

9:00 a.m.  

15-25-02 
“Limitation Of The 2-Antennas Problem For Aircraft Telemetry By Using A Blind 

Equalizer” 

Alexandre Skrzypczak, Zodiac Data Systems; Gregory Blanc, Zodiac Data Systems; Tangi 

Le Bournault, Zodiac Data Systems; Jean-Guy Pierozak, Zodiac Data Systems 

  

 The emission of the telemetry signal is required over minimum two different antennas to 

keep the telemetry link available during a maneuver of a flying object. If nothing is made at 

the transmitter side, the well-known “2-antennas problem” arises: if the receiving antenna 

points at the aircraft with certain angles, the telemetry can be fully lost as both signals may 

have an opposite phase. We here propose a simple solution based on delay diversity to 

manage this. The basic idea is to introduce a delay between both emitted signals to 

guarantee a non-destructive signal recombination. We then exploit the ability of the blind 

equalizer developed by ZDS for the PCM/FM modulation to correctly equalize this signal 

and to recover the initial data. This solution does not require any modification of the on-

board and floor set-ups except the introduction of a delay line between both transmitting 

antennas. It also does not need any pilot sequence and is natively robust to multipath 

perturbations. 

  

  

9:30 a.m.  

15-25-03 
“Efficient AOA Estimation Techniques For GPS Signal” 

Suk-Seung Hwang, Chosun University; John Shynk, University Of California, Santa 

Barbara; Hua Lee, University Of California, Santa Barbara 

  

 Global Positioning System (GPS) interference signals are suppressed using angle-of-arrival 

(AOA) techniques, while at the same time the power of the GPS signal is enhanced. After 

estimating all AOAs from the received signal, we must determine which AOA corresponds to 

the GPS signal of interest, and in the presence of high-power interference signals. In this 

paper, we describe an algorithm for selecting the GPS AOA by first comparing all AOAs 

derived from the received signals before despreading. Although this approach has excellent 

performance, it has a high computational complexity. In order to overcome this drawback, 

we introduce a modification that yields an efficient GPS AOA estimation algorithm, which is 

based on a modified despreader and the constant modulus (CM) array cost function. This 

approach does not have only low computational complexity, but it also does not require 

selectiong the GPS AOA from estimated AOAs. 
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Session 26 Hardware and 3D Printing 

Chair Phil Ellerbrock, Boeing 

  

  

8:30 a.m.  

15-26-01 
“Advances In The Development Of Missile Telemetry Test Sets: Utilizing 3D Printing 

For Rapid Prototyping And Manufacturing” 

Scott Kujiraoka, NAVAIR; Max Apalboym, NAVAIR 

  

 Functionally testing missiles in the All Up Round (AUR), a configuration that consists of a 

complete system packaged in its flight worthy state, requires the use of test sets along with 

constituent conformal equipment for interfacing. During developmental testing, telemetry 

(TM) sections are integrated within an AUR missile. These test sets monitor TM unit 

performance while maintaining form, fit, and function; therefore, resulting in complete data 

confidence. 

Initiating TM functional tests permit a capability in verifying that TM sections have been 

integrated properly. Safety being a priority, in order to attenuate RF radiation leakage 

while providing repeatable test capabilities in the near-field, antenna couplers are 

fabricated as a shielding interface between the user and radiating source and a coupling 

interface between an AUR missile and the test set. Generally, antenna couplers are 

composed of metallic bodies which require machine shop fabrication. The process of getting 

machined parts can take up to several months which can delay delivery schedules. 

  

  

9:00 a.m.  

15-26-02 
“Ultrasonic Reciever Compatible With Radar Applications And Navigation Systems” 

Daniel Viselman, University Of Kansas; Brian Markus, University Of Kansas; Chen Jia, 

University Of Kansas 

  

 A four-channel ultrasonic receiver is implemented. All four channels utilize a traditional 

superheterodyne design. Each channel will be capable of receiving and down-converting 

signals with frequencies from 30 kHz to 50 kHz. The system is capable of receiving four 

different continuous wave (CW) ultrasonic signals simultaneously. One application for this 

multichannel ultrasonic receiver involves analyzing the digitally sampled signals from an 

array of four ultrasonic microphones to perform triangulation to obtain the receiver's 

position in three-dimensional space. The receiver has a programmable local oscillator, 

programmable amplifiers, and a customizable low-pass filter option. The customized 

printed circuit board connects as a daughter board to an Arduino Due. The analog-to-

digital converter (ADC) of the Arduino Due can sample data from each channel through a 

USB interface.  

  

  

9:30 a.m.  

15-26-03 
“3D Printable Multilayer RF Integrated System” 

Xiaoju Yu, University Of Arizona; Min Liang, ; Corey Shemelya, ; Ryan Wicker, ; Eric 

Macdonald, ; Hao  Xin,  

  

 In this work, a 3D-printable multilayer phased array system is designed to demonstrate the 

applicability of Additive manufacturing technique in room temperature for RF systems. 
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Phased array systems normally include feeding networks, antennas, and active components 

such as phase shifters and amplifiers. To make the integrated system compact, the array 

here uses multilayer structure that can fully utilize the 3D space.    The proposed phased 

array (working at 3.5 GHz) consists of 3 layers: a 1 to 4 Wilkinson divider at the bottom; 

grounded coplanar waveguide fed voltage controlled phase shifters at the center; and patch 

antennas at the top layer. The vertical interconnections are carefully designed to reduce the 

loss between layers. Simulated results show good impedance matching and high-directive 

scanning beam. This multilayer phased array will finally be 3D printed by integrating 

ultrasonic wire mesh embedding (for metal) and fused deposition modeling technique (for 

dielectric). 

  

  

10:00 a.m.  

15-26-04 
“3D Printed Antennas For Wireless Communications” 

Brent Johnson, University Of Arizona; Colin Madrid, University Of Arizona; Kevin Yiin, 

University Of Arizona; Xizhi Tan, University Of Arizona; Chengxi Li, University Of 

Arizona; Hanwen Wang, University Of Arizona 

  

 Additive manufacturing is an emerging technology characterized by the layer-by-layer 

deposition of material to construct a three dimensional object. The extrusion deposition 

method of additive manufacturing consists of depositing small amounts of material, which 

harden to form layers. The goal of this project is developing a process to deposit conductive 

material without melting the surrounding dielectric substrate in order to 3D print a 

functional antenna. The project utilizes a standard Makerbot Replicator 2X, which has two 

separate extrusion heads. One extrusion head will deposit the dielectric substrate. The 

second extrusion head will deposit solder to form the conductive path within the insulating 

material. The conductivity of the path must meet or exceed 10% of the conductivity of 

copper in order to effectively transmit and receive RF signals. The effectiveness of the 

process will be tested using the S11 protocol to determine the antenna’s efficiency in 

receiving RF-signals. 
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Session 27 Imaging and Video Processing 

Chair Ken Wilhelm, Boeing 

  

  

8:30 a.m.  

15-27-01 
“Computer Vision Analysis For Vehicular Safety Applications” 

Yuan-Fang Wang, UCSB 

  

 We provide an overview of our research on using computer vision analysis for vehicular 

safety applications. In particular, we present three research projects: (1) making vehicles 

on the road translucent to improve video qualities and situation awareness, (2) eliminating 

windshield wipers from videos for enhanced vehicle-to-vehicle information exchange, and 

(3) jitter elimination for image stabilization.  

  

  

9:00 a.m.  

15-27-02 
“Detection And Imaging Of Micro-Periodic Motion With FMCW Sensing Systems” 

Hua Lee, University Of California, Santa Barbara; Vincent Radzicki, UCSB 

  

 Motion estimation is a problem that is encountered in a diverse range of technical fields. 

This paper demonstrates the development of a solution to the motion estimation problem in 

the context of imaging systems. First the general case of motion estimation is outlined 

followed by the special case of micro-periodic motion. The design of an FMCW microwave 

imaging system optimized for micro-periodic motion is then presented along with 

experiments and results that support the theory. 

  

  

9:30 a.m.  

15-27-03 
“A Development Of Real Time Video Compression Module Based On Embedded 

Motion JPEG 2000” 

Min Jee Park, Agency For Defense Development; Jae Taeg Yu, ; Myung Han Hyun, ; Sung 

Woong Ra,  

  

 In this paper, we develop a miniaturized real time video compression module (VCM) based 

on embedded motion JPEG 2000 using ADV212 and FPGA. We consider layout of 

components, values of damping resistors, and lengths of the pattern lines for optimal 

hardware design. For software design, we consider compression steps to monitor the status 

of the system and make the system robust. The weight of the developed VCM is 

approximately 4 times lighter than the previous development. Furthermore, experimental 

results show that the PSNR is increased about 3dB and the compression processing time is 

approximately 2 times faster than the previous development.  

  

  

10:00 a.m.  

15-27-04 
“Passive Acoustic Sensing For The Assessment Of Knee Conditions” 

Vincent Radzicki, UCSB; Koki Matsuura, ; Hua Lee, University Of California, Santa 

Barbara 

  

 Early detection and diagnosis of knee related health disease is critical in mitigating the long 

term health risks of such ailments. Passive acoustic sensing is an under-utilized monitoring 

system that can be used in the assessment and potential diagnosis of knee health that has 

many potential benefits when compared to current medical technology. Developing 

accurate acoustic models and procedures for analyzing acoustic sensor data in these 

applications is of great importance. This paper presents the design and development of 
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passive acoustic sensing system for characterizing knees along with data analysis 

techniques towards this end. 
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8:30 a.m.  

15-28-01 
“An Object-Oriented Interface For Telemetry And Control Of A Mars Rover” 

Joshua Reed, Missouri S&T; Kurt Kosbar, Missouri S&T 

  

 An application has been developed to remotely control a vehicle and display telemetry 

returned by the vehicle through a graphical user interface. The vehicle will compete in the 

University Rover Challenge hosted by the Mars Society. The software is responsible for 

asynchronously communicating to the remote system with a custom protocol over a wireless 

TCP/IP connection, handling user input from a team of human controllers, and processing 

data received from the rover and displaying it on the screen. A strong emphasis was put on 

keeping an object-oriented design throughout the project. It is built around the Model-View-

ViewModel design pattern. The software was constructed using the C# and XAML 

languages with the Microsoft .NET framework. 

  

  

9:00 a.m.  

15-28-02 
“Autonomous Mapping Using Unmanned Aerial Systems” 

Travis  Kibler, University Of Arizona 

  

 One of the most notorious invasive species in the southwest is Pennisetum ciliare or 

Buffelgrass. The primary organization in raising awareness is the Southern Arizona 

Bufflegrass Coordinating Center (SABCC). The SABCC has requested residents to remove 

the grass from their yards, to inform their community of the problem, and to help in 

mapping areas that contain Buffelgrass. The largest problem that SABCC faces is finding a 

reasonable solution to mapping areas of contamination. Our proposed solution to this 

problem uses a multi-copter UAS to autonomously scan and map the areas. The UAS system 

employs three primary subsystems for completing the task of mapping bufflegrass. The first 

of the three systems is an on-board digital camera for acquiring photographs of the area. 

The second subsystem is an obstacle detection and collision avoidance component. The 

third subsystem is a ground station for monitoring in flight data, control of the UAS, and for 

post processing of photographs. 

  

  

9:30 a.m.  

15-28-03 
“Flight Path Simulation In Labview Using LDAR” 

Farzad Moazzami, Morgan State University; Deepak Giri, Morgan State University 

  

 This paper will compare the results of the MATLAB flight path simulation which were 

published in ITC14 with the LabVIEW-FPGA software defined radio module which is being 

developed in collaboration with Georgia Tech. Research Institute under the Link Dependent 

Adaptive Radio (LDAR) project.   In LDAR, the communication parameters such as 

modulation size and coding rate is updated based on the channel condition. A variable 

coding rate and QAM size system is being programmed on to NI-USRP FPGA and a flight 

path using Micheal Rice channels will be simulated for this paper.       

  

  

10:00 a.m.  

15-28-04 

“Telemetry System Architecture For A Solar Car” 

Eric Walter, Missouri S&T; Nicholas Glover, Missouri S&T; Jesse Cureton, Missouri S&T; 

Kurt Kosbar, Missouri S&T 



ITC 2015 Technical Program 

 
  

 This paper discusses the telemetry system used to monitor the performance of a solar-

powered vehicle during testing and competitions. Car-side systems collect and transmit data 

onboard over an ISO 11898 / CAN bus. A bridge then converts this data into TCP/IP 

packets, which are transmitted via Ethernet to a Wi-Fi access point. The data is distributed 

through an IEEE 802.11N 5GHz mesh network to provide real time data to remote 

computers running telemetry software. This software displays and logs data from the car, 

allowing team members to monitor the vehicle. 

  

 

 



A SMARTPHONE-BASED GAIT DATA COLLECTION
SYSTEM FOR THE PREDICTION OF FALLS IN

ELDERLY ADULTS

Matthew Martinez1,2, Phillip L. De Leon1

1New Mexico State University 2Sandia National Laboratories

Klipsch School of Elec. & Comp. Eng. Albuquerque, NM 87185

Las Cruces, NM 88003-8001

ABSTRACT

Falls prevention efforts for older adults have become increasingly important and are
now a significant research effort. As part of the prevention effort, analysis of gait has
become increasingly important. Data is typically collected in a laboratory setting using
3-D motion capture, which can be time consuming, invasive and requires expensive and
specialized equipment as well as trained operators. Inertial sensors, which are smaller
and more cost effective, have been shown to be useful in falls research. Smartphones
now contain Micro Electro-Mechanical (MEM) Inertial Measurement Units (IMUs),
which make them a compelling platform for gait data acquisition. This paper reports
the development of an iOS app for collecting accelerometer data and an offline machine
learning system to classify a subject, based on this data, as faller or non-faller based
on their history of falls. The system uses the accelerometer data captured on the
smartphone, extracts discriminating features, and then classifies the subject based on
the feature vector. Through simulation, our preliminary and limited study suggests
this system has an accuracy as high as 85%. Such a system could be used to monitor
an at-risk person’s gait in order to predict an increased risk of falling.

Keywords: Falls risk, gait, accelerometer, machine learning, smartphone app.

1 INTRODUCTION

Falls prevention efforts for older adults have become increasingly important and are now
a significant health research effort. Unintentional falls are the leading cause of injury to
those over 65 years of age and have significant societal and financial impacts [1]. The
development of assessment tools has focused on both external and age-related risk factors.
External risk factors include home safety and medication risks, whereas age-related risk
factors include muscle weakness, falls history, and gait deficits. Data is typically collected
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in a laboratory setting using motion capture systems, force platforms, and foot pressure
sensors. These sensors provide a set of spatio-temporal gait features including walking speed
and cadence, joint angles, ground reaction forces, and moments. The resulting data sets
have high dimensionality since many features are 4-D (x-, y-, z- vs. t) and furthermore,
complex interdependent relationships may exist among the features. Nevertheless, classifiers
and predictors have been developed for falls research based on this data [2].

Unfortunately, data collection in the laboratory environment can be time consuming,
invasive and requires specialized equipment and trained personnel, making laboratory mea-
surement impractical for real-time gait monitoring and analysis. On the other hand, inertial
sensors such as gyroscopes and accelerometers, which are smaller and more cost effective,
have been shown to provide gait data useful in falls research [3,4]. Smartphones now contain
Micro Electro-Mechanical (MEM) Inertial Measurement Units (IMUs) which make them a
compelling platform for gait analysis. Using a smartphone, the IMU data can be collected,
stored on the device, and analyzed in real-time or offline. As mobile processing capabilities
continue to evolve, smartphones can be a cost effective, real-time gait analysis system for
falls prevention.

A survey of signal processing techniques and features, extracted from raw accelerometer
data can be found in [5]. In this article, the authors reviewed a variety of time- and frequency-
domain features as well as symbolic features extracted from the data in order to classify
among running, walking, and jumping states. Some of the features are pointed out as also
having been used for detection and classification of a falls.

Another more recent article surveyed forty studies that used inertial sensors, i.e. ac-
celerometers and gyroscopes to evaluate falls risk in elderly persons [2]. The survey focussed
on sensor placement, features or variables extracted from the raw data, classifier used to
assess the risk, and faller/non-faller classification accuracy. In the articles surveyed, the in-
ertial sensors were most commonly placed on the lower back which approximates the center
of mass [2]. For purposes of collecting gait data, placement of a smartphone on the lower
back may not be practical and placement at the hip is perhaps more common. As discussed
in the article, placement at the hip has greater potential as a long-term sensor location
than does the lower back. Also in the articles surveyed, 130 variables were utilized in the
assessment. Of these variables, those related to postural instability and gait consistency
over stride had high falls risk classification accuracy. Of the variables related to postural
instability those such as mediolateral and anteroposterior postural sway length and velocity
were found to be good discriminators [2]. Of the variables related to gait consistency, gait
speed and periodicity were also found to be good discriminators [2]. Finally, neural networks
and naive Bayes classifiers were among those classifiers found to be most accurate.

This paper reports the development of an iOS app for collecting accelerometer data while
a subject is walking and an offline machine learning system to classify a subject, based on
this data, as faller or non-faller given their history (or lack thereof) of falls. The system
uses the accelerometer data captured on the smartphone to extract discriminating features
related to gait and then classifies based on the feature vector. This paper is organized as
follows. In Section 2, we describe the iOS app we developed in order to collect accelerometer
and gyroscope data and in Section 3, we describe how the data was collected in the field.
In Section 4, we discuss how the data was post-processed which includes time-alignment of
the right- and left-hip data streams. In Section 5, we describe the features, based on the
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harmonic spectrum as proposed by Liu, et. al. [6], which are extracted from the data. In
Section 6, we review three classifiers that were used in this study: Support Vector Machine
(SVM), naive Bayes, and K Nearest Neighbors (KNN) and describe how these classifiers
were trained and evaluated. In Section 7, we provide the results of the classifiers including
the confusion matrix, sensitivity, specificity, and accuracy. Finally, in Section 9 we conclude
the article.

2 GAITLOGGER iOS APP

Smartphones contain a variety of sensors used to measure device motion, orientation, and
various environmental conditions. These sensors include accelerometer, gyroscope, magne-
tometer, proximity sensor, and barometer [7,8]. With their programmability, ubiquity, local
storage capability, and Internet connectivity, smartphones make a convenient and low-cost
device for unobtrusively collecting health-related data and in particular motion data. Most
recently Apple Inc., with the release of the open source Framework ResearchKit, has em-
braced the use of mobile devices as a medical research tool [9].

For this study, two Apple iPhone 6’s were placed on the right and left hip to collect
inertial gait data from subjects. The iPhone 6 makes inertial sensor measurements using the
InvenSense MP67B 6-axis accelerometer and gyroscope [10]. The sensor consists of three
independent accelerometers for the x-, y-, and z-axis and measures linear changes in velocity
along each axis. The 3-axis gryoscope measures the rotation rate for each of the three axes.
Access to sensor data is provided via Apple’s iOS Software Development Kit (SDK) and
the Core Motion Framework [11]. Core Motion gives the developer access to both the raw
and processed inertial and magnetometer measurements. The raw sensor data is processed
using the InvenSense’s onboard Digital Motion Processor, which is capable of performing 6-
axis (accelerometer and gyroscope) and 9-axis (accelerometer, gyroscope, and magnetometer)
sensor fusion [12]. The processed data provides the iPhones’ attitude, unbiased rotation rate,
total acceleration, and the user-generated acceleration, i.e. the gravitational component is
removed.

For this work, a custom iOS app was developed for logging inertial gait data from each
subject. Data is collected via a push method which allows the app to sample and log
sensor 6-axis data at a rate of 100 Hz. The data is post-processed through the Core Motion
Framework and saved to files which are stored locally on the iPhones. Each sample is logged
with a time-stamp provided through Core Motion based off of the iPhone clock. The frame
of reference is selectable in Core Motion and for this study, the frame of reference is selected
such that the z-axis is in the vertical direction.

3 DATA COLLECTION

Inertial gait data was collected on May 11 and May 12, 2015 by Electronic Caregiver Com-
pany, also known as Sameday Security, Inc., in Las Cruces, NM. In total, 25 older adults
participated in the data collection event. Prior to data collection, each subject was given a
comprehensive falls risk screening [1], where the subjects were asked to self-report as having
experienced a fall within the past year. There were a total of 11 subjects which self-identified
as a faller and 14 subjects which self-identified as a non-faller.
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(a) (b)

Figure 1: (a) A subject standing on the walkway wearing the custom vest with IR reflectors attached to the
back, legs, and feet is also shown fro 3-D motion caption. The right iPhone 6 can be seen attached to the
gait belt. (b) Another subject where the left iPhone 6 is shown attached to the gait belt.

Data collection was performed using four different sensors, a pressure sensitive walkway,
a system of 3-D motion capture cameras aligned along the perimeter of the walkway, Google
glass, and two Apple iPhone 6’s. Fig. 1(a) shows a picture of the data collection environment.
During the data collection process the participant walks across the walkway, where planter
force and pressure are measured, full-body movement is measured using infrared markers
[see Figs. 1(a) and (b)] and the 3-D motion capture cameras. In addition to pressure and
motion capture data, inertial sensor measurements are made using Google Glass and the
Apple iPhones. Each iPhone is attached to the subject’s left and right hip using a gait belt
and a holster clip [see Fig. 1(b)]. The sensors on the walkway, 3-D motion capture system,
and Google glass are synchronized to start data collection when the subject begins moving;
the iPhones are not synchronized with the system. The 3-D motion capture and walkway
data are to be used as ground-truth validation for the inertial sensor data in a possible future
study. Logging of the gait data begins 10 s after start buttons on each app are touched and
is roughly synchronized to the other data being captured. Gait data is logged for 30 s which
is sufficient time for the subject to walk down the walkway, turn around, and walk back. Not
every subject performed two passes across the walkway. Of the 25 subjects only 15 had two
passes. Example plots of x-, y-, and z-axis accelerometer data are given in Fig. 2, where we
also observe the periodic nature of the gait signal in all three axes. The first characteristic
heel strike signature can be observed at approximately 0.6 s on the z-axis line, and the heel
strike for the opposite foot occurs at approximately 1.3 s. Successive heel strikes appear in
approximately 1 s intervals.
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Figure 2: Plot of the raw acceleration signals from the iPhone NM GaitLogger app for all three axes. The
periodic nature of the gait signals can be observed in all three axis, where the gait cycle has a period of
approximately 1 s.

4 DATA POST-PROCESSING

The data from each iPhone is collected independently using separate instances of the NM
Gait Logger app. The two iPhones are sampling data asynchronously at a rate of 100 Hz.
Each sample is time-stamped using the iPhone’s internal clock as the local time reference.
Each clock has a precision of 10 ms and is synchronized to a global time reference via Apple’s
network time protocol (NTP) time server network. The worst case offset between the global
time reference and the iPhone’s local clock is 50 ms. However, the local clock offset is
usually within 10 ms of the global time reference. In a worst case scenario, the samples can
be at most ten sample periods apart. This difference is acceptable given the expected stride
duration is within 1 to 2 s.

Alignment of the two data streams was performed in two steps. First, the two data
sets were time aligned to remove the offset in start times, which is a result of starting the
logging process manually. The alignment was performed by truncating the initial samples
from the file with the earliest time-stamp such that the offset between the initial time-stamp
from each data set was minimized. In general, the offset between the two time-stamps was
within 1 ms and the two data sets were aligned to account for the asynchronous clocks by
resampling the data onto a global clock. The time support for the left iPhone was arbitrarily
selected as the global clock and the data for the right iPhone was resampled on the global
clock using MATLAB’s interp1 function to perform a B-spline interpolation. The input
data points are the acceleration sample points and corresponding time-stamps for the right
iPhone and the query points are the time-stamps for the left iPhone.
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Figure 3: Local coordinate system for iPhone 6 inertial sensors [13]

Each iPhone performs measurements within its own local coordinate system (see Fig. 3)
and shares the same z-axis, which represents the vertical direction. Positive z is the upward
direction. The x- and y-axes for the right iPhone are a 180◦ rotation of the left iPhone.
For the data from the second pass, the x- and y-axes for the iPhone on the left hip are a
180◦ rotation of the left iPhone from the first pass. To maintain a common reference plane,
data is post-processed such that each iPhone is referenced to the coordinate system of the
first pass for the left iPhone, which is arbitrarily selected as the global coordinate system.
For the first pass right iPhone and the second pass left iPhone, the coordinate transform is
achieved by by changing the numerical sign on the x and y data.

Each signal was segmented into two passes using the turn as the demarcation point in
order to increase the number of faller and non-faller examples for training. The end of the
first pass occurred before the turn when the subject stopped walking and the start of s pass
occurred after the turn before the subject started walking again. There were 15 subjects
which provided data with two passes, resulting in 40 total examples of the faller and non-
faller classes. Of these 40 examples, there were 24 examples of the non-faller class, C0 and
16 examples of the faller class, C1.

5 FEATURE EXTRACTION

In [2], the authors examined discriminating features proposed in prior research in classifica-
tion of fallers and non-fallers from inertial sensor measurements. The features found to be
the most discriminating were those computed from the harmonic spectrum of the accelera-
tion data [6]. Features 11–13 and 19–33, from Table I in [6] were implemented in this work.
In addition, the fundamental frequency, f1 for each axis is also used as a feature. Thus 21
total features were extracted for each iPhone and are concatenated to form a 42-D feature
vector.

x = [fx
1 , f

y
1 , f

z
1 , F11, F12, F13, F19, . . . , F33]

T (1)
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where Fk denotes the kth feature in [6].
The fundamental frequency for each axis is computed as the inverse of the time between

the first two largest peaks in the auto-correlation function. A Hamming window is then ap-
plied to the acceleration data for each axis and the harmonic spectrum is computed using the
fast Fourier transform (FFT). The harmonic spectrum is computed such that the frequency
bins are integer multiples of the fundamental frequency.

The first subset of features is based on the ratio of a harmonic (fundamental, second,
third, and fourth) to the sum of the first six harmonics. As an example, feature number 20
in [6] is the second harmonic ratio for the x-axis acceleration and is given by

F20 =
|X(f2)|
6∑

k=1

|X(fk)|
(2)

where |X(fk)| is the kth harmonic magnitude for the x-axis acceleration. In this first subset,
the ratios of the first four harmonics for all three axes are computed which yields twelve
features.

The second subset of features is based on the ratio of the sum of the first six harmonics
to the sum of the remaining harmonics. As an example, feature number 12 in [6] is the
harmonic ratio for the y-axis acceleration and given by

F12 =

6∑
k=1

|Y (fk)|

20∑
k=7

|Y (fk)|
(3)

where |Y (fk)| is the kth harmonic magnitude for y-axis data. This ratio is computed for the
three axes and yields three features.

The third subset of features is based on the ratio of the sum of the even harmonics to
the sum of the odd harmonics. As an example, feature number 33 in [6] is the even-to-odd
harmonic ratio for the z-axis acceleration and given by

F33 =

10∑
k=1

|Z(f2k)|

9∑
k=1

|Z(f2k+1)|
(4)

where |Z(fk)| is the kth harmonic magnitude for z-axis data. This ratio is computed for
the three axes and yields three features. The ratio of even to odd harmonic magnitudes
of acceleration data has been found to be a discriminating feature for faller and non-faller
classes in [2, 14]. This ratio reflects the proportion of acceleration that is in phase with the
subject’s stride frequency, with even harmonics correlating with in-phase components and
odd harmonics correlating with out-of-phase components [2].
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6 CLASSIFIERS

6.1 Support Vector Machine

For the SVM classifier, a separating hyperplane or set of hyperplanes are constructed in a
high dimensional space from the training data using a kernel function. The best hyperplane
is that which maximizes the distance between itself and the closest data points [15]. For this
analysis a linear kernel was selected and a box constraint of 0.1 was used.

6.2 Naive Bayes

The distributional parameters for multivariate, normal distributions were estimated via
maximum likelihood (ML) estimation for the faller and non-faller classes from the train-
ing data [15]. For the given test feature vector, x the likelihood of each class is computed
and a ML decision is made. Thus, assuming equal priors, the decision is given by [15]

y = arg max
k=0,1

p(x|Ck) (5)

where the distribution for class Ck is given by

p(x|Ck) = N (µk,Σk) (6)

and µk and Σk are the mean vector and covariance matrix for class Ck.

6.3 K Nearest Neighbors

For the K nearest neighbors classifier, the Euclidean distances from the test feature vector to
the training feature vectors are computed. The class decision is made by determining which
class is most frequent among the K nearest training points [15]. For this work, K = 2.

6.4 Feature Selection and Classifier Training

The most discriminating feature set was found by removing the same feature from each
iPhone’s 21-D feature vector. The classifier was than trained with the resulting 40-D feature
vector and the feature set with highest accuracy was selected as the most discriminating.

n exhaustive leave-one-out cross-validation was performed using the feature vectors for
the 40 examples. In this validation, each classifier is trained using 39 feature vectors from the
two classes. The remaining feature vector is classified and the decision is determined to be
correct or incorrect based on the class label [15]. This process is repeated for each example
and the results are averaged in order to arrive at an accuracy measure for the classifier.

7 RESULTS

Classifier results for the prediction of faller vs. non-faller based on a 40-D feature vector
extracted from accelerometer data captured on the iPhones are shown in Tables 1-2. Table
1 gives the confusion matrix for the SVM classifier and Table 2 provides the sensitivities,
specificities, and accuracies for each of the classifiers. The SVM had the highest accuracy
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at 85%, followed by the KNN classifier at 75%. The Naive Bayes classifier performed the
worst with an accuracy of 67.5%. The most discriminating feature set for the SVM had
feature number 11 in [6] removed, where as the most discriminating feature set for the KNN
classifier had feature number 12 in [6] removed. The Naive Bayes classifier had the highest
accuracy when feature number 28 in [6] was removed from the feature set.

Table 1: Confusion matrix for the support vector machine classifier.

Predicted
Faller Non-Faller Total

Actual
Faller 12 4 16
Non-Faller 3 21 24

Total 15 25 40

Table 2: Sensitivity, specificity, and accuracy of the support vector machine, naive Bayes, and K-nearest
neighbor classifier

Sensitivity Specificity Accuracy

SVM 81.3% 87.5% 85%
NB 62.5% 70.8% 67.5%

KNN 62.5% 83.3% 75%

8 ACKOWLEDGEMENT
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9 CONCLUSION

In this paper we have reported on the development of a system to classify a person as a
faller or non-faller, based on their gait pattern. This system includes a custom app which
logs acceleration and gyroscope data from an iPhone placed on the subject’s hip. Offline, we
extract features based on the harmonics of the x-, y-, and z-axis acceleration data as well as
the signal vector magnitude and use these to classify the subject as a faller or non-faller. We
evaluated three classification methods using support vector machine, naive Bayes, and K
nearest neighbors. The SVM classifier had the best performance of the three classifiers with
sensitivity, specificity, and accuracy of 81.3%, 87.5% and 85%, respectively. Such a system
could be used to monitor an at-risk person’s gait in order to predict an increased risk of
falling.
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ABSTRACT 

 

Tracking small marmosets over a large area represents a significant challenge for researchers. The 

native habitat for such animals are generally unsuitable for GPS based location systems, and the 

size of the animals prevents large, feature-rich collars from being utilized. Additionally, costs and 

feasibility prevent researchers from continuously monitoring these animals on the ground. This 

paper proposes a new system of tracking that offsets complexity from the collar onto fixed Base 

Stations (BS). The simplified collars emit a ping that multiple BSs then log along with the power 

of the signal. Combining the data from different BSs allows for the determination of the Signal of 

Interest (SOI). It was found that using three BSs provided enough accuracy to determine the 

location of an SOI within an accuracy of 2 m2 over a roughly 450 m2 area. 

 

Keywords: geolocation, path loss, trilateration, tracking, telemetry  

 

INTRODUCTION 

 

The Golden Lion Tamarin (GLT), native to the coastal Serra do Mar Atlantic forest of Brazil, is 

classified as an endangered species by the International Union for Conservation of Nature (IUCN). 

The wild population is now managed by the Save the Golden Lion Tamarin (SGLT) organization, 

                                                 
1 K. Niu, A. Shahidullah, and A. Vilarasau contributed equally to this work. 



2 

 

working with a network of 150 zoos and 500 captive individuals. Despite the successful 

conservation initiative, social awareness of the GLT remains low due to its geographic location. 

Funding for the SGLT conservation program remains low, relative to the cost for equipment and 

personnel, due to the challenging terrain of the native habitat. SGLT spends $12,000 per year to 

replace tracking collars used by the researchers, where each collar has a unit price of $200, 

permitting the researchers to track only two members of each family unit. Usually, the program 

opts to purchase refurbished collars to minimize recurring costs. 

The tracking collars used by the researchers have a six month lifespan, but concerns have 

been raised regarding the dimensions and weight, since interference with the GLT behavior would 

invalidate research data. Other products, while more suitable in terms of dimension and weight, 

rely on GPS; collecting data from these collars, and the availability of a reliable GPS signal deep 

under the forest canopy prevent the use of these more suitable products. Cost and battery life of 

these smaller tracking collars are also problematic for the SGLT budget. 

The design proposed is a proof-of-concept for tracking multiple collars in a fixed 

geographic location over an extended period of time using a method that offsets the complexity 

from the collars onto fixed receiver stations. The system will be constructed such that multiple 

receiver stations laid out to cover a fixed region will collect the data. This data will be stored at 

each station and can later be retrieved and processed to calculate the location of the individual 

collars. 

The system will not be constructed for operation in the native environment of the GLT, but 

it will demonstrate that the technique used to calculate the method is viable. The operational 

limitations of the environment, such as power limitations, packaging and mounting considerations, 

and synchronization issues will be implemented in the construction with the final design.  

 

   SYSTEM OVERVIEW  

 

Figure 1 shows a graphical representation of the overall system. Three BSs are located in a 

geographically distributed area so that the collars can be located within the area the base stations 

cover. In the case of Figure 1, a triangle where the vertices are the BSs would be the maximum 

area that a SOI can be located in. The BSs store data internally allowing researchers to retrieve 

data during maintenance cycles. The collars worn by the marmoset, in addition to the BS, are the 

two main subsystems of the tracking system. The Collar Subsystem transmits a radio signal at 

154.570 MHz with a 20 kHz bandwidth that can be detected by at least three receiver stations 

simultaneously. The information being transmitted derives include a sequence number, a unique 

ID, pseudorandom number (utilizing the ID as a seed) and a battery status field. The collar 

subsystem emits a Gaussian Frequency Shift Key (GFSK) modulated waveform at a variable 



3 

 

period in order to maximize battery life.  

 

 

FIGURE 1: GRAPHICAL REPRESENTATION OF THE SYSTEM SHOWING THE LOCATION OF THE BASE STATIONS IN RELATION TO THE SOI. 

An empirical radio propagation model, which is developed by profiling the received power 

of the collar at known distances, is used by the BSs to estimate the distance between itself and the 

SOI. The data generated by profiling step is curve-fitted using exponential regression, and the 

inverse of this equation allows for an estimation of distance as a function of power. Profiling and 

averaging a large number of points results in a more accurate model. 

Utilizing multiple BSs gives an element of redundancy to the data, allowing SOIs to be 

located if the signal did not reach all BSs. Additionally, multiple BSs increases the effective range 

of the tracking system. 

To gauge the location of the collar, power and distance data, stored at each station in the 

receiver network, is collected manually. Using the estimated distances, a circle with a radius of the 

estimated distance is drawn out from each respective BS. The intersecting region of these circles 

represents the estimated location of the target in relation to the network. 

 

ANALYSIS  

The method that the system employed was to locate the SOI was trilateration, using at least three 

fixed BSs as reference points. Trilateration uses the distance between the SOI and reference points 

to estimate the location of the SOI. Using three reference points allows for a location to be 

determined within a 2D plane. 
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The distance was estimated using a radio propagation, or path-loss, model. The loss of 

power of an electromagnetic wave as it propagates through space is what is used to estimate the 

distance from the observation point to the point of origin. For the project, we considered only path-

loss in an open-air environment. Using the path-loss equation, we estimated the distance between 

the point of origin for the SOI and BSs. In general, the free-space path loss (FSPL) equation is 

given as 

𝑃 = 20 log10 (
4𝜋𝑥

𝜆
) 

EQUATION 1: GENERAL FREE-SPACE PATH-LOSS EQUATION (FSPL), IN DECIBELS. 

where 𝑃 denotes the path-loss in decibels, 𝑥 is the distance from the reference point (the receiver 

station) to the target, and 𝜆 is the wavelength of the signal. Since the system estimates distance, 𝑥, 

Equation 1 is rearranged to 

𝑥 =
𝜆

4𝜋
10𝑃/20. 

EQUATION 2: FSPL EQUATION REARRANGED TO SOLVE FOR DISTANCE PARAMETER. 

While theoretically Equation 1 holds true in a real-word situation, it may not be accurate due to 

atmospheric effects (precipitation, humidity, altitude, temperature, etc.) and environmental effects 

(vegetation, proximity to objects, geographical topology, etc.). In order to estimate distances as 

accurately as possible, the system derived its own curve-fitted FSPL equation. Using the same 

mathematical steps shown in Equation 1 and Equation 2, the system estimated the distance from 

the receiver station to the target using curve-fitted, path-loss equation unique to each BS. 

In order to derive an equation that related power and distance, a consistent method to profile 

the power at known distances was required. The method was required to be precise, but not 

necessarily accurate (as the distances were already known). A precise method was found by taking 

a complex (IQ) sample of the signal at a specific point (0 Hz, after the signal was brought back 

down to baseband). To estimate power, or more accurately the received signal strength indicator 

(RSSI) as the power level is specific to the software used to interface with the USRP, the magnitude 

squared of the IQ sample was utilized. Furthermore, this value was averaged (over 240,000 

samples) to smooth out instantaneous fluctuations. Figure 2 shows a sample GFSK signal 

(smoothed using a weighted average) and the corresponding RSSI value, shown in the upper right 

corner, is 5.3 × 10−6. It was decided that the system precision would be to two significant digits.



5 

 

 

FIGURE 2: SAMPLE GFSK SIGNAL, AVERAGED, WITH CORRESPONDING AVERAGED RSSI VALUE. 

By utilizing RSSI, sampling bias associated with individual hardware components of different 

receiver stations was factored out. Additionally, as each receiver station profiled power 

individually, biases associated with environmental factors (weather and geography) were also 

reduced. 

Using the averaged power, a curve-fitted power-loss equation was derived and 

subsequently inverted to estimate distances using RSSI. To generate the path-loss model, the signal 

power was profiled at several fixed locations. The resulting data was fitted to an exponential curve. 

Figure 3 shows curve-fitted, path-loss equations based on real-world measurements from the three 

BSs, named RX 1, RX 2, and RX 3 respectively. The power values were scaled up by a factor 

of  106 , resulting in a prototype function (Equation 3) where power,  𝑃 , is a function of the 

distance, 𝑥. 

 𝑃(𝑥) = 𝐴 · 𝑒−𝑏·𝑥 

EQUATION 3: EXPONENTIAL PATH-LOSS PROTOTYPE FUNCTION. 
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FIGURE 3: CURVE-FITTED PATH-LOSS EQUATIONS, BASED ON EXPONENTIAL REGRESSION, FOR THREE BASE STATIONS. 

Internal biases from the receiver station hardware in addition to environmental biases caused 

significant variation in the 𝐴 parameter obtained for each BS. The 𝑏 parameter, however, appeared 

to be more consistent. Despite the effort put into determining the extent to which this variation was 

caused by environmental factors or hardware biases, no founded conclusion was derived. Hence, 

the analysis suggested that each receiver station profiled a characteristic path-loss equation of its 

own. Once the equations were derived, the inverse was found by inverting Equation 3, yielding 

𝑥 = −
1

𝑏
ln (

𝑃

𝐴
). 

EQUATION 4: INVERTED PROTOTYPE PATH-LOSS FUNCTION. 

Equation 4 was used to estimate the positions of targets from receiver stations based on power data. 

To estimate the distance between the point of origin for the SOI and the observation point 

at the BS, trilateration was employed. This is a mathematical technique used to determine relative 

location by utilizing absolute distances surrounding the observation point to create an area where 

the estimated point of origin resides, drawn by the intersection of the circles from all observation 

points. Two-dimensional trilateration was used, as it was assumed distance traveled in the Z 
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direction would be minimal compared to the X and Y directions. Additionally, three-dimensional 

trilateration would require at least four observation points, and increased computational 

complexity. The circular equation for two-dimensional trilateration are 

 

𝑑𝑛
2 = (𝑥 − 𝑥𝑛)2 − (𝑦 − 𝑦𝑛)2 

EQUATION 5: DISTANCE EQUATION FOR N-TH OBSERVATION POINT TO THE INTERSECTION POINTS BETWEEN TWO OBSERVATION POINTS. 

𝑑𝑟
2 = (𝑥𝑛 − 𝑥𝑚)2 + (𝑦𝑛 − 𝑦𝑚)2, 

EQUATION 6: DISTANCE BETWEEN N-TH AND M-TH OBSERVATION POINTS. 

Using Equation 5 and Equation 6 results in the coordinates for the intersection points between 

observation points 𝑛 and 𝑚, with the third observation point labelled as 𝑝, given in Equation 7 and 

Equation 8 

 

𝑥𝑛𝑚 =
𝑥𝑛+𝑥𝑚

2
+

(𝑥𝑚−𝑥𝑛)(𝑑𝑝
2−𝑑𝑛

2 )

2𝑑𝑟
2 ±

𝑦𝑚−𝑦𝑛

2𝑑𝑟
2 √((𝑑𝑝 + 𝑑𝑛)

2
− 𝑑𝑟

2) (𝑑𝑟
2 − (𝑑𝑝 − 𝑑𝑛)

2
), 

EQUATION 7: X-COORINDATE FOR INTERSECTION POINT OF CIRCLES BETWEEN N-TH AND M-TH OBSERVATION POINTS. 

𝑦𝑛𝑚 =
𝑦𝑛+𝑦𝑚

2
+

(𝑦𝑚−𝑦𝑛)(𝑑𝑝
2−𝑑𝑛

2 )

2𝑑𝑟
2 ∓

𝑥𝑚−𝑥𝑛

2𝑑𝑟
2 √((𝑑𝑝 + 𝑑𝑛)

2
− 𝑑𝑟

2) (𝑑𝑟
2 − (𝑑𝑝 − 𝑑𝑛)

2
). 

EQUATION 8: Y-COORDIANTE FOR INTERSECTION POINT OF CIRCLES BETWEEN N-TH AND M-TH OBSERVATION POINTS. 

Using all combination of pairs of observation points, six coordinates are generated, depicting the 

intersection points that can be seen in Figure 4. Three points are eliminated (the intersection point 

between two circles that is furthest from the center of the third circle) to find the three points that 

result in the intersecting area of all three circles. 

 

FIGURE 4: INTERSECTION POINTS FOR THREE BASE STATIONS, WITH THE ESTIMATED AREA OF ORIGIN FOR THE SOI COLORED IN RED. 
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The midpoint of the three intersection points is found to achieve the final coordinates, (𝑋, 𝑌), of 

the SOI shown in Equation 9 and Equation 10. 

𝑋 =
𝑥𝑛𝑚+𝑥𝑛𝑝+𝑥𝑚𝑝

3
, 

EQUATION 9: X-COORINDATE OF ESTIMATED POINT OF ORIGIN FOR THE SOI. 

𝑌 =
𝑦𝑛𝑚+𝑦𝑛𝑝+𝑦𝑚𝑝

3
. 

EQUATION 10: Y-COORDINATE OF ESTIMATED POINT OF ORIGIN FOR THE SOI. 

     

RESULTS  

 

  

FIGURE 5: EXAMPLE PATH-LOSS EQUATION.  

Figure 5 shows an example path loss curve with the corresponding equation 

𝑃 = 64817𝑒−0.301𝑥. 

EQUATION 11: PATH-LOSS EQUATION FOR FIGURE 5. 

Inverting Equation 11 allows for an estimation of distance, shown in  

𝑥 = −
1

0.301
ln (

𝑃

64817
) 

EQUATION 12: DISTANCE ESTIMATION FORMULA DERIVED FROM EQUATION 11. 

Table 1, Table 2, and Table 3 show the actual and estimated distances using the path-loss 

equations shown in Figure 3. 
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Actual Distance (m) Estimated Distance (m) Absolute Error (m) 

10 9.72 0.28 

12 12.66 0.66 

14 14.42 0.42 

16 17.30 1.30 

18 18.46 0.46 

20 20.61 0.61 

22 21.72 0.28 

24 24.00 0.00 

26 26.06 0.06 

28 28.13 0.13 

30 30.13 0.13 

TABLE 1: ACTUAL AND ESTIMATED DISTANCES USING PATH-LOSS EQUATION FOR BASE STATION RX 1. 

Actual Distance (m) Estimated Distance (m) Absolute Error (m) 

10 9.27 0.73 

12 11.55 0.45 

14 13.88 0.12 

16 15.55 0.45 

18 18.58 0.58 

20 20.79 0.79 

22 22.60 0.60 

24 24.95 0.95 

26 24.61 1.39 

28 28.54 0.54 

30 30.45 0.45 

TABLE 2: ACTUAL AND ESTIMATED DISTANCES USING PATH-LOSS EQUATION FOR BASE STATION RX 2. 

Actual Distance (m) Estimated Distance (m) Absolute Error (m) 

10 7.04 2.96 

12 11.30 0.70 

14 13.65 0.35 

16 17.39 1.39 

18 18.59 0.59 

20 21.42 1.42 

22 23.37 1.37 

24 25.56 1.56 

26 26.68 0.68 

28 26.84 1.16 

30 27.59 2.41 

TABLE 3: ACTUAL AND ESTIMATED DISTANCES USING PATH-LOSS EQUATION FOR BASE STATION RX 3. 

As shown in the above tables, barring outliers, the path-loss model is accurate within 2 meters. 

Assuming that the absolute error does not rise beyond that, the prototype system is capable of 
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estimating the location of a SOI within a 2 m2 area over roughly 450 m2 coverage area. Assuming 

this ratio, however, the system does not scale well. For instance, with a 1000 km2 area (and 

assuming that the collars could transmit a signal with enough power), the system would only be 

able to estimate the location of an SOI to within a 4.5 km2 area. This issue can be circumnavigated 

by deploying BSs in a grid pattern over the entire are of interest, such that the area covered by any 

particular cell (the smallest area of coverage by a subset of BSs) is within a specific value. 

 It was also found that near the antenna for a BS, power readings were inconsistent. The 

distance surrounding the BS corresponded roughly to the near field region of the antenna, implying 

that the system as a minimum distance specification. 

 Additionally, at different distance segments from the BSs, the curve-fitted path loss models 

behaved differently. Observations led to the conclusion that close to the BSs, the data could be 

modelled exponentially, while farther away from the BS, the data became flatter. It was theorized 

that this was an artifact of exponential regression model that was used, as a pose to the base-10 

logarithm that the FSPL equation (Equation 1) uses. Plotting ln 𝑥 and log10 𝑥 shows that the base-

10 logarithm behaved closer to the observed far distances. 

 

CONCLUSION 

 

Overall, the system was a proof of concept that proved utilizing a radio propagation model was 

acceptable given a location accuracy of 2 m2. Using the radio propagation models and power data 

from the base stations enabled the use of trilateration to plot the estimated area of the collar location. 

The system proved that a cost-effective tracking system could be implemented with an initial 

investment in the BSs with the full system requiring low periodic maintenance primarily for 

retrieving data and replacing batteries, as well as low cost in terms of the collars.  

 The data presented in this paper was taken over an eight hour period in an open air grassy, 

environment. Atmospheric conditions were dry with temperatures ranging from roughly 75 °F to 

90 °F. While these conditions are typical to the environment the data was taken in, real-world 

conditions are unlikely to be so stable. This implies that an empirical radio propagation model has 

a lifetime before it needs to be recalculated. This can be achieved by profiling the power between 

BSs (which are at known locations) in the area of coverage in a periodic manner. 

  The propagation model calculation can be automated if the system has a large number of 

BSs. The data presented in this paper shows that with twelve BSs, a location accuracy of 2m2 is 

achievable. Increasing the number of BSs, and thusly the number of points in the model, will aid 

in increasing the accuracy of the system. 
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ABSTRACT 
 
This paper describes a project to implement a body area network to monitor the movements of a 
human subject.--The sensor nodes can measure six degrees of movement by using a three axis 
accelerometer and three axis gyroscope.--The data is transmitted wirelessly from the sensors to a 
wearable microcontroller.--The microcontroller interfaces with a computer application that allows 
a user to easily analyze and interpret the stored data. 
 
 

INTRODUCTION 
 
During the past several years, advances in sensor technologies, wireless communications, and mo-
bile computing have resulted in a tremendous increase in capacities for data collection and analy-
sis.--At the same time, the costs of devices, and of systems in general, has declined.--One applica-
tion area which has received considerable attention has been the development of systems for the 
monitoring of human body functions and movement. 
 
Central to many of these systems is the notion that the individual and collective movements of the 
human body constitute a rich and dynamic set of data which, if available for analysis, can yield a 
comprehensive view of the states or conditions of the specific movements being evaluated.--Two 
broad application areas concerning body movement have emerged.--First, movements specifically 
related to, or indicative of, health and medical conditions have been studied.--For example, the 
movements of the body during sleep, during regular waking activities, and after severe or traumatic 
injury can be examined with respect to movement patterns classified as normal or beneficial.--
Second, athletic or sports-related movements have been studied with the intent of identifying and 
measuring parameters of physical motion directly related to enhanced performance. 
 
In some of these areas, localized measurements using individual sensors have been quite effective.-
-But to fully capture the underlying complexity of any particular movement, a multiple-sensor 
network, and a programmable data collection and analysis module, would be helpful.  Addition-
ally, system performance and flexibility would be enhanced by the use of wireless communications 
between the devices.--The application areas that can benefit from such a system include medical 
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diagnosis and treatment, as well as numerous sports and athletic applications.  Some specific ap-
plications of this system might include: 
 
Medical Applications: 

● On-site or remote monitoring of movement to detect a decrease in speed or range of move-
ment as compared to a specified norm. 

● Detection of adverse bodily conditions, such as falling. 
● Measurement of, and assistance with, physical therapy and rehabilitation from surgery, 

stroke. etc. 
 
Sports Applications: 

● Golf swing analysis: professionals could use the system to analyze and improve a golfer’s 
swing. 

● Analysis of player movement efficiency or safety. 
 
 
In the current market, there are many products that consumers can purchase to help monitor their 
fitness.--Originally, pedometers and heart rate monitors were the only devices that could be used 
in order to keep track of body motion.--With the invention of smartphones, applications were cre-
ated to utilize the accelerometers and GPS to monitor body movement.--Several companies, such 
as Garmin, Nike, Adidas, etc., have created devices to track fitness as well.--These devices 
can upload data to smartphone apps or computers to allow the user to view the data.--However, 
these devices only have a sensor in one location, which restricts what the devices are capable of 
measuring.--Our device has three sensors that can be worn in several different locations.--The 
ability to add and remove sensors makes our system flexible, allowing it to be used for many 
different applications. 
 
 

PROJECT OBJECTIVES 
 
The project’s central objective was to implement an effective system of hardware and software 
components that, operating together, can provide useful information about a person’s body move-
ments.--It is important to have multiple sensors so more information can be obtained about a spe-
cific body movement or information received from one sensor can be verified for accuracy.  Our 
final project contains three digital sensors.--With more time, it would be possible to continue to 
add more sensors, increasing the capabilities of the system.--Each sensor added requires changes 
to the coding, not only on the microcontrollers, but also in our analysis application. 
 
The second major goal of the project was to implement a simple wireless communication system 
between the attached sensors and a central data processing module.--The team has successfully 
accomplished this goal.--The addition of more sensors would be possible if time permitted as it 
requires additional programming because data from each sensor must be parsed and additional 
code written to separate and analyze it. 
 
The final major goal of the project was to implement a computer-based application that can be 
used to perform real-time or off-line data analysis.--A MATLAB program has been created that 
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performs basic analysis on the raw data received from the accelerometer and gyroscope.--This 
analysis involves a plot of acceleration and rotation for each axis of all three sensors.--The direc-
tion that the sensor moved in can be determined from this data.--The acceleration plots show the 
acceleration on each axis in g-force.--The rotation plot shows the rotation on each axis in degrees 
per second. 
 
 

PROJECT SPECIFICATIONS 
 
The final product is composed of three sensors and the software needed to view the data.--The 
sensors can be attached to a wrist band for comfort.--When the customer receives the device, they 
will easily be able to wear the sensors, turn the device on, and begin using it. 
 
The project team developed the following six specifications deemed to be necessary in order for 
the device to function adequately (see Table 1).--The table shows the main highlights of the spec-
ifications and a more detailed description follows the table. 
 
 

Table 1: Project Specifications Matrix 
 

Specification Note Verification 

Battery life Battery for each sensor must last 
long enough to collect the data Device Usage >= 45 minutes 

Lightweight sensors Sensors must be a comfortable 
weight Weight of sensor <=200 grams 

Size of sensors Sensors must be small enough to 
allow freedom of movement 

Each subject retains total free-
dom of movement 

Number of sensors Number of sensors determines 
system measurement capabilities 

Number of sensors worn on 
each subject to be at least 2 

Transmit data wire-
lessly to a computer 

Device must be able to transmit 
data wirelessly over a convenient 
range 

Transmission range >=6 me-
ters 

Determine type of 
movement 

Must be able to determine the 
speed of movement of a person 
wearing the sensors 

Determine speed and accelera-
tion of body part with 90% 
accuracy 

 
 
The batteries must be powerful enough to last at least 45 minutes but also be fairly light so they 
do not inhibit the movement of the user or cause discomfort.--The team wanted to be sure that the 
user would be able to use the product without fear of losing power due to poor battery life.  If the 
device were to lose power, it could cause a loss of data. 
 

3 



Naturally, the lighter the sensors are, the more comfortable they will be to wear.--The weight of 
the sensors on the wrist must not affect the person's movements, as this could alter the results the 
systems is trying to achieve.--The group deemed that our sensors should not exceed 200 grams. 
 
In addition to the weight of the sensors, the size of the sensors could also alter a person's move-
ments.--If the sensors are too bulky, they could interfere with the user’s movement or cause dis-
comfort.--Therefore, the group has made the specification that the device needs to be both light-
weight and small.--There is no specific requirement in regard to volume, other than making the 
the device small enough so that it does not restrict any movement. 
 
It is important for the system to have multiple sensors.--If the system had only one sensor, it would 
not be capable of giving the user enough information to accurately determine a person’s move-
ment.--With two sensors, much more information can be gained.--The team has successfully 
achieved the implementation of three sensors. 
 
Another major specification is that the sensors must transmit wirelessly to a computer that will 
collect and analyze the data.--If the sensors were wired it would cause a major inconvenience to 
the user and would most definitely restrict movement.--Therefore, the sensors must successfully 
transmit wirelessly and have a range of at least 6 meters. 
 
Our last major specification is the ability to determine the type of movement using the devices.  A 
software program using MATLAB has been created that is able to take in the raw data and pre-
sent it to the user in an easy to understand format. 
 
 

DETAILED DESIGN 
 
The body movement monitoring system uses an Atmel ATmega256RFR2 Xplained Pro board 
(Figure 1), an Atmel ZigBit extension module (Figure 2), and an InvenSense MPU-6050 ac-
celerometer and gyroscope sensor (Figure 3).--The ZigBit and MPU-6050 use a two-wire interface 
to communicate with each other, while using a wireless transceiver to communicate with another 
board.--Both the Xplained Pro board and the ZigBit extension modules use the same microcon-
troller.--This microcontroller was chosen because of its built in wireless transceiver, 256K bytes 
of flash RAM, and team members’ familiarity with programming Atmel AVR microcontrol-
lers. 
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Figure 1:  Atmel Xplained Pro Board 
 
 

 
 

Figure 2:  Atmel ZigBit Module 
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Figure 3:  InvenSense MPU-6050 Accelerometer/Gyroscope 
 
The Xplained Pro board is much larger than the ZigBit extension module and has a micro USB 
cable that can be used for serial communication.--These features of the Xplained Pro board make 
it well suited for the base unit of the system.--The job of the Xplained Pro board is to receive 
wireless data from the sensors and send these values over the serial bus to be displayed on the 
computer.--The ZigBit extension module is very small, which makes it well suited for the sensor.-
-The digital accelerometer and gyroscope is attached to the ZigBit extension module, and transmits 
the data to the microcontroller via two wire interface.--The ZigBit extension module then wire-
lessly transmits this sensor data to the base unit. 
 
These devices require a voltage of approximately 3 Volts.--The team found a perfect size battery 
pack to fit the back of the ZigBit module but it was for 6 Volts.--This configuration was two 
CR2032 batteries (CR2032 is a 3 Volt battery) in series.--The team modified the battery pack to 
implement two CR2032 batteries in parallel, thus providing a 3V source, as well as extending the 
battery life by being able to use two batteries at a time. 
 
The team combined all of these devices into one unit as can be seen in Figure 4.--The battery pack 
is mounted underneath the ZigBit and its wires (the black and red wires in the photo) wrap around 
to power the devices.--The MPU-6050 is mounted directly on top of the ZigBit module. 
 
 

 
 

Figure 4:  Body Movement Monitor Sensor: ZigBit module, battery pack, and MPU-6050. 
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The MPU-6050 sensor combines the accelerometer and gyroscope.--The included accelerometer 
can function at a range of ±2g, ±4g, ±8g, or ±16g.--The gyroscope can measure at ±250, ±500, 
±1000, or ±2000 degrees per second. 
 
 

EXPERIMENTAL RESULTS 
 
The digital system that we created has three sensors that transmitted data from the sensors wire-
lessly to the base unit (the Xplained Pro board).--Once the base unit received the wireless trans-
mission from the sensors, the data was formatted and transmitted to the computer using a UART 
connection.--Each set of data begins with a character that corresponds to the sensor that transmitted 
the information.--Having each data set begin with a unique character allows the data to be parsed.-
-The next set of numbers corresponds to the X, Y, and Z axis of the accelerometer and the X, Y, 
and Z axis of the gyroscope. 
 
The data is parsed and analyzed using MATLAB.--The code parses the data into six two-dimen-
sional arrays.--The columns of the array corresponds to which sensor transmitted the data. For the 
example above, the first column of the array would correspond to sensor B, the second column 
would be sensor A, and finally the third column would be sensor C.--Using a multidimensional 
array reduces the number of arrays needed to hold the data received from multiple sensors. 
 
Two figure windows are generated for the data received by the sensors.--These two figures can be 
seen below in Figure 5. 
 
 

 
 

Figure 5: Figures generated from MATLAB code 
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The left-hand figure is the data received from the accelerometer.--Within this figure, there are 
subplots that correspond to each sensor.--The number of subplots generated is related to the num-
ber of sensors used to measure body movements.--The order subplots are generated corresponds 
to the sensor data that was received first.--In this example, data from sensor B was received first, 
followed by A and C respectively.--The right-hand figure shows the data received from the gyro-
scope and has the same features as the accelerometer plot. 
 
Before analyzing the data from the sensor, it is important to note the way the user has attached the 
sensor onto their body.--The way the user attaches the sensor to their body directly effects which 
axis the movement appears on.--The sensors A and B were attached to the users left and right arm 
as shown in Figure 6.--The third sensor, sensor C, was placed in the pocket of the user.--A close 
up the ZigBit module can be seen in Figure 7. 
 
 

 
 

Figure 6: Sensor A (left wrist) and Sensor B (right wrist) attached to User 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 7: Close up of Sensor (note axis silkscreen) 
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The user, in this example, rotated is left wrist 180 degrees to the left, and then rotated his entire 
left arm up.--At this point, his left wrist was facing away from him, and his fingers were point up 
toward the ceiling.--The user then undid these movements, by rotating his entire left arm down 
and then rotating his wrist to the right 180 degrees.--Knowing how the sensor is attached to the 
person, the graphs can be used to analyze what types of movements were made.--A plot of the 
gyroscope data for Sensor A can be seen in Figure 8 below. 
 

 
 

Figure 8: Plot of Gyroscope Data for Sensor A (Attached to User’s Left Wrist) 
 
 
Looking at the first two positive peaks (green and blue), it can be concluded that the left wrist 
rotation was a much quick rotation than when the user rotated their arm up.--The two negative 
peaks are mirror images of the positive peaks.--This means that the user undid his initial move-
ments.--This is a very basic example of analyzing body movements using the data received from 
the sensors. 
 
 

CONCLUSIONS 
 
This project demonstrated the feasibility of implementing a system of hardware and software com-
ponents that, operating together, provide useful information about a person’s body movements.--
The capabilities of the basic system implemented here can be extended by the addition of more 
sensors. 
 
The successful implementation of a simple wireless communication system between the attached 
sensors and a central data processing module showed that the system allowed for a very flexible 
means of collecting and transmitting body movement data. 
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Finally, the project showed the feasibility of implementing a computer-based application for per-
forming real-time or off-line data analysis.--Basic analysis of the raw data received from the ac-
celerometers and gyroscopes showed that the speed and direction of individual body movements 
could be plotted, thus providing a graphical representation of these movements, which can be used 
in further analysis. 
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Abstract— The Test and Training Enabling Architecture (TENA) is a validated, common 
architecture which provides for real-time software system interoperability as well as 
interfaces to existing range assets, C4ISR systems, and simulations.  The TENA 
Middleware, currently at Release 6.0.4.2, has been used by the range community for 
testing, training, evaluation, and feedback in many major exercises and events since 2002, 
and has been selected as the interoperability solution in the Joint Mission Environment 
Test Capability’s (JMETC’s) distributed testing.  Through investment in the Test Resource 
Management Center’s (TRMC’s) Test & Evaluation (T&E) / Science & Technology (S&T) 
Program and innovative use at distributed ranges, TENA is increasingly expanding to and 
being utilized by the telemetry community. 
 
  

I. INTRODUCTION  
 

Just as the basis of telemetry (TM) is collecting data from one point and transmitting it from a 
remote or inaccessible location to a receiver in another location, the Test and Training Enabling 
Architecture, TENA, was developed under basically the same premise.  When the Department of 
Defense (DoD) initially developed their test and training ranges, they did so by creating what are 
now termed “stovepipe” systems, meaning they were individually built with different suites of 
sensors, networks, hardware and software.  When the focus shifted toward a Joint initiative within 
the military, these stovepipe systems made interoperability incredibly difficult, and the need was 
identified for a common architecture that would provide for real-time software system 
interoperability as well as interface existing range assets, Command, Control, Communications, 
Computers, Intelligence, Surveillance, and Reconnaissance (C4ISR) systems, and simulations.  
This architecture, TENA, allows for the most efficient use of current and future range resources 
via range resource integration.  This integration fosters interoperability and reuse within the test 
and training communities, critical to validate system performance in a highly cost-effective 
manner.   
TENA provides a middleware software component and can be used on any Internet Protocol (IP)-
based network.  Two such networks are the Joint Mission Environment Test Capability (JMETC) 
network and the Joint Staff (JS) J7 Deputy Director Joint Environment (DDJE) Joint Training 
Enterprise Network (JTEN).  TENA enables and enhances distributed testing and training as well 
as range integration.  Upgrading an existing range system to TENA can be achieved in drastically 
shorter time than traditional software integration efforts.  Additional benefits include cost-
effective replacement of unique range protocols, enhanced exchange of mission data, and organic 
TENA-compliant capabilities at sites, which can be leveraged for future events, enhancing both 
re-use and interoperability. 
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II. TENA AND THE TELEMETRY COMMUN ITY 
 

As in the past, present telemetry support requires operators to be on location with the TM receive 
system or at a remote TM console (with a remote TM antenna control unit).  This often results in 
temporary duty (TDY) for operators and potentially an insufficient number of operators to support 
all scheduled operations.  The capability to remotely operate the telemetry system would greatly 
reduce operational costs of TDY to remote TM sites.  A Remotely operational capability would 
eliminate the existing requirement for personnel at both the local TM system antenna site as well 
as the TM control facility, alleviating previous manpower issues. 
Efforts are currently underway at Patuxent River, MD (Pax River) Atlantic Test Range to develop 
and field an enterprise approach to remotely manage and operate all components of remote 
ground telemetry systems by utilizing TENA.  This approach provides a common architecture 
interfacing to system components, regardless of system manufacturer.  At completion, this effort 
will provide for single operator control of several remote TM systems, which reduces travel and 
manning requirements at remote sites.  It will also allow TM status information, setup and control 
to be distributed to appropriate destinations for system verification and operations. 

 
III. TENA OFFERS INTEROPERABILITY AND RESOURCE REUSE 

 
Being successful in the development of any Joint testing capability requires a supporting and 
guiding activity, and in December 2005, the JMETC program element was formed.  JMETC, the 
DoD corporate approach for linking distributed facilities, is a distributed live, virtual, and 
constructive (LVC) testing capability developed to support the acquisition community during 
program development, Developmental Testing (DT), Operational Testing (OT), interoperability 
certification, including demonstration of Net Ready Key Performance Parameters (KPP) 
requirements in a customer-specific Joint Mission Environment (JME).  JMETC provides readily 
available connectivity to the Services’ distributed test capabilities and simulations, as well as 
Industry test resources.  Although a testing capability, JMETC is also aligned with and 
complemented by Joint National Training Capability (JNTC) integration solutions to foster test, 
training, and experimental collaboration. JMETC uses a hybrid network architecture. The JMETC 
Secret Network (JSN), based on the Secret Defense Research and Engineering Network 
(SDREN), is the T&E enterprise network solution for secret testing. The JMETC Multiple 
Independent Levels of Security (MILS) Network (JMN) is the T&E enterprise network solution 
for all classifications and cyber testing. The JMETC program has used TENA to build a new 
testing support infrastructure.  TENA, as the live range instrumentation architecture for test 
organizations and JNTC, and field-proven in major field exercises as well as numerous distributed 
test events since 2002, provides JMETC a technology already deployed in the DoD.  TENA 
provides the middleware and software component while the persistent JMETC network provides 
the hardware connectivity.     
Interoperability is the characteristic of an independently developed software element that enables 
it to work together with other elements toward a common goal by focusing on what is common 
among them.  Reuse is the ability to use a software element in a context for which it was not 
originally designed, in essence focusing on the multiple uses of a single element and often 
requiring well-documented interfaces.  In order to achieve interoperability, a common 
architecture, an ability to meaningfully communicate (including a common language and a 
common communication mechanism), and a common context (including the environment and 
time) must be present.  To bring the efficiency and economic advantages of interoperability and 
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reuse to the DoD test and training ranges, TENA was developed.  The initial interoperability and 
reuse efforts were completed in early Fiscal Year 2005, and the continuing interoperability and 
reuse refinement of TENA is managed by the TENA Software Development Activity (SDA). 
The TENA architecture is a technical blueprint for achieving an interoperable, composable set 
(composibility is defined as the ability to rapidly assemble, initialize, test, and execute a system 
from members of a pool of reusable, interoperable elements) of geographically distributed range 
resources – some live, some simulated – that can be rapidly combined to meet new testing and 
training missions in a realistic manner.  TENA is made up of several components, including a 
domain-specific object model that supports information transfer throughout the event lifecycle, 
common real-time and non-real-time software infrastructures for manipulating objects, as well as 
standards, protocols, rules, supporting software, and other key components.   
The TENA Middleware combines distributed shared memory, anonymous publish-subscribe, and 
model-driven distributed object-oriented programming paradigms into a single distributed 
middleware system.  This unique combination of high-level programming abstractions yields a 
powerful middleware system that enables the middleware users to rapidly develop complex yet 
reliable distributed applications.  The TENA Middleware (currently at Release 6.0.4.2) is US 
Government owned and available for free download at the TENA SDA web site 
https://www.tena-sda.com. 
The TENA object model consists of those object / data definitions, derived from range 
instrumentation or other sources, which are used in a given execution to meet the immediate 
needs and requirements of a specific user for a specific range event.  The object model is shared 
by all TENA resource applications in an execution.  It may contain elements of the standard 
TENA object model although it is not required to do so.  Each execution is semantically bound 
together by its object model. 
Therefore, defining an object model for a particular execution is the most important task to be 
performed to integrate the separate range resource applications into a single event.  In order to 
support the formal definition of TENA object models, a standard metamodel has been developed 
to specify the modeling constructs that are supported by TENA.  This model is formally specified 
by the Extensible Markup Language (XML) Metadata Interchange standard and can be 
represented by Universal Markup Language (UML).  Standards for representing metamodels are 
being developed under the Object Management Group Model Driven Architecture activities.  The 
TENA Object Model Compiler is based on the formal representation of this metamodel, and 
TENA user-submitted object models are verified against the metamodel.  However, it is important 
to recognize the difference between the TENA metamodel and a particular TENA object model.  
The object captures the formal definition of the particular object/data elements that are shared 
between TENA applications participating in a particular execution while the object model is 
constrained by the features supported by the metamodel.  
A significant benefit for TENA users is auto-code generation.  The TENA Middleware is 
designed to enable the rapid development of distributed applications that exchange data using the 
publish-subscribe paradigm.  While many publish-subscribe systems exist, few possess the high-
level programming abstractions presented by the TENA Middleware.  The TENA Middleware 
provides these high-level abstractions by using auto-code generation to create a complex 
Common Object Request Broker Architecture (CORBA) application.  As such, the TENA 
Middleware offers programming abstractions not present in CORBA and provides a strongly-
type-checked framework interface that is much less error-prone than the existing CORBA 
Application Programming Interface (API).  These higher-level programming abstractions 
combined with a framework designed to reduce programming errors enable users quickly and 



4 
 

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. 

IV. SUPPORT FOR TENA USERS 
 

The TENA SDA has developed a website that provides a wide range of support for the TENA 
user, including an easy process to download the middleware, free of charge.  The website also 
offers a help desk and user forums that will address any problems with the Middleware download 
and implementation.  The TENA SDA is very aware of the need to inform range managers and 
train TENA users, and the TENA SDA presents regular training classes that are designed to meet 
the attendees’ needs, from an overview of TENA to a technical introduction of TENA, all the way 
to a hands-on, computer lab class for the TENA Middleware. 
TENA’s continuing evolution in its support of the test and training range community is managed 
by an organization of users and developers.  This collection of TENA stakeholders, called the 
Architecture Management Team (AMT), meets several times a year to be updated on TENA 
usage, problems, and advancements.  The agenda involves briefings and is open to wide ranging 
discussions, ensuring the users’ concerns and inputs are understood, recorded, and action items 
are made if necessary.  Of equal importance, TENA developers and management has had a long 
and mutually beneficial relationship with the Range Commanders Council. 
 

V. CONCLUSION 
 

Although it was a technological and software evolution that was the impetus for TENA’s growth 
in its enabling of range interoperability and resource reuse, the Middleware found its needed 
validation on the DoD test and training ranges.  On those ranges, the U.S. Military evaluates the 
warfighting equipment, personnel, and concepts that are deployed in support of ongoing missions 
around the globe.  Unfortunately, test and training events only provide the opportunity for 
evaluation.  It is the data collection and analysis that determines the war worthiness of the 
equipment or concept; it can quickly and definitively illuminate any necessary improvements 
needed to ensure effective and safe weapon system operation and training.   
TENA and JMETC are time-tested, proven, integral parts of that equation.  JMETC reduces the 
time and cost to plan and prepare for distributed Joint events by providing a persistent, readily-
available network, including the necessary networking tools to connect all associated sites.  
TENA is the common integration software, easily integrated into telemetry environments and 
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applications.  With TENA-enabled systems and events run over the JMETC network, Test 
Directors can put their focus back where it needs to be – on the warfighter and the task at hand. 
For more information about JMETC and TENA, contact George Rumford, JMETC Senior 
Technical Advisor / TENA SDA Director, or AJ Pathmanathan, JMETC Lead Engineer, E-mail: 
feedback@jmetc.org or feedback@tena-sda.org or go to the JMETC Web Site: 
https://www.jmetc.org  or TENA Web Site: https://www.tena-sda.org.  
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ABSTRACT 
 

This paper will focus on analyzing the characteristics of firewalls and implementing them 
in a virtual environment as both software- and hardware-based solutions that retain the security 
features of a traditional firewall. 

INTRODUCTION 

With the evolution of telemetry into network environments, telemetry experts must 
consider the impact of cloud computing solutions in future telemetry systems. Cloud computing 
is becoming increasingly popular and offers a wide variety of advantages over conventional 
networking, including the ability to centralize resources both physically and financially. While 
implementing a cloud infrastructure does raise security concerns, a secure cloud infrastructure 
similar to that of a conventional network can be achieved using tools and tactics deployed to 
protect the network from adversaries and various malicious attacks. 

One primary component in any secure network, cloud or otherwise, is a firewall that 
examines inbound and outbound traffic on the network to ensure that it is authentic and based on 
a set of rules, as well as enables the network administrator to permit safe content. A cloud 
infrastructure differs from a conventional network mainly in its logical implementation, so 
building a secure cloud network will differ logically. Finding the best combination of a virtual 
firewall and its implementation is instrumental to building a fast, efficient cloud network that 
also has all the properties of a secure conventional network. The virtual firewall’s effectiveness 
will be measured according to existing federal standards and definitions regarding network 
security. 

Telemetry systems are becoming more virtualized, hence creating security vulnerabilities. 
This paper focuses on addressing a lack of boundaries in these virtualized environments. In a 
traditional network, boundary defense is trivial by comparison since physical boundaries are 
implemented between users and network components, such as firewalls and guards. But the 
transition to a virtual network eliminates these physical boundaries because, with a cloud, most 
network components essentially sit on a single server.  

While a firewall between users and the Internet can be implemented similarly to that of a 
conventional network, the defense needed between users poses a problem. Traditionally, a 
firewall can protect users from one another because it is able to monitor traffic traversing the 
internal network, but a physical firewall in the cloud is essentially blind to traffic between virtual 
machines because the separation between users is logical. 



This paper will demonstrate how to reinstate the boundary between users in the cloud by 
dedicating physical resources, processors in the host, which will establish a physical separation 
between each virtual machine. 

Dedicating processing power to the firewall ensures that overloading it with innumerable 
tasks will not diminish the firewall’s ability to address potential threats because, typically, 
processing power is idle until summoned by various tasks. Cloud providers generally are large 
corporations that employ massive data centers and command servers with plenty of processing 
power; however each user is given an allotment of CPU usage per virtual machine. Amazon Web 
Services, for example, charge extra for CPU On-Demand instances per hour when users want to 
exceed their plan.  

Dedicated processors to the firewall will provide the needed separation between users and 
also provide a cost-effective measure to keep the user from exceeding allotted CPU usage, since 
the firewalls should always have a high priority and be slated to run in the event of an attack.  

This measure provides security assurance, as highlighted in 20 Critical Security Controls, 
where the NIST references the Boundary Defense objective to detect, prevent, and correct the 
flow of information transferring networks of different trust levels and focusing on security-
damaging data. In this case, since users do not know or trust one another, each one will be 
treated as networks of different trust levels. 

 
BACKGROUND 

 
A suitable design criteria is needed for this approach. Several levels of security are 

defined in the NIST FIPS 140-2document [1] of computer security standards to accredit 
cryptographic modules. While this paper does not address the use of cryptography as a solution, 
the standards for implementing a secure infrastructure are relatively similar. They consist mainly 
of physical security features that must be implemented to account for potential insider/outsider 
threats trying to gain access to either other users’ machines or servers that rely on access to the 
cloud: 

• Security Level 1:  Basic, low level security requirements that allow software and 
firmware components to be executed on a general purpose computing system using an 
unevaluated OS.  

• Security Level 2:  Requires authentication of a user. 
• Security Level 3:  Prevents unauthorized users from gaining access to critical security 

parameters by creating physical or logical separation between users. 
• Security Level 4:  Physical protection from environmental factors.  

 While FIPS 140-2 is a standard for security of a cryptographic module, it can be used as a 
guideline to establish many different security standards, including establishing a secure virtual 
network infrastructure. The four different levels of security specified by FIPS 140-2 are a clear 
indication of this. The various levels of security indicate that there must be separation of 
components both logically and physically. This paper mainly focuses on providing Levels 2 and 
3 protection. While Levels 1 and 4 are certainly present, they do not constitute the primary focus 
of concern because no cryptography is required.  

All these requirements are typical of a secure network infrastructure and can be applied to 
establishing a secure standard for a firewall. The different requirements that FIPS 140-2 specifies 
are module specification; ports and interfaces; roles/services/authentication; finite state model; 
physical security; operational environment; cryptographic key management; self-tests; design 



assurance; and mitigation of other attacks. All are applicable to the firewall except cryptographic 
key management.  

If all these requirements can be met for any security module, then the module has a level 
of high assurance. The security module being proposed in this paper is able to satisfy all the 
requirements set forth by FIPS 140-2 and, therefore, can be classified as a secure, high-assurance 
security module. 

 
APPROACH 

 
Current virtual firewalls primarily operate on an application level using available OS 

processing power, which pose concerns about limited resources and scalability. This study will 
demonstrate the advantages of using a software- and hardware-based solution to meet all the 
needs of a user in a cloud environment. While the firewall will be deployed on each individual 
virtual machine, dedicated processing cores will alleviate concerns about the potential lack of 
processing power regarding firewalls. 

This paper addresses the physical issue by proposing a dedicated security processing core 
for each VM that is online. An example would be a VM with an octo-core processor on the 
cloud, with one core dedicated to the firewall and the remaining seven cores dedicated to all 
remaining processes. Where there is high CPU usage by a particular user, the firewall would be 
unaffected by any and all of these processes. This solution would prohibit the user from 
overloading and causing crashes that could shut down processes like the firewall and expose the 
network to threats. 

In order to build an effective test, it is important to understand not only network security, 
but also operating system security. The cloud is hosted by a server that runs an OS of its own. 
With multiple users accessing shared resources, an OS is considered to be a multiprogrammed 
OS, also known as a monitor. [2] Protecting each user on the OS is accomplished by 
implementing one of four types of separation: 

• Physical Separation:  Different processes use different physical objects for output 
implementing different levels of security. 

• Temporal Separation:  Processes employ different security requirements and are executed 
at different times. 

• Logical Separation:  Users operate with the impression that no other processes exist. For 
example, an OS limits a program’s access so that it cannot operate outside its permitted 
domain. 

• Cryptographic Separation:  Processes hide their data and computations so they are 
meaningless to outside processes. 
Firewall solutions for a virtual network to the Internet are not a primary concern in this 

study because the current infrastructure is more reliable than the internal network. This is 
especially important in a commercial cloud where users want to depend on it as though it is their 
own private network. There are two Ethernet adapters for each VM; one for the internal network, 
and one for Internet access. 
 The design intention is to dedicate to the firewall to a CPU for security purposes to avoid 
a potential bottlenecking issues. A verification check, using the FIPS 140-2 standard that outlines 
security of cryptographic modules, can be performed to validate that the firewall is functioning 
properly. 



In addition to partitioning CPU on single chips to dedicate security, another method of 
achieving the security goal is to dedicate an entire processor to the firewall. The Application-
Specific Integrated Circuit (ASIC) chip is a processor, by design, that is dedicated to a single 
process.  

Traditional firewalls suffer from low performance because all security functions are 
performed through a single CPU. They also only serve a single function, which means additional 
network security devices must be purchased and implemented to achieve network security. 

The application-specific integrated service (ASIC)-based firewall – a dedicated custom-
made chip developed for custom-made security functions that also solves the bottleneck issue. 
The ASIC-based firewall takes care of data transmission and execution of security functions 
while the CPU takes care of various configuration tasks, excluding handling, collection of 
statistical data, and user interface. Dedicated security chips are easily stacked, which increases 
performance. In addition, custom-made chips are very difficult to alter, eliminating the distrust 
users may have in the OS. 

The firewall structure being proposed combines these functions using a software- and 
hardware-based solution. Data channels demand for processing power is fulfilled with dedicated 
hardware, while control protocol’s flexibility is accomplished with the general-purposed CPU. 
The firewall will be divided into an ASIC and a general-purpose high-performance CPU. The 
ASIC will accomplish main security functions, especially data applications at the TCP layer and 
above, and the general purpose CPU will run system software. This implementation in the cloud 
server will help establish a physical boundary, allow up-to-date firewall definitions, provide 
efficient performance, and negate the need to assume a trust level of the OS. [3] 

In order to maintain the idea of assigning CPU to the firewall, the ASIC can be used to 
provide both physical and logical separation and solve the security bottleneck issue. As a 
dedicated custom-made chip developed for custom-made security functions, it takes care of data 
transmission and executing security functions, while the CPU takes care of various configuration 
tasks, exception handling, collecting statistical data, and user interfaces. 

The ASIC optimizes system performance, and makes efficient use of board space because 
it does not incur the overhead of fetching and interpreting stored instructions. The ASIC 
enhances the performance of traditional processors, taking care of data transmission and 
executing security functions. It’s enhanced design security makes it virtually impossible to 
reverse engineer. 

To provide assurance that the firewall is functional, techniques will be used that involve 
trusted third party markings of network packets to facilitate automated forensics such as flagging 
packets. The trusted third party system will serve as a guard to allow network entities to 
communicate. A security module in the guard will ensure that each incoming and outgoing 
packet has first gone through the firewall. Network processors will insert trustworthy security 
marks in the IP header of incoming packets, which should be applied to all the packets forwarded 
since the third party guard is a priori unaware of potentially malicious intent of any packets it 
forwards.  

The IP header currently has 33 available bits that can be used to append security marks. 
As it stands, these are the available header bits: Identification – 16 bits; Fragment Offset – 13 
bits, Type of Service – 2 bits; More Fragment – 1 bit; Fragment Flag – 1 bit.  Because of 
complications in the various header fields, it has been determined that the ID field or Type of 
Service fields are the best candidates for a security flag. When a packet passes through VM 1, it 
must first go through ASIC Firewall 1, which sets the security flag bit to “1” once it determines 



that the packet is safe and contains no malicious content. If the packet is deemed unsafe, it is 
dropped. If the packet is harmless, it receives the security flag.  

After passing through the firewall, it must go to Guard 1 where the security module sits. 
If it is determined that the security flag has been not been set, VM 1 will shut down with a notice 
sent to the security officer. If it determines that the flag has been set, then the packet is permitted 
passage to Firewall 2. Firewall 2 determines if the packet is being received from a reliable source 
and whether it contains malicious content. If the packet is trusted, a second security flag is set. If 
not, it is dropped. 

The packet will then goes through Guard 2, which checks for the two security flags. If 
both flags are not set to “1”, VM2 will shut down and a notice will be sent to the security officer. 
If both flags have been set, then the packet will be permitted passage to VM2. Figure 1 shows the 
firewall security module.  

 
 

Figure 1: Firewall Operational Assurance Mechanism 

The third party guard provides assurance that the firewall is actually functional, adding a 
second measure of security. This security assurance cannot be spoofed since any packet coming 
out of the firewall must physically pass through the guard. In providing a solution that protects 
the boundaries in the cloud, it is important to distinguish where those boundaries are physically. 
Figure 2 portrays the virtual network in which the security module can be seen. 

The virtual local area network (VLAN) on the host machine contains the cloud’s virtual 
machines. The security modules, which contain the ASIC firewall and third party guard, also sit 



on a tray in the host where they are assigned to each VM joining a new session by the dynamic 
firewall module switch. The firewall then belongs to that user session until the user terminates 
the VM connection.  

The only physical connections are between the firewall, guard, and dynamic switch. All 
remaining connections are virtual, other than those that are required by the hardware resources 
within the host machine. All the virtual machines are logically in the same network, with the 
security switch allocating module resources to each new user that joins the network. Depending 
upon need, the security module bus can be connected internally or externally. An Ethernet 
connection has been chosen for this design based on its ability to transmit data rapidly. A copper 
or fiber Ethernet connection can be used, but fiber, with its higher data rate, is used in this 
design.  

 

 
Figure 2: Firewall security module in the Cloud 

The security module contains the bus, which consists of the ASIC firewall and third party 
guard, as well as the dynamic firewall module switch. Also included is a mechanism that allows 
for firewall updates. Internally, the ASIC firewall board is connected to the third party guard 
with an Ethernet cable. The host is then connected to the switch using an Ethernet cable.  

Since the ASIC firewall has a completely separate, simple OS that is designed 
specifically for its use, updates to firewall policies and definitions cannot be altered or pushed 
through the network by outsiders. Updates or alterations must be done internally and manually 
because the secure framework cannot be altered. The design includes an update module on the 
firewall board that is connected to Core 2 of the CPU, the task core, when updates need to be 
performed. At all other times, it is left disconnected. Updates can be performed by a USB 
connection or other type of removal media. This ensures that the firewall definitions cannot be 
modified unless an attacker has physical access to the host. 

Figure 3 shows the connectivity between the internal components of the security module, 
as well as the connectivity between the module and the host. The security module contains the 



bus, which consists of the ASIC firewall and third party guard, as well as the dynamic firewall 
module switch. Also included is a mechanism that allows for firewall updates. Internally, the 
ASIC firewall board is connected to the third party guard with an Ethernet cable. The host is then 
connected to the switch using an Ethernet cable. 

 

 
Figure 3: Bus structure of ASIC firewall security module 

Since the ASIC firewall has a completely separate, simple OS that is designed 
specifically for its use, updates to firewall policies and definitions cannot be altered or pushed 
through the network by outsiders. Updates or alterations must be done internally and manually 
because the secure framework cannot be altered. Figure 4 conceptually shows how the security 
module is designed to allow for this type of update. 

 

 
Figure 4: Security Module Design for Updates 

Self-tests, conducted at the beginning of a session and periodically throughout it, provide 
assurance that the firewall is intact and operational. Performed by the security module, they 



ensure that the firewall can send and receive packets, append a security bit, send them to the 
guard for verification, and send them back to the firewall for transmission. Figure 5 shows a flow 
chart of how this is achieved in this design. 

 
Figure 5: Security module self-test 

In the first step, the firewall flow core transmits a small self-test packet to the firewall 
task core. Then, Core 2 verifies the packet and appends a security bit. The packet is then sent to 
the third party guard for verification. Upon verification of the security bit, the third party guard 
ensures that the firewall is intact and available, and then transmits the packet back to the task 
core. Once the packet is received by the task core, the self-test is complete.  

Should the self-test fail, the VM is halted and the security officer is notified, which is 
similar to the firewall failing during a normal packet transmission.  

When there is no user activity, it is recommended that the firewall perform periodic self-
tests approximately every 30 seconds. Should any step fail, the entire system reports a failure and 
shuts down the VM. If Core 2 is waiting to receive the packet to complete step 4 and has not 
received a packet within 30 seconds, the system concludes that the security module has failed 
and notifies the security officer. If a test packet is expected and fails to arrive, the system has 
most likely been compromised. Any failure in one of the steps triggers the alarm. The security 
officer receives these reports periodically, as well. If nothing is reported, then the firewall has 
failed and the VM must be manually shut down. 

Checking each of the specifications with the design of the firewall assurance mechanism 
in place verifies that it closely follows the FIPS 140-2 standard. Levels 2 and 3 of the standard 
are invoked to provide role-based authentication, i.e., the security officer; and production-grade 
components, such as the ASIC-based firewall, third party guard, and security module switch.  

Level 3 security is achieved by the safety stickers on the devices, although this is not 
shown in this paper. Level 4 security is also present, but it must be achieved by the network 
administrators who assemble the network and provide environmental safety features. 

 
  



CONCLUSIONS AND FUTURE WORK 
 
 Since cloud computing is the logical implementation of a traditional network, it may 
seem that it holds the same security standards. However, this paper demonstrates that, regarding 
security, this is not always the case. Perhaps the greatest vulnerabilities in the cloud are the most 
fundamental ones – separation and boundaries.  While firewalls between cloud users and the 
Internet are relatively simple to implement, the boundaries between users pose a problem. Users 
in a cloud share resources, so there is no physical separation between them.  

When using FIPS 140-2 and implementing a firewall, it was also necessary to provide 
assurance that the firewall was, in fact, operational in case of possible attack. This was achieved 
by flagging incoming and outgoing packets in the firewalls and checking them with third party 
guards.  Devising an ASIC-based virtual firewall provides administrators with the ability to make 
changes to policy without making hard changes to the actual firewall, since ASIC chips are 
nearly impossible to alter. The third party guard is able to provide needed assurance by 
performing incoming and outgoing packet checks, restrict traffic, support user and officer roles, 
demonstrate the ability to transition the VM to on/off states and notify officers, physical security, 
depending on a simple and specifically designed OS, and can perform self-tests.  

After implementing these design features and performing a series of logical tests, it was 
determined that this design provides both the functionality and assurance needed to secure a 
cloud by providing protection between users. Installing boundaries between users assures a first 
line of defense and makes it difficult for a network to be compromised from within.  

Future work may include the physical design of this ASIC-based firewall with an 
assurance mechanism. Building the ASIC firewall would include the processors assigned to flow 
and task as well as a chip to play the role of the third party guard to provide assurance. Future 
work should also include the implementation of this security mechanism on small and large 
scales to ensure reliability at all levels. The cost and difficulty of doing so, however, is beyond 
the scope of this paper. However, it would certainly be the next step of building a secure cloud 
infrastructure. 
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ABSTRACT 

 

Data security is becoming increasingly important in all areas of storage.  The news services 

frequently have stories about lost or stolen storage devices and the panic it causes.  Data security 

in an SSD usually involves two components:  data protection and data elimination.  Data 

protection includes passwords to protect against unauthorized access and encryption to protect 

against recovering data from the flash chips.  Data elimination includes erasing the encryption 

key and erasing the flash. Telemetry applications frequently add requirements such as write 

protection, external erase triggers, and overwriting the flash after the erase.  This presentation 

will review these data security features. 
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INTRODUCTION 

 

Data security is important in all areas of data storage from enterprise to industrial applications 

such as telemetry.  The news services frequently have stories about data security breaches; while 

many are related to network attacks, some are due to lost or stolen storage devices such as Hard-

Disk Drives (HDDs) or Solid-State Drives (SSDs).  (Virtanen, 2014)  Data security in modern 

Solid-State Drives (SSDs) can help mitigate the risk of compromised data.  It consists of two 

main components: data protection and data elimination.  These two items may sound like 

opposites, but they both provide data security through different mechanisms.  The goal of data 

protection is to keep data from unauthorized access by using passwords and encryption; the goal 

of data elimination is also to keep data from unauthorized access by erasing the encryption key 

and most likely erasing the actual data as well. In addition, telemetry applications frequently 

require additional data security elements such as write protection, external erase triggers, and 

possibly overwriting the data after the erase.  These data security features of an SSD contribute 

to an overall robust security design for an entire telemetry system. 

 

 

1. DATA PROTECTION 

 

The first step of data security is data protection.  The objective of data protection is to prevent 

the data from being accessed by unauthorized users.  If an adversary acquires a drive containing 

confidential data, then data protection attempts to prevent the adversary from being able to 

access that data.  Two main components of data protection are passwords and encryption.  In 

addition, telemetry applications frequently require write protection to prevent collected data from 

accidental overwrite during post processing. 

 

 

1.1 PASSWORDS 

 

A password on a drive is analogous to a combination lock on a 

storage shed.  The lock prevents access to the items in the storage 

shed until a user provides the correct combination.  In a similar way, a 

password on a drive prevents access to the data items stored on the 

drive.  A user must provide the correct password in order to read or 

write the data.  One difference is that the user must remember to 

return the combination lock when finished accessing the items in the 

storage shed; however, a drive automatically locks and requires the 

password again after a hardware reset, such as a power cycle. 

 

The password on a standard ATA device is 32 bytes long and each byte can contain one of 256 

possible values; the odds of a random guess being the correct password are 1 in 256
32 

or 1 in 1.16 

x 10
77

.  However, some systems use an ASCII-based password system with letters, numbers and 

symbols that can be typed on a keyboard; this limits each byte to contain one of 95 possible 

values which has odds of random guess being correct as 1 in 95
32

 or 1 in 1.94 x 10
63

.  In addition, 

the ATA standard allows for 5 attempts to unlock the drive with an incorrect password; after 

that, the drive must be reset before the drive accepts additional unlock attempts.  Therefore, with 
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the simple act of setting a password on a drive, the data is protected against basic attempts to 

read or write data if the drive is ever lost or stolen. 
 

 

1.2 ENCRYPTION 

 

Most SSDs today are self-encrypting drives (SEDs) meaning they automatically create an 

encryption key, keep the encryption key safe from prying eyes, and encrypt the data without any 

intervention needed from the user or the host system.  This implies that the user or the host does 

not need to manage the encryption key (or keys on multiple drives), and also the host system 

does not need to spend CPU cycles encrypting the data it writes to the drive, and decrypting the 

data it reads from the drive.  Another added benefit to a self-encrypting drive is the ability for the 

drive to erase the encryption key within milliseconds making the data virtually unrecoverable (up 

to the strength of the encryption key). 

 

If the user of the drive loses possession of the drive (or a laptop containing the drive) before the 

encryption key is erased, then the encryption does not protect the data unless the user also set a 

password on the drive to restrict read/write access to the data; without a password, the adversary 

has direct access to the data just as the original user has access.  With a password set, an 

adversary is limited to attempting to break the password, or attempting to remove flash chips.  

Removing flash chips has additional difficulties; due to the wear-leveling involved in SSDs, as 

the host writes data to logical blocks addresses, the drive stores the data in seemingly random 

locations on the NAND flash.   

 

On an SSD without encryption, the adversary would be able to 

read the data directly off of the individual NAND flash chips, 

but then must attempt to piece the data sectors in the correct 

order much like a jigsaw puzzle.  Alternatively, on an SSD 

with encryption, the adversary would not be able to read the 

data directly, and would need to break the encryption in 

addition to attempting to piece the data sectors into the correct 

order; this situation is analogous to putting together a jigsaw 

puzzle where all the puzzle pieces have the picture distorted 

and are unrecognizable. 

 

 

1.3 WRITE PROTECTION 

 

An additional data protection feature needed for some telemetry systems is to write protect the 

data, or make the entire contents of the drive read only.  This feature can be used to protect 

collected data during post processing, or to protect map data during a flight.  Some write 

protection systems require the host to send a non-standard, vendor-specific command to the drive 

which may or may not be readily possible with all operating systems.  Other write protection 

systems utilize a jumper shunt across two external pins; some implementations have the pins 

shorted with the shunt present for write protect mode, while other implementations have the pins 

open with no shunt present for write protect. 
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2. DATA ELIMINATION 

 

Another important aspect of data security is data elimination.  The objective of data elimination 

is to eliminate the data.  If an adversary acquires a drive containing confidential data, then data 

elimination attempts to remove the data before the adversary has a chance to access that data.  

One distinction between data protection and data elimination is that data elimination must be the 

last step before the adversary obtains the drive; otherwise, it is too late.  The main component of 

data elimination is erasing the encryption key on an SED and possibly the data itself. Again, 

some telemetry applications require additional features such as an external hardware trigger to 

initiate the elimination process and a method to overwrite the data to comply with various 

agency requirements. 

 

 

2.1 ERASING 

 

The first step of data elimination for an SED is to erase the encryption key.  Upon receiving the 

erase command, an SED will automatically complete this step within milliseconds and render the 

data virtually unrecoverable (up to the strength of the encryption key).  This step is frequently 

referred to as crypto or cryptographic erase.  Be aware that the actual data still remains on the 

storage medium, although it is stored encrypted without any trace of the encryption key.   

 

Some SSDs follow the crypto erase with a block erase that 

erases the contents of the data blocks in the NAND flash.  

Referring back to the jigsaw puzzle analogy from earlier, if a 

user set a password on the drive and performed a block erase, 

then an adversary attempting to recover useful data from 

removed NAND flash chips is similar to putting together a 

jigsaw puzzle where all the puzzle pieces are the same shape 

and have the exact same blank picture. 

 

 

2.2 OVERWRITE 

 

For several agencies, such as the Inter-Range Instrumentation Group (IRIG), a crypto or block 

erase is not sufficient.  These agencies also require that the drive overwrite the data blocks with 

another pattern, either random or known, in an attempt to eliminate any trace of the data from the 

storage medium.  For example, IRIG 106-13, Chapter 10, requires that the drive overwrite the 

blocks with two separate patterns:  0x55, then 0xAA; in addition, the specification requires that 

all blocks of memory shall be processed with no exclusions for any reason.  (Telemetry Group, 

2013) 
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2.3 EXTERNAL ERASE TRIGGERS 

 

An additional data elimination feature needed for some telemetry systems is external erase 

triggers; rather than initiate an erase sequence using software commands, some telemetry 

systems must be able to erase based on a push button or some other electrical switch.  This 

external trigger is usually two external pins that initiate an erase sequence when connected 

together or when connected to a power source, depending on the SSD product.  Some SSDs have 

these external pins on or near the host SATA connector, while other SSDs have these external 

pins on the opposite end of the drive. 

 

 

2.4 QUESTIONS TO ASK 

 

When implementing data elimination in a telemetry system, a designer should keep the following 

questions in mind. 

 

1. Does the SSD erase just the encryption key (crypto erase), or erase data blocks (block 

erase)? 

a. If the SSD erases data blocks, then which data blocks does it erase:  just blocks 

that contain mapping information, or blocks that contain user data, or the entire 

contents of all NAND flash chips? 

2. Does the SSD overwrite the data blocks? 

3. How does an end user know when the drive has completed the erase or overwrite 

sequence?   

a. Are there external LEDs that indicate various states, such as normal, erasing, 

initializing? 

b. Are there software commands (e.g., S.M.A.R.T. attributes) that convey progress? 

4. Can the end user read the raw contents of the NAND flash chips to verify that the drive 

eliminated their confidential data? 

 

 

CONCLUSION 

 

With all the security problems associated with lost or stolen drives, modern-day SSDs have 

several data security features to protect against any crisis arising out of such a loss.  The two 

main components of data security are data protection and data elimination.  Data protection, 

consisting of elements such as passwords and encryption, keeps the data for use only by the 

intended users.  Data elimination, consisting of elements such as erasing and overwriting data, 

removes the data so that no one can access the data, not even the intended users.  Telemetry 

systems can use these data security features along with additional features such as write 

protection and external erase triggers, to complete a system design that can pass the scrutiny of 

an information assurance security officer. 
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NOMENCLATURE 

 

ATA or Advanced Technology Attachment:  An interface standard from T13 

(http://www.t13.org/) for storage devices typically using a parallel bus (PATA), or serial bus 

(SATA). 

 

Flash:  A non-volatile memory device using an array of transistors each with a floating gate to 

store a charge 

 

GB or Gigabyte:  10
9
 bytes 

 

HDD or Hard-disk drive:  Traditional data storage device using rotating, magnetic platter. 

 

MLC or Multi-Level Cell:  A flash technology which stores more than one bit per transistor cell 

by using more than two voltage levels on the floating gate; most commonly referred to two bits 

per cell using four distinct voltage levels 

 

NAND:  A high-density flash device usually with defect blocks marked by the factory; read and 

write operations must be done at a page level (several kilobytes), and erases done at an erase 

block level consisting of several of pages 

 

SATA or Serial ATA:  A storage bus interface where the data is transferred serially rather than 

through parallel data wires as in previous generations. 

 

SED or Self-Encrypting Drive:  A storage device that automatically encrypts all data written to 

the storage medium and decrypts all data read from the storage medium.  No user or host 

intervention or support is necessary to manage the encryption key or perform the encryption. 

 

SLC or Single-Level Cell:  A flash technology which stores one bit per transistor cell by using 

two distinct voltage levels on the floating gate. 

 

S.M.A.R.T. or Self-Monitoring, Analysis, and Reporting Technology:  A standard protocol for a 

host system to retrieve information about the drive status and health. 

 

SSD or Solid-State Drive:  A data storage device typically using the same form factors as 

traditional hard disk drives, but without the moving parts.  An SSD typically stores data in SLC 

or MLC NAND flash. 

 

TB or Terabyte:  10
12

 bytes 
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INTRODUCTION 

The criticality of the integrity of telemetry post processing data demands the strongest security 

tools be employed on the systems and networks used to deliver, manage and process this 

sensitive data.  While the capabilities of vulnerability and threat security applications continue to 

improve; these systems alone cannot totally protect vital telemetry post-processing computing 

environments.  Organizations must constantly face the threat of  insider personnel who decide to 

take actions to compromise the computing environments they work in.  A new class of security 

product is evolving that can help identify individuals whose behavior may impair strategic 

organizational assets and data. After reviewing traditional threat and vulnerability security 

applications and how they can be used to protect critical assets, user behavioral analytics tools 

will be examined along with their role in complementing traditional threat and vulnerability tools 

thereby facilitating better protection of telemetry post processing environments. 

BACKGROUND 

Today organizations use a myriad of cyber security tools to protect their IT networks.  While at 

the surface it appears external cyber malcontents can break into companies at will and wreak 

havoc, a closer examination reveals a more bifurcated environment.  Specifically, companies 

who correctly configure and layer security tools that complement one another’s capabilities have 

much greater success warding off cyber attackers than organizations that do not.  Additionally 

organizations who implement data security paradigms have lower costs associated with data 

breeches when their cyber defenses do indeed fail.  In addition to external threats there are also 

internal threats to an organization.  While the insider threat has always existed, only recently has 

a set of security tools been available to specifically address this issue.  These new tools are called 

behavioral analytics applications.  

DEFENDING AGAINST EXTERNAL ATTACK 

Most organizations today emphasize defense against external attack as this is the most common 

mechanism used to execute a data breech.  Over the years there has been a number of security 

tools developed to assist organizations in defending their IT assets against external attack.  



However, even when all defensive tools are deployed an organization is not totally resistant to 

compromise, although, as mentioned above, the odds of successful attack are greatly reduced.  

Ironically, sometimes, these tools are misconfigured upon deployment; and that misconfiguration 

can leave the organization vulnerable.  Cyber security applications are also famous for yielding 

false alarms.  Yet, when security tool results can be cross correlated with other tools (e.g. 

Firewall with IPS or IDS, etc.) there is better assurance that false alarms will be significantly 

reduced. With that said, here is a brief review of the more popular security tools used to defend 

IT environments 

 Security Information Event Management (SIEM).  Generally all applications produce 

log files that describe their operating progress. SIEM tools [1] collect the data from these 

log files and correlate the event data to attempt to identify threats in the IT environment. 

 Intrusion Prevention Systems (IPS)/Intrusion Detection Systems (IDS). IPS/IDS tools 

[2] attempt to identify malicious network traffic.  If identified, prevention systems, 

remove the network payload containing the malicious data, as prevention systems operate 

inline to the network; while detection systems (which operate as host based and/or 

network based intrusion detection) can isolate malicious data and signal an alarm to 

security personnel for them to take action.. 

 Data Leak Prevention (DLP). DLP [3] tools attempt to stop sensitive data from  leaving 

(which might be either inadvertently or purposefully directed) the enterprise by using a 

number of techniques to identify sensitive content and capture it before it leaves the 

enterprise via e-mail/ftp/or USB. 

 Database Activity Monitoring (DAM).  DAM tools [8] attempt to thwart compromise 

of relational database management (RDBMS) systems by monitoring database activity 

and access. 

 Firewalls. Firewalls [4] can control what data can enter and leave the enterprise.  A new 

term used in connection with firewalls is the so called next generation firewall.  A next 

generation firewall has conventional firewall capabilities but also can add features like 

IPS, and deep packet inspection. 

 Anti-Distributed Denial of Service (DDS). Denial of service attacks seek to over 

occupy servers with bogus requests so they may not quickly respond to legitimate ones.  

A distributed denial of service [5] attack will stem from several sources.  Anti-DDS tools 

seek to defend against these attacks and disable them. 

 Virus Detection. Typically an anti-virus [6] end point application seeks to identify 

malware or vulnerabilities by simple signature detection (hash over a number of bits, etc.) 

 Advanced Persistent Threat (APT). APT [7] typically cannot be identified by a simple 

signature.  But instead is a complex set of malware processes that work in unison to 

compromise and organization over a long period of time.  Tools used to detect APT are 

complex and may involve both network packet analysis and event log analysis by SIEM 

tools. 



WHAT IS BEHAVIOR ANALYSIS? 

Behavioral analysis is a rather broad term.  But in the computer realm it essentially means trying 

to figure out if provisioned users, with assigned privileges on particular systems are doing good 

or bad things.  Recently there has been a lot of publicity regarding high profile computer 

breeches in large companies and the economic damage this has caused.  In those situations it was 

the case of an outsider (i.e. non-employee) breaking into a company’s IT assets and causing 

damage.  In the prior section technologies were discussed that organizations deploy to keep the 

bad guys out.  What happens when the bad guys are inside the company?  A troubling question 

as the potential damage they can inflict may be possibly far greater than an outsider who breaks 

into systems they are not familiar with.  Some of the same tools to keep outsiders out can be used 

to detect suspicious employee behavior, but they are typically less effective and this is why  a 

new class of tools have evolved that can assist organization in identifying insider threat. 

While there are many types of behavioral analysis analytics tools that can be leveraged; they 

generally fall into one of three categories and this is summarized in Table 1. It is not uncommon 

the find vendors capable of fielding solutions that deliver capabilities in more than one category. 

The first category is tools that track and identify user identity centric interactions with company 

IT equipment. This implies user activity and associated actions with operating systems, file 

systems, or applications running on operating systems are captured and correlated to try and 

identify anomalous behavior.  There may be unique patented processes utilized as part of this 

analysis and the algorithms can be quite complex.  The algorithms may first try to establish a 

baseline for individuals over days or weeks to determine what is normal.  Then contrast that 

normal with day to day anomalies that are detected.  The information can be combined with 

other collected SIEM events to potentially place an identity, user role, or specific access 

privilege/attribute to an associated more general network alert that might otherwise have initially 

been detected as anonymous.   

 

Table 1 Behavioral Analysis Analytics Techniques 

Behavioral Approach Description 

Identity centric interaction within an 

organization 

User’s activity and associated actions within an 

operating system or application or file system 

Identity associated structured and unstructured 

content search tools 

User e-mail, social media posts, images are 

reviewed and processed 

End-point security specific behavior User end point etiquette; e.g. clicking on email 

attachments, using USB’s, etc. is analyzed 

 

 



The second category is tools that collect identity associated structured and unstructured data 

content (inside and outside the enterprise). One might consider this a user’s data footprint.  This 

type of information could encompass e-mails, social media posts, and even images!  These types 

of technologies are very sophisticated and can transcend even language.  Essentially, 

probabilistic and pattern matching algorithms are used to detect patterns, emotions, sentiments, 

intentions, and even preferences.  Identified sentiments or intentions can then be correlated with 

identity centric behavior (discussed above) or even end-point detected behavior (discussed 

below) to better quantify the exact threat.  For instance if an organization notices that an 

employee has been making social media posts in which he or she is criticizing the company; then 

notices that the same employee has installed unauthorized software on a company central server; 

that might more heavily weight the criticality of the observed unknown software installation 

event.   

The third category is security tools that monitor identity associated end-point activity.  This 

would be detected security specific behavior on a user’s end-point device. Examples of security 

specific behavior would be inserting a USB device and copying data to it, going to a new website 

on the user’s web browser, clicking to open an e-mail attachment received in e-mail from an 

unknown user.  This information can be collected and correlated to classify a user’s security 

sensitive end-point behaviors.  Taken with respect to itself, user end-point activity may seem 

rather boring.  However, taken in context of identity centric behavior and structured data 

footprint it might be very revealing.  For instance, if it is detected that am individual is using 

their data access privileges to access sensitive company data on a company server, and it is 

noticed that the user is frequently using USB devices; this might elevate the seriousness in which 

the initial data accesses on the sensitive server is viewed. 

PRIVACY CONCERNS 

There are significant privacy issues with behavior analytics technology.  This is because it 

involves processing content of user e-mails, social posts, images, and other discrete user actions.  

Most problematic in this mix is user e-mail.  As these may contain sensitive personal information  

Table 2. Behavioral Analysis Privacy Issues 

Privacy Issue Description 

E-mail Active monitoring and assessment of employee 

e-mail content 

Social Media Active monitoring and assessment of employee 

social media posts 

Images Active monitoring of images containing 

employee or images employee posts to social 

media 

Other user actions Active monitoring of other user actions on the 

internet 



 

obviously employees may not look positively on the use of behavior analytics tools against such 

data.  Organizations can deal with this in several ways.  First there can be overt statements in the 

employee’s agreement noting that behavioral analytics tools are used and warning employees 

that the content of their e-mails will be constantly monitored.  The agreement might also mention 

that employee posts to social media will also be monitored.  While this will give employees fair 

warning, companies will still have some limitations placed on their e-mail reviews.  The most 

significant limitation being that correspondence received from or sent to an employee’s legal 

counsel cannot be reviewed by the organization.  Some organizations opt to compromise and 

choose to monitor only social media outlets, but do not monitor e-mail content.  Since a 

legitimate argument can be made that social media posts are public domain, organizations with 

privacy sensitivities can formulate policies that are congruent with their privacy philosophies. 

INTEGRATING BEHAVIORAL SOLUTIONS 

Behavioral analysis products can be fielded in a few different ways.  First they can be deployed 

inside a SIEM product.  As the SIEM product is gathering event feeds from a myriad of sources, 

including sources the behavioral analytics tool needs to perform its functionality, the SIEM tool 

could re-direct appropriate event feeds (e.g. from identify products, e-mail products, etc.) to the 

behavioral solution.  Alternatively the behavioral tool can stand alone, and directly take event 

feeds from required application sources.  In this case the behavioral analysis results could be 

displayed in a localized dedicated behavioral dashboard/monitor or forwarded to a more 

generalized dashboard that can integrate behavioral results.  Some identity associated structured 

and unstructured data content gathering tools dump their data into Big Data management 

frameworks like Hadoop, where the results can be further analyzed with visualization tools. 

Table 3. Some Behavioral Analytics Tools Providers 

Manufacturer Product Name Product Category 

Securonix Insider Threat Detection and 

Management Platform  

Identity centric interactions 

with company IT equipment 

and more 

HP HP IDOL™ Identity associated 

structured and unstructured 

data content (inside and 

outside the enterprise) 

gathering/analysis tool 

HP HP ArcSight User Behavior 

Analytics™ 

Identity centric interaction 

detection with SIEM 

integration 

 

 



INPUT DATA THROUGHPUT 

Another challenge in integrating behavioral analytics systems may be throughput and data 

latency.  That is, given what specific inputs the analytics engine requires there may be challenges 

with sustainable data rates to feed the engine as well as data latency issues with temporary 

storage and transformation of input data to a neutral format and subsequent processing of the 

behavioral analytics transformed input data.  These issues will acutely manifest themselves if 

organization attempt to integrate and deploy their own hybrid behavioral analytic systems.  

Otherwise if turnkey integrated COTS systems are acquired most of these complications should 

have been worked out by the tools provider. 

 

APPLICATION IN TELEMETRY POST-PROCESSING ENVIRONMENTS 

There is nothing particularly unique in telemetry post-processing environments that presents a 

challenge in deploying behavioral analytics tools.  However, that being said there are a few 

additional considerations one must factor through, including: 

1) Telemetry post-processing environments are often classified environments.  In these 

cases potential data paths are limited.  However identity and privilege still are important 

factors that must be managed especially in “need to know” situations. 

2) Users of telemetry post processing systems are by definition sophisticated users and as 

such identity associated structured and unstructured data content gathering tools may 

have limited use.  For example it is unlikely the PhD aeronautical engineer analyst is 

going to post flames regarding the company he works for on social media! 

3) Identity end-point activity monitoring tools may play an even more important role.  As 

the end point may be the most vulnerable point at which data product could be 

compromised. 

Behavioral tools may be an absolute must in very sensitive compartmentalized projects that 

generate telemetry data.   Some Behavioral Analytics tools providers are listed in Table 3.  Note 

all product names may be trademarked and are property of the company.  

SUMMARY 

Telemetry and telemetry post-processing data product are extremely important to companies that 

sell or buy products that generate such data. As such aggressive measures should be taken to 

protect telemetry data in raw or reduced form residing on organization internal servers.  While 

cyber security protection tools (e.g. firewalls, virus detection, APT, IDS, IPS, DLP, DAM, 

SIEM, DDAS) to defend against external attack are most popular, a new class of security 

applications known as behavioral analytics tools are coming to the market that can assist 

organizations in identifying and protecting against potential insider threat attacks.  As the 



damage an insider can inflict on an organization is potentially greater than that of an individual 

executing an external attack, behavioral analytics  tools including some combination of identity 

centric interaction tools, identity associated structured and unstructured content search tools, and 

end-point security specific behavior tools should be a requirement in IT environments with 

sensitive compartmentalized telemetry data products.  
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Abstract

Telemetry has potentially large contributions to future medical applications. In the past decade wire-
less devices have invaded the medical area with a wide range of capability as components of a wireless
personal area network (WPAN) and Wireless Body Area Network (WBAN). These applications in medi-
cal telemetry are not only improving the quality of life of patients and doctor-patient efficiency, but also
enabling medical personnel to monitor patients remotely and give them timely health information, re-
minders, and support-potentially extending the reach of health care by making it available anywhere,
anytime. This paper exploits the pairing vulnerability in Bluetooth Low energy (Bluetooth Smart) for
HealthCare devices used in medical telemetry applications and demonstrates the key role security plays
in telemetry.

Keywords: Bluetooth Low Energy, Security, Telemedicine

1 Introduction

Continuous and pervasive medical monitoring is now available with the presence of wireless healthcare
systems and telemedicine services. Real-time health measurements are crucial in emergency situations.
Treatment of a patient experiencing ventricular fibrillation within the first 12 minutes of cardiac arrest
leads to a survival rate of 48%-75% according to the American Heart Association. The survival rate drops
down to 2%-4% after 12 minutes have past [1]. With continuous medical wireless monitoring systems,
patients’ information such as heart rate, blood pressure and electrocardiogram can be sent instantly to
specialized medical centers located remotely to store and process properly. Medical emergencies can
also be detected sooner and timely treatment can be applied. The effectiveness of Health care in several
situations is improved significantly with current wireless communication technologies.

Wireless technology could be of great use without doubt for mass emergency situations like natural
disasters or military conflict where patients previous records such medication examination history and
other vital information are necessary. With the assistance of integrated wireless medical devices, the
amount of time the doctors need to identify the problem, find out the medication history of the patient and
consult fellow doctors located remotely will be reduced significantly. In addition, databases of patients
built by continuous medical monitoring can be updated and accessed easily. As a result, the amount of
paper work required will be reduced and the duplication of patient records will be avoided.



2 Background

Bluetooth low energy is designed to enable new markets requiring low latency, low cost, low duty cycle,
low power consumption data devices. These markets include healthcare, proximity, fitness, automotive
and smart grid applications. These may include device categories that are completely new to Bluetooth
technology, or will use multiple features such as low energy and high speed Bluetooth technology within
the same device.

The current evolution of bluetooth standard is open and license free which can easily be integrated within
existing Bluetooth technology. It creates an ideal environment for devices with very low battery capacity.

2.1 Bluetooth LE in Medical Devices

Embedding Bluetooth in several devices has been transforming medical devices for the last decade. The
new era of medical devices are orders of magnitude better than their legacy counterparts, using software
to extend or add its features and functions, especially to make the data more meaningful.

These new generations of medical devices are adaptable, multifunctional, portable, self-managing, self-
documenting and intelligent. These features are possible since data processing and display are no longer
limited to the device terminal or hardware. As these new smart medical devices are being incorporated
into items that patients can carry around, wear, or even swallow, the opportunity of user interaction
increases. This requires better presentation and usability of the information to drive appropriate engage-
ment of the consumer in the self-health maintenance. In addition, we can communicate this information
to anyone (e.g., physician) and anywhere (e.g., remote patient’s medical database system, etc.).

If we imagine the application of sensors in Healthcare which employ bluetooth low energy, the possi-
bilities and opportunities are diverse: continuous EEG monitoring with overlay of patient activities that
would be triggers to epileptic activities (medical hat), 24 hour vital sign and ECG monitoring coupled
with physical activity profile (medical underwear), simultaneous monitoring of airway resistance, envi-
ronmental pollutants and actual medication delivery (medical inhaler), oximeter capable of adjusting the
positive pressure to the changes in carbon dioxide concentration in the exhaled air of the user (medical
CPAP), ingestible cameras capable of real time transmission of the images to image processing module,
and many others. These devices offer additional data that can be used to create more interactive, and
health monitoring an activity of daily living.

2.2 Bluetooth LE Pairing

The pairing mechanism is the process where the devices involved in communication exchange their iden-
tity information to set up trust and get the encryption keys ready for the future data exchange. Bluetooth
has several options for pairing depending on the capability of the device and the user’s requirement.

In version 4.0 and 4.1 of the core specification, Bluetooth LE uses the Secure Simple Pairing model
(SSP) (referred to as LE Legacy after the Bluetooth 4.2 release), in which devices based on the in-
put/output capability of the devices choose one method from Just Works, Passkey Entry and



Out-Of-Band (OOB).

Although Bluetooth LE uses similar pairing method names to BR/EDR SSP, LE pairing does not use El-
liptic Curve Diffie Hellman (ECDH)-based cryptography and provides no eavesdropping protection until
release 4.2. Therefore, if an attacker can capture the LE pairing frames, s/he may be able to determine
the resulting LTK. Because LE pairing key transport is used rather than key agreement, a key distribution
step is required during the pairing.

Key generation in Bluetooth LE is performed by the Host on each LE device independent of any other
LE device. However, the Key generation in BR/EDR is performed in the Controller. The key genera-
tion algorithms can be upgraded without the need to change the Controller, by performing key generation
in the Host.

During Bluetooth LE secure connections, the following keys are exchanged between master and slave:
Identity Resolving Key (IRK) for Device Identity and Privacy and Connection Signature Resolving Key
(CSRK) for Authentication of unencrypted data.

In LE Secure Connections, the private/public key pair is generated in the Host and a Secure Connection
Key is generated by combining contributions from each device involved in pairing.

Encryption in Bluetooth LE uses AES-CCM cryptography. The LE Controller will perform the encryp-
tion function. This function generates 128-bit encrypted data from a 128-bit key and 128-bit plaintext
data using the AES-128-bit block cypher.

As shown in Figure 1 1 , LE pairing begins with the two devices agreeing on a Temporary Key (TK),
whose value depends on the pairing method being used. The devices then exchange random values and
generate a Short Term Key (STK) based on these values and the TK. The link is then encrypted using the
STK, which allows secure key distribution of the LTK, IRK, and CSRK.

1in [2] part 3.2.2, Figure 3-7. Bluetooth Low Energy Pairing



Figure 1. Bluetooth Low Energy Pairing

2.3 LE Key Generation and Distribution

This subsection discusses the theoretical background behind the Key generation and distribution of Blue-
tooth LE as elaborated in [2].

Once the link is encrypted using the STK after phase II of Figure 1, the two devices distribute secret
keys such as LTK, IRK, and CSRK. Two options are specified for key generation prior to distribution. A
device may simply generate random 128-bit values and store them in a local database (called “Database
Lookup” in the specification). The other option is to use a single 128-bit static but random value called
Encryption Root (ER) along with a 16-bit Diversifier (DIV) unique to each trusted device to generate the
keys. This option is called “Key Hierarchy” in the specification. For example, the keys can be derived
from ER and DIV using the following formulas:

LTK = d1(ER,DIV, 0) (1)

CSRK = d1(ER,DIV, 1) (2)

IRK = d1(IR, 1, 0) (3)

Where d1 is a called a Diversifying Function and is based on AES-128 encryption. However, the spec-
ification allows the user of other key derivation functions (e.g., those discussed in NIST SP 800-108,
Recommendation for Key Derivation Using Pseudorandom Functions 14 ). The device does not need to
store multiple 128-bit keys for each trusted device using this Key Hierarchy method; rather, it only needs
to store its ER and the unique DIVs for each device. During reconnection, the remote device sends its
DIV. The local device can then regenerate the LTK and/or CSRK from its ER and the passed DIV. If data
encryption or signing is set up successfully, it is verified that the remote device had the correct LTK or
CSRK. If unsuccessful, the link is dropped.



3 Exploting Bluetooth LE Passkey Authentication

As described in [3], Bluetooth LE has certain cryptographic weakness of the passkey-based pairing which
allows an attacker to impose an active attack. However, this paper is based on passive sniffing of packets
during pairing which extends the scenarios that were already elaborated by Ryan [4]. The following
subsections discuss the experimenal setup used in this paper to perform the passive sniffing. By running
the ubertoooth-btle tool of the Ubertooth during the pairing between the LightBlue Bean and the Google
Nexus 5 smartphone, Wireshark 1.12.4 is used to capture the packets during pairing.

3.1 Experimental Setup

Figure 2. Experimetal Setup



The experimetal set up used in this paper is as shown in Figure 2. It constitutes:

Ubertooth One The Ubertooth is a 2.4GHz transceiver built specifically to monitor and inject Bluetooth
traffic. The Ubertooth project is open source, aimed at making Bluetooth security analysis available
to anyone. All of the hardware plans and software needed to make one is available on the projects
website [5].

LightBlue Bean The LightBlue Bean is a low energy Bluetooth Arduino microcontroller. Using Blue-
tooth 4.0, it is programmed wirelessly, runs on a coin cell battery, and is suited for smartphone
controlled projects [6].

Google Nexus 5 Smartphone An Android 5.1.1 (Lollipop) based Smartphone with Bean Loader2

application installed for wirelessly programming the LightBlue Bean.

Laptop Computer An IBM/Lenovo ThinkPad, Memory 1.5GB , Intel CPU T2600@2.16GHzX2, Ubuntu
14.04 LTS OS.

3.2 Results

Using a Wireshark with BLE header dissector capability such as version 1.10 and higher, visualizing the
packets we have to make sure that we have the LL ENC REQ control PDU for the Crackle to work. Start-
ing from that point, all the traffic is encrypted (wireshark will report that as Bytes L2CAP Fragment.
Running the crackle on the captured files we can get the clear file as in Figure 3. By applying the filtered
captured BLE data, the crackle 3 can guess or very quickly brute force calculate the TK (temporary
key) used in the pairing modes supported by most devices (Just Works and 6-digit PIN). With this
TK, crackle can derive the STK and LTK used during the encrypted session that immediately follows
pairing. The LTK (long-term key) is typically exchanged in this encrypted session, and it is the one used
to encrypt all future session keys between the master and slave.

In other words, the crackle works in such a way that, when the devices start pairing they exchange few
values in plain text in the air that compromise the security. These values are confirm, rand, p1 and
p2. Where confirm is a random value created for both devices generated by “Confirm value generation
function” as specified in Bluetooth Core Spec. v4.0. This results in a passkey authentication commitment
value of each device, rand is 128 bits long secret value whereas p1 and p2 represent known labels related
to the actual public pairing parameters. Using a brute-force, the correct passkey TK (based on a 6-digit
PIN) can be computed by trying all the values between 0 and 999,999, a million possible values. If the
devices are using Just Works, the value of TK is always 0.

confirm = AES(TK,AES(TK, rand⊕ p1)⊕ p2) (4)

As can described in subsection 2.3, the secret key distribution in step III of Figure 1 can be clearly seen
in 4 once the captured packets is decrypted.

As can be seen from Figure 5, the captured packets wireshark file ltk exchange.pcapng file is
passed as an input to the crackle tool and it gives ltk exchange clear.pcapng file as an output

2https://play.google.com/store/apps/details?id=com.punchthrough.bean.loader&hl=
en

3crackle is open source software, available under the simplified BSD license in [7].

https://play.google.com/store/apps/details?id=com.punchthrough.bean.loader&hl=en
https://play.google.com/store/apps/details?id=com.punchthrough.bean.loader&hl=en


Figure 3. Filtered Capture after applying Crackle

which is used for Figure 3. Once we get the TK and LTK, any future communications can be decrypted
as follows:

$crackle -i <file_input.pcapng> -o <decrypted.pcapng> -l <LTK>

From Figure 3, MITM protection is set to 1 but the out-of-band (OOB) Flag is set to 0. This means that
the eavesdropper would only need to try a million keys to get the correct user input pass key.

Better MITM protection is provided by using an out-of-band key set to 1. This would give a full 128-bit
strength for encryption, and an eavesdropper would need to know the key to follow the conversation even
if catching the whole pairing process.



Figure 4. LL ENC RESP and LL ENC REQ packets

Figure 5. Cracking TK and LTK

In Bluetooth Core Specification version 4.2 release, security is greatly improved by the new LE Secure
Connections pairing model. The numeric comparison method is added in addition to the other three
methods (Just Works, 6-digit PIN and OOB) and the Elliptical Curve Diffie-Hellman (ECDH) algo-
rithm is introduced for key exchange in this new model. But as described in [3], introducing D-H would
not prevent any attacks which exploit the Flawed Bit Commitment of BTLE.

3.3 Comparision with Fitbit Flex

Using the Ubertooth-btle utility tool that comes as a part of the Ubertooth suite, we tried to exploit
the device pairing process from Fitbit Flex to the Fitbit mobile application of the Google Nexus 5 using
the set up in Figure 6. Crackle was unable to brute force the key exchange protocol. Similar previous
works [8] demonstrate that Fitbit uses a different BTLE key exchange protocol namely ANT protocol.

Even if Fitbit Flex has its own different vulnerabilities, its BTLE key exchange protocol provides it better
protection than the vulnerability we demonstrated.



Figure 6. Fitbit Flex Setup

4 Conclusion and Future Work

This work highlights the potential for use of commercial technology such as Bluetooth in telemetry appli-
cations and demonstrates the critical need for good security for these to be used in sensitive applications.
The use of wireless telemetry technologies such as Bluetooth Low Energy in medical environments brings
major advantages to the existing HealthCare medical services. However, patients’ information must be
secure and private, and be accesible only to authorized personnel. To ensure privacy of information,
extra power and computation must be used to encrypt data to be transmitted. Guaranteeing information
privacy and security is a critical requirement. This paper exploited the vulnerability of Bluetooth LE
pairing passively and compares it with the Fitbit Flex pairing mechanism which uses an additional layer
of encryption protocol. In addition, it shows how easily a classic BTLE pairing can be cracked using
open source tools available and emphasizes the effect of this attack on the upcoming medical devices in
Telemedicine.

In the future using this work as a basis, since most of the Bluetooth LE advertisement and data packets
have the source addresses of the devices that are sending the data, third-party devices could associate
these addresses to the identity of a user and track the user by that address. Then it is possible to track or
localize Bluetooth LE capable devices. In addition, since the Bluetooth LE link with out a key exchange
mechanism is a weak point to the end-to-end security for a telemedicine service, data stealing interception
is possible.
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ABSTRACT
Spatial modulation (SM) reduces transceiver complexity and inter-channel interference over tradi-
tional multiple input multiple output (MIMO) systems. It has been shown recently in the literature
that the use of a precoder in an SM or a generalized spatial modulation (GSM) system can signif-
icantly improve error performance. This paper investigates two issues related to precoders: 1) the
use of a precoder in Alamouti-GSM systems, and 2) the effects of power constraints on the pre-
coder design. The results in this paper show that Alamouti-GSM can improve system performance
by several dB. On power constraint issues, the paper shows that there is a trade-off between limiting
antenna power fluctuations and the potential gain due to precoders.

KEY WORDS
MIMO, spatial modulation, Precoder, correlated antennas, Alamouti technique.

INTRODUCTION
It is well known that the use of multiple antennas at the transmitter and the receiver can increase
the system capacity as well as the system’s diversity gain, providing improved bit error rate (BER)
performance [1]. Vertical Bell Labs Layered Space-Time (V-BLAST) [2] architecture is one of
the most well-known techniques for a multiple-input multiple-output (MIMO) system. It allows
data to be transmitted through different transmit antennas at the same frequency simultaneously
in order to achieve a very high spectral efficiency. However, when multiple transmit antennas are
employed, they require multiple RF chains. Further, since all antennas transmit information at the
same frequency and time, there is also interchannel interference (ICI) which degrades the system
performance at the receiver [3]. Therefore, a modulation technique called the spatial modulation
(SM) has been investigated extensively in recent times [4]. Although SM avoids multiple RF chains
and ICI, its spectral efficiency is low. As a result, generalized spatial modulation (GSM) has been
studied to obtain trade-offs among complexity, ICI and spectral efficiency [5]. In GSM, more than
one transmit antenna can be active to transmit data simultaneously [4], [6].
The performance of SM/GSM systems can be improved by using precoders. Examples of precoders
include the use of codebook in [7], the power allocation scheme of [8] and quantized amplitude and
phase precoders [9]. Recently, a precoder for SM/GSM systems is proposed in [10], where the
minimum distance between received sequences is maximized. The precoder design problem is ap-
proximated as a convex program and solved in an iterative fashion.

1



In this paper, we consider two issues related to the precoder design in GSM systems: 1) the pre-
coders proposed in [10] use a power constraint that the total power over all the available symbols
is below a maximum allowable limit. This can lead to significant power fluctuations from one
symbol transmission to the next. Let’s call this constraint as the constraint on power over multiple
use (PMU) of the channel. One problem with PMU is that it can allow wide power fluctuations
at the antennas from symbol to symbol, which is not helpful when efficient non-linear power am-
plifiers are required. Therefore, in contrast to PMU, we consider in this paper a power constraint
where the total power transmission in each channel use is constant. Let’s call it the constraint on
power over single use (PSU) of the channel. Finally, we can limit the power fluctuations in each
individual antenna. We call this the power per antenna use (PAU) constraint. We investigate the
effects of PAU on precoder performance. We observe that while severe PAU restrictions lead to
less power fluctuations, the benefit of precoding decreases. 2) We investigate the precoder effect
on an Alamouti-GSM system that we studied previously in [11]. We derive the precoder design
requirement for Alamouti-GSM and provide numerical results with convex iterative optimization
procedures following [10]. Our results show that the Alamouti-GSM can provide several dBs of
gain in BER performance.

SYSTEM MODEL
In GSM, the data bits are first split into two groups before being modulated. During each use of
the transmission channel, the first group of bits represents the selected active antennas. To see this,
let Nt denote the total number of available transmit antennas and Na denote the number of active
transmit antennas during each channel use. There are

(
Nt

Na

)
possible antenna combinations, and

hence the corresponding number of bits, ka, is given by ka = blog2
(
Nt

Na

)
c, where b·c is the floor

function. Thus, there are ka bits in the first group, and the number of corresponding symbols is
Ma = 2ka . This can be achieved by using an antenna selection setG. Let gm be the m-th element in
set G, and it represents the m-th group of active antenna selection. As an example, consider a 4× 4
MIMO system with Na = 2 active antennas for each transmission. Then ka = blog2

(
4
2

)
c = 2, and

an example set G would be G = {(1, 2), (1, 3), (1, 4), (2, 4)} containing all the valid active antenna
selections. Thus, ka = 2 bits are represented by each active group of antennas.
The second group of the transmit data is mapped to symbols of a given modulation alphabet, such as
MPSK and MQAM. For anM -ary modulated system, the number of bits per symbol is k = log2M .
Thus, the total bits in each transmission is kt = ka +Nak and there will be Mt = 2kt total different
transmit signals.
Let y = [y1, y2, ..., yNr ]

T be the received signal, where Nr is the number of receive antennas,
yi is the received sample at the i-th receive antenna and [·]T denotes vector transpose. If this
received signal vector is caused due to the transmission of the m-th signal vector, x(m), where
m = 1, 2, · · · ,Mt, then y can be expressed as

y = Hx(m) + n (1)

where n is the additive white Gaussian noise (AWGN) vector containing noise samples of zero
mean and variance σ2, and H is the channel matrix. The transmit signal vector is given by
x(m) = [x

(m)
1 , x

(m)
2 , ..., x

(m)
Nt

]T , where x(m)
i is the signal transmitted by the i-th transmit antenna

while transmitting the m-th signal. Each signal x(m)
i is obtained by multiplying an M -ary complex

symbol with a coefficient p(m)
n during the precoding stage, and each transmit signal vector x(m) can
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be considered as the sum of Na SM vector signals. Thus, we can write

x(m) =
Na∑
n=1

p(m)
n s(m)

n (2)

where s
(m)
n is the Nt × 1 vector representing one SM transmit signal before precoding. Take the

example of the 4 × 4 MIMO system considered above. If for the m-th signal, the active antenna
pair (1, 3) transmits symbols 1 and 1+ j before precoding, and if p(m)

1 = 0.7 and p(m)
2 = 0.2 are the

precoding weights, we can express the transmit signal vector as x(m) = [0.7, 0, 0.2 + 0.2j, 0]T =

0.7[1, 0, 0, 0]T + 0.2[0, 0, 1 + j, 0]T , where s
(m)
1 = [1, 0, 0, 0]T , and s

(m)
2 = [0, 0, 1 + j, 0]T that

represent the SM vectors activating the first and the third antennas respectively.
The channel matrix H used in (1) is defined as

H =


h11 h12 · · · h1Nt

h21 h22 · · · h2Nt

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

hNr1 hNr2 · · · hNrNt

 (3)

where hij is the channel coefficient between the i-th receive antenna and the j-th transmit antenna.
According to [7], we can write the channel matrix H as H = HrBt, where Hr is the Nr × Nt

frequency-flat channel matrix with all elements in Hr distributed as i.i.d. Rayleigh. Matrix Bt

identifies the transmit antenna correlation. TheNt×Nt transmit antennas correlation matrix is Rt =

BH
t Bt, where [·]H denotes the Hermitian transpose. Therefore Bt = R

1
2
t , and Rt is determined by

the correlation coefficient, ρ, of the transmit antennas, so that the (i, j)-th element of Rt is ρ|i−j|.
For a Nt = 4 system,

Rt =


1 ρ ρ2 ρ3

ρ 1 ρ ρ2

ρ2 ρ 1 ρ
ρ3 ρ2 ρ 1

 (4)

Using (2) we can rewrite (1) as

y = H

Na∑
n=1

p(m)
n s(m)

n + n =
Na∑
n=1

p(m)
n Hs(m)

n + n =
Na∑
n=1

p(m)
n c(m)

n + n (5)

where c(m)
n = Hs

(m)
n . Since all elements but one in vector s(m)

n , are zero, the vector c(m)
n essentially

selects the column of the matrix H that corresponds to the active antenna and scales it with the
symbol transmitted by the antenna (excluding the precoding weight).

PRECODER DESIGN FOR ALAMOUIT-GSM SYSTEMS
In this section, we describe the precoder design for a GSM system that combines the Alamouti
space-time modulation technique. Our derivation is an extension of the design given in [10]. In
[11], we have studied the Alamouti technique combined with GSM. In Alamouti-GSM, Na = 2
antennas are active for each transmission. Define T as the transmission duration. At each even time
slot (time 0, time 2T , time 4T , etc.), the symbols transmitted by two antennas are determined from
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the transmit data. At the odd time slots (time T , time 3T , time 5T , etc.), the same active antennas
are used, but the symbols that will be transmitted by them are determined according to the Alamouti
scheme [12]. As an example, suppose at time 0, Antenna 1 and 3 are activated, and they transmit
signals s1 and s2 respectively. Next, at time T, the active antennas remain the same. However,
Antenna 1 transmits −s2∗, and Antenna 3 transmits s∗1, where ∗ denotes complex conjugation. The
process then repeats with different data for the next time instants. When a precoder is used in the
Alamouti-GSM scheme, then at an even time slot, the pair of symbols s(m)

1 and s(m)
2 are multiplied

by p(m)
1 and p(m)

2 respectively to transmit s(m)
1 p

(m)
1 and s(m)

2 p
(m)
2 . At the next immediate odd slot,

the same antennas transmit symbols −s(m)∗
2 p

(m)
2 and s(m)∗

1 p
(m)
1 . As an example, Fig. 1 shows an

Alamouti-GSM system where the precoding weights are p(1)1 = 0.7 and p(1)2 = 0.2 with the symbols
s
(1)
1 = 1 and s(1)2 = 1 + j.

Active 

Antenna 

Selection

M-ary 

Modulator
Alamouti

Coder
Precoder

0.7      -0.2(1-j)  

 0.2(1+j)

Antenna #1

Antenna #2

Antenna #3

Antenna #4

t=0  t=T

0.7

Fig. 1. Block diagram showing precoding with Alamouti-GSM.

We next describe the mathematical expressions for the precoder design using Na = 2 active anten-
nas for the Alamouti-GSM. One complete Alamouti transmission can be described as

odd time slot: y = Hx(m) + n = (p
(m)
1 c

(m)
1 + p

(m)
2 c

(m)
2 ) + n

even time slot: y′ = Hx
′(m) + n′ = (p

(m)
2 c

′(m)
1 + p

(m)
1 c

′(m)
2 ) + n′

(6)

where x
′(m) is the transmit signal at the even time slot determined by the Alamouti scheme. For

instance, if x(m) = [s
(m)
1 p

(m)
1 , 0, s

(m)
2 p

(m)
2 , 0], then x

′(m) = [−s(m)∗
2 p

(m)
2 , 0, s

(m)∗
1 p

(m)
1 , 0], c

′(m)
1 =

H(−s(m)∗
2 ), and c

′(m)
2 = H(s

(m)∗
1 ).

The maximum likelihood (ML) detection of the symbol m for the Alamouti-GSM is given by

m̂ = arg minm ‖
[

y
y′

]
−
[

Hx(m)

Hx′(m)

]
‖2 (7)

where ‖ · ‖ denotes the Euclidean norm. It is known that the upper bound on the error probability in
ML detection can be minimized by maximizing the minimum Euclidean distances between received
sequences. Therefore, we need to maximize the following minimization

min
i,j,i6=j

(
‖

Na∑
n=1

(c(i)n p
(i)
n − c(j)n p(j)n ) ‖2 + ‖

Na∑
n=1

(c
′(i)
n p

′(i)
n − c

′(j)
n p

′(j)
n ) ‖2

)
(8)

For the Alamouti-scheme, Na = 2, p
′(i)
1 = p

(i)
2 , and p

′(i)
2 = p

(i)
1 . However, to keep the nota-

tion more general, we will still use Na in stead of 2. Define the precoder weight vector, p =
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[p
(1)
1 , · · · , p(1)Na

, · · · , p(i)1 , · · · , p
(i)
Na, · · · , p

(Mt)
Na

]. Also define a matrix Ci = [c
(i)
1 , c

(i)
2 , ..., c

(i)
Na
] for each

i = 1, 2, · · ·Mt. Next, formulate a MtNa ×MtNa positive semidefinite matirix D. Consider this
matrix to be made up of Mt ×Mt blocks, each block containing Na rows and Na columns. The
(k, l)-th block of this matrix is denoted by [D]k,l and it refers to the elements in this matrix lying
between the ((k − 1)Na + 1) to (kNa)-th row and ((l− 1)Na + 1) to (lNa)-th column. Define this
matrix D in terms of block by block as

[D(i,j)]k,l =



CH
i Ci if k = i and l = i

−CH
i Cj if k = i and l = j

CH
j Cj if k = j and l = j

−CH
j Ci if k = j and l = i

0 otherwise

(9)

Considering that for the Alamouti scheme, Na = 2, we also define C′
i = [c

′(i)
2 , c

′(i)
1 ]. Then we can

define another matrix D
′(i,j) as in (9) with Ci and Cj being replaced by C′i and C′j respectively.

The optimization problem (8) can now be re-written along with the constraint as

max
p

d (10)

subject to
pH(D(i,j) +D

′(i,j))p ≥ d ∀ i, j, i 6= j (11)

and necessary power constraints, to be described in the next section. Note that if D′(i,j) = 0, then
the above problem becomes the standard GSM precoder design problem as described in [10].

POWER CONSTRAINTS IN PRECODER DESIGN
The optimization problem (10), coupled with the condition (11), needs to be solved under a

power constraint. The power constraint used in [10] is the PMU constraint

‖p‖2 ≤ Pt, (12)

where Pt is the maximum power allowed over all the possible symbols. Note that the power con-
straint (12) is an overall power constraint over many uses of the channel. The resulting precoding
coefficients can vary widely in magnitudes. To keep the power transmission in each channel use
constant, we propose a new PSU condition,

Na∑
n=1

|p(i)n |2 ≤
Pt

Mt

, (13)

for all i. Finally, to avoid wide fluctuations in each individual antenna’s gain, we introduce another
constraint, called PAU, as

a
Pt

MtNa

≤ |p(i)n |2 ≤ b
Pt

MtNa

(14)

for all i, where a and b (0 ≤ a ≤ b ≤ 1) are constants that control antenna gain fluctuations. If
a = b = 1, then there will be no precoding.
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We follow the procedure given in [10] to express the precoding optimization as an approximated
convex optimization problem, and iteratively solve the problem using the convex optimization pro-
cedures [13], [14]. The iterations are stopped when no further improvement in the solution is
observed.
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Fig. 2. Performance of BPSK GSM systems with precoders. In the case of correlated antennas, ρ = 0.9, while ρ = 0
for antennas with no correlation.
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NUMERICAL RESULTS AND DISCUSSIONS
We use Nt = 4 and Nr = 4. The number of active antennas is Na = 2 in all our results. The
signal-to-noise ratio (SNR) is defined as Es/No, where Es is the symbol power and No is noise
power spectral density.
1) Effects of Precoder Constraints: Figures 2 and 3 show the performance of BPSK and QPSK
GSM schemes for different precoder power constraints. Due to high numerical complexities in-
volved, our results are obtained by averaging over only 10 realizations of the random matrix H.
Both figures show that precoding provides significant improvement in BER for correlated antennas.
The proposed PSU constraint performs slightly better than PMU for BPSK in case of correlated
antennas. For PAU, we use a = 0.25 and b = 0.75. Observe that when PAU is used in conjunc-
tion with PMU, the SNR gain reduces. However, the antenna gain fluctuations reduce too. This is
shown in Fig. 4 for one of the antennas. For PMU only constraint, the precoder coefficients range
from 0.64 to 1.65, while for PMU+PAU, fluctuations range from about 0.68 to 0.87. Still there is
significant SNR gain over a system with no precoding. For QPSK, the gain of PMU+PAU is still
more than 6 dB.
2) Precoder performance study for Alamouti-GSM: Fig.5 presents the BER results for Alamouti-
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Fig. 4. Variations of the precoding coefficients under PMU and PAU constraints for QPSK GSM.

GSM using 8 PSK symbols. We have compared its performance with BPSK GSM so that the
spectral efficiency of the systems being compared is same. Our results are shown for only one
specific realization of the channel matrix H for complexity reasons. The rows of the matrix H for
this specific realization are [0.3309 + 0.2599j,−0.2951 + 0.0457j,−0.0659 − 0.4223j, 0.1509 −
0.0905j], [−0.3272− 1.1734j, 0.5747− 0.3238j, 0.0149+0.1168j, 0.1294+0.6845j], [−0.9439+
1.3103j,−0.8254− 0.2419j, 0.0944− 0.2592j, 0.1155 + 1.2289j], [−1.2820− 0.8414j, 0.2230−
0.7150j, 1.1956− 1.3072j, 0.7751− 0.1836j]. The proposed Alamouti-GSM for correlated anten-
nas (for this specific randomly chosen H) provides an SNR gain of about 3 dB over BPSK GSM
without Alamouti. Also note that the precoder coefficients obtained through optimizing the 8 PSK
GSM without taking Alamouti repetitions into consideration show degradation at high SNR.
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CONCLUSION
We have investigated the effects of using precoders in Alamouti-GSM systems as well as the effects
of different power constraints on the precoders for GSM. Our approach is based on a precoding tech-
nique used in the literature for studying SM/GSM systems. The precoder maximizes the minimum
Euclidean distances between received sequences, and computes the precoder weights by solving
an approximate convex program using iterations. The results show that precoders using Almouti-
GSM system can achieve significant gain in BER performance. We also presented a study showing
trade-offs that can be achieved by limiting the antenna gain fluctuations.
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ABSTRACT
In this paper, we consider a relay system which consists of an optical link followed by a radio
frequency (RF) link. The optical link consists of a light-emitting diode (LED) array as a transmitter
and a digital camera as a receiver. The relay uses the detect-and-forward strategy. The received
pixel values in the optical link are processed using equal gain combining (EGC), best pixel selection
(BPS), and maximal ratio combining (MRC). The system’s bit error rate performance is evaluated
for different values of received optical power as well as for different values of camera-to-optical
source distances. It is found that for a small camera-to-optical source distance EGC outperforms
BPS, while BPS outperforms EGC at higher distances.

INTRODUCTION
The use of mobile electronic devices, such as smart phones, tablets, and laptops, has increased
rapidly in recent years. In addition to an increase in the number of mobile devices, there has been
an increase in the bandwidth required for each of these devices. As a result, wireless networks can
become overburdened in areas where there is a high concentration of mobile users. The underlying
issue is that all the users in a highly concentrated region share a medium with limited bandwidth
and airtime. However, this problem is not present in visible light communication (VLC) systems
that employ a digital camera as a receiver, as each user is spatially separated and thus easier to
distinguish. One way to overcome the issue of high RF signal density is, therefore, to replace
the RF link in these crowded areas with an optical link. In such a system, users’ signals will not
interfere with each other. Furthermore, implementing such a system will benefit VLC-enabled
devices without interfering with the currently existing RF devices.
VLC has received significant attention as a promising communication technique. In [1], it has been
shown that data rates of up to 3 Gb/s are already achievable with a single LED. In addition to
providing secure communication, VLC systems have been shown to be capable of simultaneously
providing room lighting. In [2], it has been shown that adequate room lighting can be provided
while simultaneously providing VLC using LEDs. While VLC will not serve as a complete re-
placement for RF communication, it has some advantages over RF in certain applications. Some
advantages of VLC include the use of unlicensed spectrum and the absence of health issues associ-
ated with RF communication. An additional attractive property of VLC systems is that they do not
interfere with currently existing RF devices. This allows for the simultaneous use of both RF and
VLC without one adversely affecting the other.



In order for VLC to be widely adopted, the data rates it offers must be able to significantly surpass
those of RF communication. One method for increasing the data rate of a VLC system is to increase
the number of LEDs used for each user. When a digital camera is used as a receiver, this forms a
multiple input multiple output (MIMO) communication system. In [3], a model is provided for
a multiuser environment where each user utilizes an LED array as a transmitter. However, the
performance of each LED transmitting independently is not studied in [3].
Our contribution in this paper is a simulation study on the uplink bit error rate (BER) performance
of a mixed optical and RF system. We transmit data using on-off keying (OOK) of the optical
link, and the data is detected at the camera using BPS, EGC, and MRC. The detected data is then
forwarded to the destination by an RF relay using quadrature phase shift keying (QPSK). The RF
channel is modeled using Rayleigh fading.

PROPOSED RELAY SYSTEM
A mixed RF and optical relay system is considered. In the optical link, an LED array is utilized
as a transmitter and a digital camera is used as a receiver. The LED array transmits data on each
LED using OOK. The received pixel values are processed using EGC, BPS, and MRC. A detailed
description on how these processing techniques are performed can be found in [6]. The detected bits
are mapped to QPSK symbols and forwarded to the destination using an RF relay. The LED array
is located at a distance d from the camera and is assumed to be facing normal to the camera’s pixel
plane. The relay is located at a distance dRD from the destination antenna. The channel gain from
the relay to the destination antenna is hRD, and is assumed to be complex Gaussian distributed.

Pixel 

Processing

Digital Camera

RF 

Transmitter

Relay

dRD

Information 

Destination

RF 

Receiver
d

Information 

Source

RF Link

Fig. 1. A relay system involving optical and RF links. The optical link consists of an LED array as a transmitter, and a
digital camera is used as a receiver.

Let the LED array contain L = Lx × Ly LEDs, where Lx and Ly are the number of LEDs in the
x and y directions respectively, with an inter-LED spacing of lx and ly. For simplification, the two-
dimensional index (x, y) of the LEDs in an array will be rasterized and hereafter referred to by a
one-dimensional index, l = (y − 1)Lx + x. It is assumed that each LED’s image does not overlap
with the other LEDs’ images and is individually resolvable. Because of this, each LED is capable
of transmitting independently, rather than the entire array transmitting one symbol. A model for
the received image, R, is given in [3] and is modified here to model a single user and accommodate
each LED transmitting independently.

R(k) =
L∑
l=1

b
(k)
l S(k,l) + P(k) + N(k) (1)

Where S(k,l) is the signal from the l-th LED during the k-th frame, b(k)l is the bit transmitted by the
l-th LED during the k-th frame, and P(k) is the background illumination. N(k) is zero-mean, signal
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dependent Gaussian noise with variance σ2
m,n = α(

∑L
l=1 b

(k)
l S(k,l)

m,n + P(k)
m,n) + β, where α and β are

constants [4]. A model for the received pixel values is given in [3].
The detected bits are mapped to QPSK symbols and relayed through an RF link. A model for the
RF signal received at the destination antenna is given in [5] as

rRD =
√
PthRDd

−ρ/2
RD a+ nRD (2)

where Pt is the transmission power, ρ ∈ [2, 6) is the path loss exponent, hRD is the complex
Gaussian channel gain with zero-mean and unit variance, and a is the transmitted QPSK symbol.
The noise, nRD, is complex Gaussian distributed with zero-mean and variance σ2

d.

RESULTS AND DISCUSSION
Our simulations use parameters that emulate the Promon 501 high speed digital camera from AOS
Technologies. The camera uses a complementary metal-oxide semiconductor (CMOS) sensor with
a pixel width of 5.5 µm and zero inter-pixel gap. The noise parameters for this camera are α =
0.02654 and β = −0.2127. The LED parameters used in the simulation results are modeled after
the (RL5-W4575) from superbrightleds.com. For this LED, φ1/2 = 37.5o. The reference distance
and focal length used during LED model fitting are d0 = 10 cm and f0 = 4.9 mm. The LED array
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Fig. 2. Source-to-destination BER simulation results at d = 2 m with f = 4.9 mm and dRD = 50 m.

used in the results has L = 16, Lx = Ly = 4, and lx = ly = 3 cm. In MRC and EGC, a square
of pixels of size 3 × 3 is considered to detect each LED, and in BPS only the most centered pixel
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of each LED is considered. In our simulation results we assume that the background illumination
is constant with Pm,n = 25. In the RF link, the path loss exponent used is ρ = 2.1, and the noise
power spectral density is No = 2× 10−10 Watts/Hz.
Fig. 2 shows the source-to-destination BER performance of the different diversity combining tech-
niques for different received power values, Po = (

∑
m,n Sm,n)2, and relay transmission power, Pt.

It is clear from Fig. 2 that the source-to-destination BER depends heavily on the RF transmission
power, Pt. As the received optical power increases, the BER performance of all the optical diversity
combining techniques gets dominated by the RF link’s error performance. As an example, in the
Pt = 1 mW case, the BER of the RF link is 1.91× 10−4, which is the same as the BER of the three
optical diversity combining techniques with high received optical power.
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Fig. 3. Source-to-destination BER simulation results at different values of d with Po = 25 at d = 1 m, f = 4.9 mm,
Pt = 10 mW, and dRD = 50 m.

In Fig. 3, the BER performance of different diversity combining techniques is compared for dif-
ferent values of d. To see the effects of the decrease in optical power over varying distances, the
received optical power Po at d = 1 m is kept fixed at Po = 25 dB. An interesting result here is that
for a user located at d = 1 m, EGC significantly outperforms BPS, though BPS outperforms EGC
at values of d ≥ 2 m to be seen later in Fig. 4. The reason for this is that as the user moves closer to
the camera, the image of the LED spreads, raising the values of the pixels around the center pixel.
EGC can then exploit these pixels. For BPS, there is no way to exploit these pixels as only the
center pixel is considered. As expected, MRC outperforms both BPS and EGC for all values of d.
In Fig. 4, the source-to-destination BER of the relay system is studied for a different range of d
values. We separate Fig. 3 and Fig. 4 for different ranges of d since fixing Po = 25 dB at d = 1

4



6 6.5 7 7.5 8
10

−5

10
−4

10
−3

10
−2

10
−1

10
0

d

B
E

R

 

 

BPS
EGC
MRC

Fig. 4. Source-to-destination BER simulation results at different values of d with Po = 23 at d = 6 m, f = 4.9 mm,
Pt = 10 mW, and dRD = 50 m.

m produces very high BER for the range of d values shown in Fig. 4. In this case, we use Po = 23
dB at d = 6 m and is kept constant. In contrast to Fig. 3, Fig. 4 shows that BPS outperforms
EGC for all distances. The results of this simulation show that the error performance of BPS can
vary significantly as distance changes. At d = 6.75 m, the LED images are well centered with the
majority of the LED’s image landing in the center pixel. The result is that the error performance of
BPS is significantly improved. At other values of d, the LED images are not as well centered and
the error performance of BPS becomes more similar to the error performance of EGC.

CONCLUSION
A simulation study is performed on the BER performance of a relay system consisting of an optical
link and an RF link. In the optical link, an LED array is used as a transmitter and a digital camera
is used as a receiver. The received pixel values are processed using BPS, EGC, and MRC. The
detected bits are mapped to QPSK symbols and forwarded to the destination using an RF relay. The
error performance of the relay system is studied for different values of d, Po, and Pt. The results
show that EGC outperforms BPS for small values of d. In cases where d ≥ 2 m, BPS outperforms
EGC for all values of Po and Pt. MRC is shown to provide the best performance for all values of d,
Po, and Pt. While the work done in this paper considers scenarios with one user present, it can be
extended to support multiuser environments.
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ABSTRACT 

    The aeronautical telemeter channel is characterized by Multipath interference, Doppler shift 
and rapid changes in channel behavior. In addition to transmission error during aeronautical 
telemeter, transmission losing also exists. In this paper, we investigate the correction of 
transmission error and processing of telemetry transmission losing, and propose an adaptive 
coding scheme, which organic combines Fountain code and low density parity check (LDPC) code. 
We call it fountain LDPC (FLDPC) coding. In the coding scheme, The LDPC code is explored to 
perform transmission error correction, while, the problem of transmission losing is resorted to 
fountain code. So FLDPC is robust for transmission losing and transmission error. Moreover, 
without knowing any of these the channel information, FLDPC can adapt the data link and avoid 
the interference through adjusting the transmission rate. Experimental results illustrated that a 
signification improvement in transmission reliability and transmitting efficiency can be achieved 
by using the FLDPC coding.  

KEY WORDS 

LPDC, FLDPC, FOUNTAIN CODING, RATELESS 
 

1. INTRODUCTION 

The aeronautical telemeter channel provides communication between aircrafts and ground 
stations. However, it also presents severe challenges for communication with high reliability and 
high speed. 

 (1) Multi-path interference: due to surrounding buildings when aircraft taxiing, take-off 
and landing [1], and reception scenarios in low elevation angle [2], the multi-path interference 
may lead to distortion of communication signals and telemetry link outrages [1-2]. 

 (2) Doppler spread: as high relative speed between aircraft and ground station when 
take-off and landing, the Doppler frequency shift is 600Hz in general case [1], and up to 1.2kHz 
when severe case.  

 (3) Time-varying characteristics of channel: as fading, severe interference and distortion, 
the aeronautical telemetry wireless communication channel tend to time-varying characteristics, 
and lead to loss of data packages [3].  

 So the telemetry channel is characterized by Multipath interference, Doppler shift and rapid 
changes in channel behavior. In addition to transmission error during aeronautical telemeter, 



transmission losing also exists. These challenges and uncertain factors lead to transmission error 
and transmission losing when we conduct flight test of aircraft. For the challenges and problems, 
many researchers present different schedules and methods to improve the telemetry 
communication performance. For example, Turbo [4], LDPC coding [5], serial concatenated 
convolutional code [6] and other forward error correction coding are presented to correct 
transmission error data. However, these methods mainly focus on the correction of transmission 
errors. Few research works focus on the processing of data packet transmission lost. As a matter of 
fact, wireless transmission losing is one of main outrage of the communication link. 
    In this paper, we investigate the correction of telemetry data and processing method of the 
telemetry data packet missing, and propose an adaptive coding scheme, which organic combines 
Fountain code and low density parity check (LDPC) code. We call it fountain LDPC (FLDPC) 
coding and show the framework of FLDPC coding. In the coding scheme, The LDPC code is 
explored to perform error correction, while, the problem of data packet missing is resorted to 
fountain code, which is rate less erasure correcting coding. So FLDPC is robust for data packet 
missing and data error. Moreover, without knowing the channel information, FLDPC can adapt the 
data link and avoid the interference through adjusting the transmission rate. We make technical 
contributions as follows.  

1). Different other research works, we not only consider the transmission error problem, but 
also we take the transmission losing into account, and propose an adaptive coding scheme called 
FLDPC, which can overcome the problem of transmission error and losing.  

2). For the transmission losing problem, in the FLDPC scheme, we utilized Fountain code to 
realize adaptive transmission strategy, so as to transmission efficiency. 

3). For the transmission error problem, we consider the processing of random error and burst 
error. Different from Raptor codes, we utilized interleaver to transform burst error into random 
error. Then we employ LDPC to correct transmission random error, so as to improve transmission 
reliability of telemetry.  

4). During the evaluation stage, we first perform modeling the dynamic aeronautical radio 
telemetry channel, which gets multiple path, Doppler shift, transmission error and losing 
characteristics. Then we evaluate the performance of FLDCP coding in term of average bit error 
rates (BER) and average transmitting efficiency.  

We organize the structure of this paper as follows: Section 2 introduces the system framework, 
modeling and detail components. In section 3, we conduct performance evaluation of FLDPC coding in 
different kinds of channel. Section 4 provides concluding remarks. 

2. SYSTEM FRAMEWORK AND MODELING 

A. Framework of system 
A system framework for evaluation platform is illustrated in Figure 1. It is composed of a 

transmitter, a wireless communication channel, and a receiver. The transmitter includes a binary 
data source, a FEC encoder, and a modulator. The receiver consists of a demodulator, a FEC 
decoder, and a binary data destination.  



Binary Data Source FEC Encoder Modulator

Binary data 
Destination FEC Decoder Demodulator

Channel

Transmitter

Receiver
 

Figure 1. Framework of system 
Coding: In Figure 1, the FEC encoder and FEC decoder can be arbitrary coding scheme. In 

this paper, the FEC encoder is FLDPC scheme, which combines fountain coding and LDPC 
organically.  

Modulation: The modulator and demodulator can be BPSK, QPSK or SOQPSK. As we do 
not focus on modulation, so we adopt BPSK in this system. 

Channel: To make close to real aeronautical telemetry channel environment, the channel is 
modeled with multi-path, time variance and Doppler frequency shift. 
B. FLDPC encoder 

The scheme of FLDPC encoder is illustrated in Figure 2. Firstly, telemetry data set is divided 
into data symbols with the same length. Secondly, we conduct LDPC encoding on each data 
symbol, and get coded symbols. In this step, we adopt Gaussian elimination encoder algorithm. 
Thirdly, to convert the burst error to random error, we utilize interleaver to change the sequential 
number of coded symbols. Fourthly, we apply the LT encoder to interleave symbols, and get the 
coded frames. And finally, we submit the coded frames to receiver via aeronautical telemetry 
channels [7]. 

+ + + + + ++ + + +

Data symbol

LDPC 
encoder

Interleaver

LT encoder + +

Parity symbol

 
Figure 2. Illustration FLDPC encoder  

1) LDPC encoder 
We adopt the Gaussian elimination method to obtain a generator matrix G , and then using 

formula (1) to generate coded bits C from information vector I . 
.C I G=                                (1) 

The code rate can be 1/2，2/3, 3/4 and 4/5. The length of the information vector I takes the 
value of 512.  

 2) Interleaver 
To improve error correction performance, we utilize interleaving to transform burst error into 

random error. In our paper, we adopt the block interleaver to permute LDPC coded symbols 



according to corresponding specific mapping. And in the receiver, we need to use the 
corresponding delinterleaver to map symbols to natural sequence. It should be noted that other 
kinds of interleaver/deinterleaver pairs can also be adopted in FLDPC coding. 

3) LT encoder 
The LT encoder is composed three steps: 
Firstly, we determine the degree d  of an encoding symbol. The degree is selected 

randomly from a given node degree distribution ( )p d . We utilize robust Soliton distribution [7]. 
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Where ( )dρ is the Ideal Soliton distribution.  
Secondly, Choose d  distinct interleaved LDPC coded symbols uniformly at random. And 

used as neighbors of the encoding symbol. 
Lastly, the LT coded symbol is obtain through XOR operation between encoding symbol and 

its neighbors symbols. 
C. Channel 

To evaluate the performance of FLDPC coding, we consider different channel environments, 
including binary erasure channel (BEC), additional white Gaussian noise channel, fading channel 
and mixture channel.  

1) Binary Erasure Channel (BEC) 
The erasure channel is a memory less channels, where symbols are either transmitted 

perfectly or erased. Suppose the transmission symbols are ( )x t , and the received symbols are ( )y t , 
for a given erasure probability p , the conditional probability of the channel can be expressed as 
follows [7] . 

1 ( ) ( )
( ( ) | ( )) ( ) ?

0

p y t x t
p y t x t p y t
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− =
= =



                          (5) 

2) Additional White Gaussian Noise (AWGN) 
In AWGN channel, white Gaussian noise is added to the transmission signal which passes 

through it. And the noise obeys Gaussian distribution. So the probability density function of noise 
r can be presented as follows. 
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1 ( )( ) exp( )
22

r up r
σπσ
−

= −                           (6) 

Where, u is mean value of r , and σ  is standard deviation of r .  
3) Fading Channel 



In fading channel, the received signal is distorted by multipath propagation and Doppler 
frequency shift due to high speed between aircraft and ground station. And the received signal 

( )y t through fading channel can be represented as set of samples at the input to the channel.  
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Where ig is the ith path gain, iT  is delay of the ith path, of is frequency offset, and dif  is 

the Doppler frequency shift of ith path. 
4) Mixture Channel 
We consider the transmission error and transmission losing in aeronautical telemeter channel, 

and model it as a mixture channel of binary erasure, additional white Gaussian noise and fading 
channel. And it can be present as follows. 
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C. FLDPC decoder 
The scheme of FLDPC decoder is shown in Figure 3. Firstly, the received frame is decoded 

by LT decoder, if the coded frame is losing during wireless telemetry transmission, more coded 
frames are needed. Then the decoded symbols are de-interleaved accordingly, and are sent to the 
LDPC decoder. Thirdly, belief propagation (BP) decoding algorithm is utilized to improve 
performance. And finally we get the estimation result of telemetry data set.  

LT Decoder
Frames

De-interweaver LDPC decoder

Data symbol 
estimation

 

Figure 3. Illustration of FLDPC Decoder  

3. Performance evaluation 

A. Experiment setup 
We validate and evaluate the performance of FLDPC coding scheme proposed in this paper, 

and compared with other related coding schemes. And finally we draw conclusions based on 
analysis and discussion.  

We consider the performance of FLDPC in term of transmission efficiency and transmission 
reliability.  

Transmission Efficiency：For a given data set, we adopt redundancy rate as metric to 
measure transmission efficiency, i.e. we measure the redundancy rate RR of coding when we 
could recover all the information symbols rightly as follows: 

_ / _ infRR l total l or=                            (9) 

Where, _l total  is the length of total coded symbols used to recover all the information 



symbols, including coded symbols, repeated transmission coded symbols. _ infl or is the length 

of information symbols, which is to transmit in aeronautical telemetry channel. The lower value of 
RR  is, the higher transmission efficiency is. 

Transmission Reliability：We evaluate the transmission reliability in term of bit error rate 
(BER).  
B. Performance evaluation in binary erasure channel (BEC) 

We evaluate the erasure performance of FLDPC coding in binary erasure channel, and 
compare with LT, LDPC coding. The parameter setting is given in Table 1. We conduct LT, LDPC 
and FLDPC coding in BEC. And transmission performance is illustrated in Figure 4 and Figure 5 
in term of Redundancy rate and bit error rate, respectively.  

Table 1：Parameters setting for evaluation in BEC 
Parameters Erasure rate K  N  c  δ  _r mid  r  

values 0.1: 0.1:0.5 512 1024 0.2 0.3 1.062 2 
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Figure 4. Redundancy rate of different coding scheme in BER 
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Figure 5. Bite error rate of different coding scheme in BER 
Figure 4 illustrates that the redundancy rate of FLDPC and LT coding changes in the same 

way with the increment of erasure rate. And it is much lower than that of LDPC coding. That is 



because FLDPC could transmission through adapting the channel. So the transmission efficiency 
of FLDPC coding is very high.  

Figure 5 indicates that the FLDPC coding has higher transmission reliability than the other 
two coding schemes. With the increment of binary erasure rate, the bit error rate is the lowest in 
the three coding scheme. That's mainly due to FLDPC coding could correct transmission and 
processing transmission losing. So it could get higher transmission performance.  
C. Performance evaluation in mixture channel 

The mixture channel combines BEC, Additional White Gaussian noise and fading channel. 
So transmission error and transmission losing will coexist in mixture channel. The three coding 
schemes are adopted in mixture channel, and the parameters setting is shown in table 3. The error 
correction performance is shown in figure 6.  

Table 3：Parameters setting for evaluation in Gaussian and fading channel 
Parameters Erasure rate SNR K  N  c  δ  r_mid r  

values 0.1 1:5:51 128 1024 0.2 0.3 1.062 2 
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Figure 6. Bite error rate of different coding schemes in mixture Channel 

Figure 6 indicates that the transmission error correction and transmission losing erasure 
performance of FLDPC outperform that of the other coding schemes in mixture channel. In the 
mixture channel, as the transmission losing and transmission error exist, so the performance of 
LDPC and LT coding is quite lower. That's mainly due to they cannot process effectively the 
problem of transmission losing and transmission error, respectively. While, FLDPC coding 
scheme utilizes LT and LDPC to correction transmission error and process transmission losing, 
respectively. So it obtains higher communication performance in mixture channel.  
D. Discussion 

The degree distribution plays an important role in the performance of FLDPC coding. So 
appropriate degree distribution should be evaluated and determined for aeronautical telemetering 
environment.   

Except for LT, FLDPC coding, Raptor coding is another practical coding scheme in the 
binary erasure channel. The performance comparison should be conducted to determine more 
effective coding in aeronautical telemetering channel.  

      



4. Conclusion 

For the problem of transmission losing and transmission error in aeronautical telemetry 
environment, we present a coding scheme called FLDPC. During the evaluation stage, we evaluate 
erasure recovery and error correction performance of FLDPC through a communication test bed. 
The experimental result illustrated the validation and feasibility of FLDPC coding scheme in 
complexity aeronautical telemetry channel. To improve transmission efficiency and credibility, 
adaptive coding and modulation technique with FLDPC will be our next research works.      
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ABSTRACT 

The network switch is a critical element in the flight test network. All devices in 
the network are configured, synchronised and managed via the switch. In addition to 
this all acquired data is routed through the switch. For these reasons, the flight test 
network switch has always needed to be rugged and reliable with high throughput 
and simple intuitive setup. Ethernet technology and the move towards open 
standards within FTI systems have enabled flight test networks to become 
increasingly flexible and heterogeneous. Modern FTI networks may have different 
synchronisation and data transmission protocols running simultaneously. It is also 
important to quickly switch network configurations for different flight profiles and 
to enable new features to be easily added to existing installations. This paper 
examines the increasing network interoperability and flexibility challenges and 
discusses how the network switch is best placed to provide solutions. 

 
Keywords: Ethernet, switching, FTI, PTP, SNMP 

 
1 INTRODUCTION 

 
In Flight Test Instrumentation (FTI) as the acquired volume of data increases, the industry is 
migrating from IRIG 106 chapter 4 PCM to Ethernet networks.  
 
Ethernet has a long history in the commercial and industrial markets. Since the initial definition in 
the 1970s to the first agreed IEEE 802.3 standard in 1983, Ethernet has grown both in commercial 
market size to a multiple billion dollar market and the technology has developed to be capable of 
transferring data rates in excess of 100Gbps. 
 
Using Ethernet in FTI networks brings a number of significant advantages: 
• Wide range of off-the-shelf commercial Ethernet products, from switches, network 

interface cards, recorders amongst other equipment. 
• Mature standards build around Ethernet for the transmission of data, the configuration of 

networking equipment, synchronization of network elements. 
• Wide range of software, both commercial and open sourced, for interfacing and 

manipulating Ethernet data and equipment. 
• Scalable network infrastructure and data rates from 10Mbps to 100Gbps with a future path 

to higher rates. 
 



  

FTI networks have a number of requirements that necessitate specific consideration and place 
constraints on Ethernet networks.  
 
Traffic on FTI networks tend to be heavily asynchronous, that is to say that the data rates and 
volume of traffic on an FTI network in one direction are far higher than in the opposite direction.  
 
Determinism and loss-less transmission are two highly desirable features in an FTI network. To 
ensure the transmission and recording of all the acquired parameters, packet loss on the network is 
not acceptable, regardless of the network layer or application layer protocol being used. In many 
commercial implementations, the reliability of the data transfer is handled by the transport layer, 
requiring retransmission for lost packets. 

 
 
 

2 THE NETWORK SWITCH 
 

The core of an Ethernet network is the switch. An Ethernet switch may operate at one of more 
layers of the OSI network model [1]: 

 
• Layer 1. The lowest layer switch is known as a repeater or a hub. It is simple device which 

does not manage the traffic through the device. 
• Layer 2. A network bridge which switches Ethernet packets based on MAC addresses. 
• Layer 3 / 4. Commonly known as routers. Switches network traffic based on IP, TCP, UDP 

and application layer data. 
 

FTI network switching typically requires layer 3 and 4 switching, at a minimum where traffic is 
routed and switched based on UDP ports, IENA [2] and iNET [3] stream identifiers. 
 

 
3 SWITCH DESIGN 

 
COTS Ethernet switches and switch cores support a wide range of features and requirements 
driven by commercial Ethernet networks. Dynamic switching and self-learning of network 

Figure 1 FTI Network Elements 



  

topologies are required to support dynamic and changing networks in benign environmental 
conditions. 
 
FTI networks on the other hand may not require all of these features but instead need to be rugged 
and very reliable. Ruggedness is dictated by a number of environmental standards, specifically 
DO-160 [4] and MIL-STD-704 [5]. These two standards define a minimal set of environment test 
conditions, covering: temperature, humidity, shock, vibration, power interface to the aircraft, 
among others. 
 
Network switches can be implemented primarily using two approaches. Application Specific 
Integrated Circuits (ASIC) can be implemented to perform switching and configuration of the 
network switch, usually with on chip microprocessors (MCU). These MCUs run management and 
configuration firmware on an RTOS or even embedded OS such as Linux. 
 
ASIC development is very expensive undertaking and as a result, a very limited number of large 
companies such as Marvell [6] and Intel design very flexible switching products which are then 
sold off the shelf. OEM manufactures integrate these products, customising the firmware to 
implement the feature set of interest for their product. Customisation to the lower level hardware 
is not possible without commercial justifications in the hundreds of millions of dollars range. 
 
A second approach is implementing the switching and management functionality in Field 
Programmable Gate Arrays (FPGA). FPGAs have the advantage of much shorter and cheaper 
development cycles, with some trade off in the volume of supported features. The switch 
manufacturer can design the feature set of interest for their product line and exclude the unwanted 
functionality that the more general purpose ASIC switch cores support. 
 
For an ideal FTI switch the latter approach has significant advantages. Within the FPGA, a store 
and forward switch fabric can be implemented using state machine based code. Dynamic learning 
algorithms for routing and on board OS are not required due to the more limited set of 
requirements reducing the time from power up to operation, simplifying the design and 
consequently, increasing the reliability of the switch. 
 
The static forwarding and filtering configuration, stored in on-board non-volatile memory, allows 
the switch to start routing based on a pre-defined set of rules as soon as power is applied. As an 
example, the NET/SWI/101 from Curtiss-Wright powers-on, achieves link up and is transmitting 
within 2 seconds [7]. 

 
In certain FTI networks, the ability to tap an Ethernet link for monitoring purposes can be a very 
useful feature. Most switches can be configured to perform such functionality, however 
minimising the latency through the switch can be challenging. The FPGA based designs can be 
configured to bypass the core keeping latency to the minimum for “tap”-like performance. 

   
 
4 TIME SYNCHRONIZATION 

 
Ethernet networks support a number of well-defined and supported time synchronisation 
protocols. The two most widely known and used are Network Time Protocol (NTP) [8] and 
Precision Time Protocol (PTP) 



  

 

NTP	  
NTP is a time synchronisation protocol widely used to synchronise desktop computers on packet 
switched networks, most famously the Internet. Sub second accuracy is possible, with simplified 
implementations known as SNTP also available. The accuracy is good enough for consumer 
applications. 

PTP	  
PTP is an IEEE standard used to synchronise clocks in a network, using similar principles to NTP. 
Unlike NTP, it was designed to achieve sub-microsecond accuracy. This accuracy makes it more 
suitable to FTI networks than NTP. The original standard was agreed in IEEE 1588-2002 [9] and 
is known as PTPv1. The second revision of the standard was agreed in IEEE 1588-2008 [10], 
improving accuracy precision and robustness. However PTPv2 is not backward compatible with 
PTPv1. 

PTP	  in	  FTI	  Networks	  
Synchronisation of all data acquisition units in an FTI network is a key requirement. The time 
correlation of the data on the network is a function of the synchronisation accuracy. Clearly the 
time synchronisation protocol of choice is PTP. This raises the requirement for the support of a 
number of PTP related features in the ideal FTI switch. 
 
In a PTP-synchronised network, one element in the network acts as the master to all the time 
slaves, this is the Grandmaster (GM). The GM acquires time from an external time source such as 
GPS, IRIG Analog and Digital or a battery backed Real Time Clock (RTC) and synchronises the 
slaves to this time source. With non-backward compatible standards in PTPv1 and PTPv2, support 
for both grandmasters is required 
 
In a larger network where the switch is not a PTP grandmaster, to improve on the synchronisation 
accuracy, the switch should appear invisible to the PTP conversation. This is known as PTP 
transparency. The propagation time of the PTP packets through the switch is measured and the 
timestamps are adjusted accordingly, removing the propagation delay. Support for PTP 
transparency is required in both PTPv1 and PTPv2 modes of operation. 
 

With non-backward compatible protocols, it is 
not uncommon for network devices supporting 
either PTPv1 or PTPv2 to co-exist on the same 
network. Ensuring that these PTP clients are 
synchronised to the one time source requires the 
FTI switch to support the translation or bridging 
between the two protocols. This is a very 
powerful and useful feature allowing the 
network designer to mix clients comfortably on 
the one network. 
 
 
While PTP is the time synchronisation 
mechanism on the network, the absolute time 
needs to be acquired by the Grandmaster to 

Figure 2 Mixed PTP clients 



  

allow for accurate absolute time synchronisation.  
 

Historically IRIG-B was a standard created by the US military defined in 1960, the latest revision 
of the standard published in 2004. This standard is widely supported in FTI networks both in 
analog and digital formats. 
 
The Global Positioning System (GPS) is another very popular space-based location and time 
synchronisation system. If the FTI switch supports GPS, it allows the time to be synchronized to 
the satellite based atomic clocks. This is a very accurate and cost effective mechanism for 
acquiring absolute time. 

Time	  Synchronization	  in	  the	  ideal	  FTI	  Switch	  
As described, there is a long list of time synchronisation features that the ideal FTI switch should 
support, to a high level of accuracy. Acting as a PTP v1 or v2 GM, taking time sources from GPS, 
IRIG or free running from an on-board RTC. The bridging of PTP protocols allows the FTI 
engineer to define a per port PTP protocol selecting between v1 and v2. 
 
 

5 TRAFFIC FILTERING 
 
 
 
 

As previously mentioned, switches typically route data based on a certain level of the OSI model. 
In a level 2 switch, the Ethernet MAC address are used to automatically route traffic to ports on 
which that particular networking interface is connected. A level 3 or 4 Ethernet switches can route 
traffic based on IP address or UDP ports as an example. 
 
FTI networks are heavily asymmetric with a large number of sources but a limited number of 
sinks. These sinks may have very different requirements. 
 
Network recorders typically have a very large bandwidth and storage space so will generally 
record all the traffic on the network for later analysis and archiving. As a result the network 
switch will generally route all traffic to ports on which the record is connected, filtering none of 
the traffic.  
 
In certain applications it may also be desirable to separate certain high volume traffic to a 
dedicated recorder. One example of this may require all video traffic to be recorded on a 
dedicated recorder. Such selective switching could be implemented using a dedicated multicast IP 
address for video traffic. The FTI switch is then required to switch this traffic to the dedicated 
video recorder. 
 
Transmitters on the other hand have a very limited bandwidth but give engineers on the ground 
very valuable insight into key information on the FTI network. In this scenario the switch is 
required to filter based on very specific parameters from the Ethernet traffic. In IENA traffic, a 
specific stream identifier in combination with a UDP port may contain parameters of interest. The 
FTI switch therefore requires the ability to switch based on multiple header fields at all layers of 
the OSI model. 



  

 

 
 
An on-board data processing unit connected to the network would have similar requirements to 
the transmitter, in that it could only process a subset of the traffic during the flight. However in 
addition to filtering the traffic, the required switching configuration could change during the flight 
to allow the engineer to perform analysis at different phase of the flight. For example on take-off, 
the switch could be configured to pass stream identifiers in the range 0x1 to 0xF to the data 
processing unit, then at altitude, filter this traffic, allowing all traffic on UDP port 4444. 
 
The FTI switch therefore, should have a rich set of filtering and switching functionality built into 
the switch core. A standard set of switching based on layer 2 and 3 header fields should be 
supported. In addition to this, it is desirable that custom switching rules can be implemented at the 
application layer. Even more powerfully, the engineer could define fields within the payload of 
the packet and filter based on these values. This level of flexibility results in a very powerful 
switch. All these filters should be stored on the switch in non-volatile memory, in an efficient 
lookup table to allow the traffic to be filtered at line speed through the switch, avoiding any 
bottlenecks in the data path. 

 
 
 

 
6 CONFIGURATION OF NETWORK SWITCHES 

 
With the expanding features and configuration options available on FTI switches, ease of 
configuration is more important than ever. The configuration of such devices can be implemented 
either proprietary configuration software or open standards which have been adopted for such 
purposes.  
 
TFTP [11] is a file transfer protocol that has been developed specifically for light weight file 
transfer. The server can be implemented with a minimum of CPU and RAM requirements making 
it suitable for embedded devices. For the transfer of large configuration binary files, it is a widely 
adopted protocol used on switches. 
 
Simple Network Management Protocol (SNMP) [12] is an open internet standard for managing 
devices on an IP network. It is typically used to monitor and configure switches and recorders. It 
is a self-documenting protocol that is used to configure smaller volumes of configuration data. Off 

Figure 3 Dynamic routing in a configurable crossbar 



  

the shelf SNMP managers are widely available for Windows, Linux and OSX operating systems 
which can then be used to manage the networked devices. 
 
This configuration phase itself can be split into two distinct phases, dynamic, on the fly 
configuration and static configuration prior to acquisition. FTI network topologies are generally 
relatively static and as a result prior to flight, these networks can be defined and the switches 
configured with the routing and filtering tables. With a broad range of options available, the 
configuration at this point can be significant with settings for different filtering options to be setup 
for a number of phases of the flight. The configuration would ideally be stored in a local setup file 
on the engineers PC, to make iterative changes to the network configuration simple. An example 
of such a file format is XidML (eXtensible Instrumentation Definition Markup Language). [13] 

 

 
 
 
Once this configuration has been completed, programmed and stored locally the switch is 
configured and ready for flight. Once in flight, this static configuration will not be modified, 
however now the dynamic configuration aspect takes place. The FTI engineer may want to 
monitor network traffic, link status and the health of the network as well as switch, between the 
various phases of the flight. SNMP managers running on PCs connected to the network can select 
between the various configurations that were pre-configured, in a seamless manner, with little or 
no packet loss.  
 
Monitoring, using an SNMP manager allows the FTI engineer to query the health of the network 
switch, however it can be useful to have automatic or passive health reporting. Such a facility 
would allow the switch to periodically report on various metrics in a status packet. This status 
packet could easily be telemetered to the ground as well as recorded. The advantage of such 
approach is that a query/response mechanism is not required, which in many telemetry links is not 
possible, and the information density of a status packet makes it a very efficient use of the limited 
telemetry bandwidth. 
 

 
7 Future-Proofing Network Switches 

Figure 4  Simple crossbar configuration 



  

 
Over time, as the size and complexity of airborne networks continues to increase, the demand for 
additional features and performance upgrades continues. 
 
Some of these upgrades will require replacing existing hardware in the instrumented airplane, 
however there is significant scope for FPGA-based designs to incrementally upgrade the 
programmed “firmware” of the FPGA. This mechanism allows the user to remotely upgrade the 
feature set of the switch without physically removing or even accessing the switch. The upgrade 
process can be implemented in a similar mechanism to the static programming of the device over 
the Ethernet interfaces using TFTP. 

 
Such an upgrade could feasibly be executed in minutes between flight tests, if the demand arose. 
Naturally, such a process has potential to be interrupted so significant effort and measures need to 
be taken to ensure that the process cannot result in a non-working or unusable switch. “Fall-back” 
firmware images are untouched on the switch to ensure any interruptions in the programming 
cycle do not result in a non-working switch. 
 

8 Conclusion 
 

FTI network switches, which sharing some commonality with COTS Ethernet switches have 
specific demands of their own. The relatively static nature of FTI networks in combination with 
stringent reliability and rugged requirements places specific demands that many switches cannot 
meet. 
 
Flexible switching and filtering requirements, advanced time synchronisation mechanism and 
rugged, deterministic and scalable performance are key to modern flight test network switches. 
 

9 Glossary 
 

NTP Network Time Protocol 
PTP Precision Time Protocol 
FTI Flight Test Instrumentation 
ASIC Application Specific Integrated Circuit 
FPGA Field Programmable Gate Array 
TFTP Trivial File Transfer Protocol 
COTS Commercial Off The Shelf 
CPU Central Processing Unit 
RAM Random Access Memory 
GM Grand-Master 
RTC Real Time Clock 
SNMP Simple Network Management Protocol 
iNET Integrated Network Enhanced Telemetry 
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Abstract:

Digital data distribution systems are widely used in Aerospace and Defense products to allow
devices to communicate with one another. In many cases it is desirable to monitor the data traffic
flowing between two points in a copper or fiber based Operational or Onboard Network System
(ONS) for Flight Test Instrumentation (FTI) purposes because these ONS systems may carry
important data which can be used without duplicating/installing a specific FTI data acquisition
system to receive this data. The two types of network taps that can be used are Inline Network
Taps and network end-point taps. This paper examines the usage of Inline Network Taps for FTI
applications and how they can support network access strategies and objectives. An Inline
Network Tap is a hardware device which allows access to data flowing across a network. These
devices are typically active/powered and have a number of ports: a first tap port, a second tap
port, and one or more mirror ports. An in-line network tap inserted between the first and second
tap port passes all data traffic through unimpeded but also copies that same data to one or more
mirror ports. Some Inline Network Tap devices may also pass packets when the tap is not
powered or a malfunction is detected on the device via an integrated by-pass function. If the
Inline Network Tap device goes offline the unit automatically bypasses the tap connection and
data traffic is directed through the bypass directly to network devices. This capability is crucial
for inline usage on mission critical network segments that cannot afford the risk of losing the
network connection. An in-line network tap can either be based on copper or fiber technology and
as a "filterable" network tap can also provide advanced packet filtering capabilities. These
filterable network taps can selectively pass data, e.g., based on VLAN ID or other parameters, to
a mirror port for deep analysis, monitoring and recording.  Another advanced tap function that is
presented in this paper is the support for inserting time stamps at the tap level in monitored
packets which provides a reference time when the data content of a given packet was generated at
a data source1. This capability is a significant feature for FTI applications as most ONS systems
do not provide time stamped data.

Keywords: Network tap, time stamping, IEEE 1588, FTI

1 Patent pending
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Introduction

This paper describes the main principles of an Advanced Network Tap, where data packets are
passed through the device regardless whether the device is powered or the device is operating as
an active network tap, where data packets are mirrored to one more port mirror ports.  The paper
also describes how advanced packets filtering techniques can be used in order to limit the amount
of data mirrored to the mirror ports as well as time stamping data packets and inserting the
precise time stamps into the mirror data packets.

Advanced Network Tap - Principle of Operation

The Advanced Network Tap can operate in two modes: BYPASS and TAP mode.  Packets in
both modes will be forwarded between the two tap ports.  The Advanced Network Tap will be in
BYPASS mode when:

 The device is without power,

 Is booting, or

 A malfunction is detected on the Advanced Network Tap

The Advanced Network Tap will enter TAP mode after boot is completed and if the Built-In-Test
(BIT) is successful, links are found on both tap ports, speed and duplex connectivity are the same
for the two tap ports and the Network Tap prior to the last power loss was in TAP mode.

The user can select to use one or two mirror ports.  Packets received on tap port 1 (J1) are
mirrored to mirror port J3 and packets received on tap port 2 (J2) are mirrored to mirror port J4 in
case two mirror ports are used.

Figure 1, Network taps with one or two monitoring port
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The user may also issue a management reset command to the Advanced Network Tap if the
device has entered BYPASS mode. The Advanced Network Tap will then enter TAP mode if BIT
is successful, links are found on both tap ports and speed and duplex connectivity are the same
for the two tap ports. The reason for this function is to minimize the number mode changes on the
Advanced Network Tap since a mode change represent link re-training on the tap ports with some
packet loss as a result.

Switch Port Mirroring vs Network Tap

It has been a questionable practice for FTI applications to utilize Switch Port Mirroring as a way
to access data flow across a network. Many Ethernet switches (but not all) provide Switch Port
Mirroring, but the user should know that the switch packet scheduler will grant the Switch Port
Mirroring function with the lowest possible priority.  The Switch Port Mirroring function is the
first function that will be disabled in case of e.g. network congestion, with packet loss on the
monitoring port as a result.  In addition Switch Port Mirroring might require switch resources
that can load the unit and lead to reduced switching performance. Further, a switch with port
mirroring is a point of failure, in case of power loss or a switch malfunction.

Latency Aspects of Inline Taps

The Inline Tap will increase the network latency, but the network tap latency in case the Inline
Tap is running in TAP mode, will not depend on the network load on the Inline Tap.  The whole
egress bandwidth of tap port 1 is allocated to the ingress data received on the tap port 2 and vice
versa.  This means that there is not latency jitter introduced due to packet queueing as would have
been the case for a standard switch where packets originating from several ingress ports may be
forwarded and queued to the same egress port. The Inline Tap latency depends on the port speed,
packet length and a general static latency of a few microseconds. The network tap latency in case
the Inline Tap is running in BYPASS mode, is close to zero.

No Traffic flow back into the operational network

The mirror ports of the Inline Tap can receive data, but this data can only be sent to the CPU of
the Inline Tap. As the consequence, a mirror port can also be used for management of the Inline
Tap, while data from the FTI system cannot flow back into the ONS system. The mirror ports do
not have the capability to receive packets and send them into the ONS network.

Packet filtering

Packet filtering of mirrored data packets may be relevant in order to limit the amount of data sent
to e.g. a recorder.
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Figure 2, Network taps with packet filtering

A "filterable" network tap, which is commonly-used in a 10 Gigabit environment, provides
advanced filtering.  It can selectively pass data, e.g., based on application, VLAN ID, or other
parameters, to a 1-Gigabit port for deep analysis and monitoring.  Once a network tap is in place,
the network can be monitored without interfering with the network itself.

It is also possible to insert another filtering device in-between the Advanced Network Tap and the
recorder(s), where packet filtering is based on IP protocol header (layer 3), UDP header (layer 4)
or even the content the packet payload, i.e. an End-Point Tap.  See [1] for more details.  Such a
filtering device can also split the data stream into several streams based on e.g. source IP
addresses as a filtering criteria in order to record different data on several recorders.

Figure 3, Network tap + End-point Tap
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Advance Network Tap and Time Stamping of Mirrored Data

In the context of a network tap that implements the IEEE1588 standard, the clock used for time
stamp generation can be based on a PTP Slave Clock implementation or an NTP/SNTP client
implementation.

Time Stamping of Mirrored Data becomes critical if the tapped data is not directly sent to a
recorder for recording or the recorder is not capable of performing precise time stamping of the
data packets. In the scenario that a FTI system has to tap multiple Tap lines and this data is send
via the FTI network to the recorder, it is necessary to time stamp the tapped data as close to the
source as possible, in order to allow precise analysis of the data. In cases where the tapped data is
already time stamped by the tapped ONS system no further time stamping will be required, but in
cases where the tapped data is not time stamped, OnTime Networks can provide a Network Tap
solution with the capability of time stamping the data close to the wire. The time stamp for the
tapped data is inserted by a time stamp module. The time stamp module generates a time stamp
and inserts the time stamp in the packet, either in the  packet header or in the packet payload. The
time stamp represents the “time” when the contents of the data packet (in the data packet) is
considered to be generated at a sending node from which the tapped data originates.   Preferably,
and before being inserted into the packet, the time stamp generated for a particular packet is
adjusted for the propagation delay between the sending node and the network tap element.  In
addition, the time stamp may be adjusted for a time differences between when the packet was
sent and when the data packet content was generated at the sending node.  In either case, after the
time stamp module inserts the time stamp in the packet, the module preferably recalculates or sets
to zero a UDP checksum (if the received packet is a UDP packet and the time stamp is inserted in
the UDP payload), and recalculates and inserts a new MAC checksum in the packet.

Conclusion

This paper addressed the benefits of using dedicated Advanced Network Taps for Flight Test
Instrumentation System applications. We identify that when monitoring network links in FTI
systems it is recommended to use advanced network tap devices to mirror and analyze high-speed
connections, as these devices provide significant benefits over the use of port mirroring. We
looked at the different operation principles of network taps, touched the use of packet filtering
techniques and evaluated latency aspects of Inline Taps. The findings clearly show that these
aspects are in line with FTI network requirements and provide significant advantages. Further,
the introduction of by-pass relays into the design of rugged network taps allows the use of these
devices for tapping of more critical links, which to less extent can be interrupted by power loss or
malfunctions. We have also evaluated the risk of traffic flow back into ONS and learned that
specific design principles of Inline Taps will eliminated this risk. With the increased usage of
Ethernet networks within the Aerospace and Defense industry in airborne, ground or naval
applications, the need to tap, monitor and analyze network traffic has increased and will continue
to rise going forward. We also foresee that Time Stamping of Mirrored Data by Inline Tap
devices will become an important functionality, which can help with analyzing network data if
multiple taps are used or the tapped data flows through a network. Considering all this, we
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believe that going forward advanced network taps will be a standard tool in every FTI engineer’s
tool box.

References

[1] Holmeide, Gauvin: “c for FTI - part I”



 
Submitted to INT’L TELEMETERING CONFERENCE, Las Vegas, NV USA, October 26–29, 2015 

1 
 

PRIORITY-ALIGNED FLOW CONTROL FOR IP-BASED 
TELEMETRY SYSTEMS 

 
 

Mariusz Fecko1, Kirk Chang1, Andrzej Cichocki1, Larry Wong1, Ray O’Connell2, 
Mark Radke3, Tom Young4, Thomas Grace5 

 
1Applied Communication 
Sciences, Basking Ridge, 

NJ 

 
2RoboComAI 

Cincinnati, 
OH 

 
3Tybrin Corp., 
Edwards AFB, 

CA 

 
4USAF AFMC, 
Edwards AFB, 

CA 

 
5NAVAIR, 
Patuxent 

River, MD 
 
 
 

ABSTRACT†‡ 
We developed priority-aligned flow control between the queuing system and the radio for IP-

based telemetry systems. The approach provides the unified flow control across all nodes and 
traffic classes in telemetry links to better regulate bandwidth usage without creating oscillations. 
It combines multiple features: Volume-based flow control ensures consistency between a traffic 
queue’s drain rate and the TDMA slot allocations for this queue. The allocations are translated 
into the number of packets to be sent to the radio from the router for each QoS class and test 
mission. In the case of iNET, the necessary capacity allocations are provided by the Link 
Manager on the ground. Fine-grained queue management allows flow control algorithms to 
adjust dynamically multiple parameters at the Traffic Engineering Queues as needed. Router–
radio interface enhances the existing IETF standard Data Link Exchange Protocol (DLEP) to 
provide the signaling required for our solution. We defined the queue throughput shortage as the 
key evaluation metric. Our approach performed significantly better in comparison with the 
coarse-grained queue control available in Linux kernel. When averaged across links/queues, the 
reduction was 2–6% and 4–28% for high (8Mbps) and low (1Mbps) channel capacities, 
respectively. When averaged across multiple channel capacities, the maximum per-queue 
shortage was reduced from 47% to 4.5%. 

I. INTRODUCTION 
In modern IP-based telemetry systems, application traffic (e.g., telemetry data) is typically 

buffered at a telemetry node before being sent to the local radio for an over-the-air transmission 
to a destination telemetry station (Figure 1). This buffering occurs in a queuing system that can 
be physically realized either on the telemetry node itself or on an attached commercial router. 

A critical technology gap is the lack of advanced flow control capability of traffic flowing 
from the queuing system to the radio, both for the aggregate traffic and for individual queues / 
traffic classes. In the case of a tightly integrated telemetry node, where logical representations of 
radio interfaces are available on the box just like the Ethernet interfaces and a queuing structure 
is formed over them, basic flow control is typically provided by the OS kernel. Such flow control 
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Technology (T&E/S&T) Program through the U.S. Army Program Executive Office for Simulation, Training and 
Instrumentation (PEO STRI) under Contract No. W900KK-13-C-0027. 
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should work fine for aggregate traffic, but it is difficult to optimize for individual queues or 
traffic classes due to a lack of priority-aware back pressure. The behavior of the queuing system 
determined by the locally configured queue priorities and data rates may not necessarily adhere 
to the optimal capacity allocations across multiple nodes competing for wireless resources. 

The gap is even wider in a loosely coupled node, 
where the queuing system is physically realized on the 
box (i.e., Cisco router) external to the radio. Here flow 
control needs to be added to the telemetry system for 
both the aggregate traffic and the individual 
queues/classes together. The supporting signaling also 
must be implemented in the system. In the absence of 
a flow control capability, the radio manufacturers must 
provide large data buffers to cope with bursty traffic, 
e.g., H.264 encoded video stream I-frames. This in 
turn places additional burden on the radio equipment. 
Furthermore, if the radio transmits data at a slower rate 
than supplied from the queues, lower priority traffic 
will cause higher-priority packet drops at the radio 
interface. This effect occurs because the radio is 
unaware of the priorities defined at the queuing system 
and drops packets according to its own criteria. 

This problem is exacerbated when capacity 
available to a particular traffic class and/or neighbor at 
the RF link varies with the changing TDMA slots or 
due to physical phenomena like multipath interference 
and rain fade. It is also likely that link quality and 
bandwidth varies with respect to the type of traffic 

being sent and, for a given traffic queue, depends on which node in a telemetry network is the 
current traffic destination. If flow control mechanisms are not coupled with dynamic slot 
assignment, global “priority-inversion” may occur, i.e., nodes with lower priority traffic will use 
more link resources than the ones with higher priority traffic. 

eDLEP (enhancing Dynamic Link Exchange Protocol for iNET) is a T&E/S&T program that 
addresses the above technology gap by developing priority-aligned flow control algorithms and 
signaling for IP-based telemetry systems. The unique features of our solution include: 

Flow control schemes: Our design allows flow control algorithms to work equally well with 
both custom signaling protocols and router–radio protocols based on IETF standards. The main 
innovation is the volume-based flow control that gets direct inputs from the centralized TDMA 
controller. It is then able to translate the TDMA slot allocations per traffic priority/queue directly 
into the number of packets to be sent to the radio from the router for each QoS class and test 
mission. This approach allows optimal control of the amount of data transmitted over the RF link 
across all missions and traffic classes. 

Fine-grained queue management: To provide QoS fairness down to the traffic class level, 
our solution provides a mechanism that allows flow control algorithms to dynamically adjust 
multiple parameters at the Traffic Engineering (TE) Queues as needed. These parameters include 
the number of credits, the rates, and/or the traffic volume for each queue. In particular, flow 
control algorithms leverage slot allocation produced by the TDMA controller for the purpose of 

 
Figure 1: Need for flow control in IP-

based telemetry 



 
Submitted to INT’L TELEMETERING CONFERENCE, Las Vegas, NV USA, October 26–29, 2015 

3 
 

volume-based flow control, a novel feature that is not supported by any known flow control 
schemes. 

Router–radio interface: To provide the associated signaling required for our solution, we 
enhanced the existing IETF standard Data Link Exchange Protocol (DLEP) [1]. The resulting 
enhanced protocol (eDLEP) handles multiple traffic priorities across various radio technologies 
and commercial routers, so that messaging between the radio and router can be translated to 
standard control knobs. As a result, signaling to realize flow control schemes can be 
implemented independently by different radios/routers/data collection devices to ensure 
interoperability. The eDLEP protocol provides relevant information from the router/queuing 
system (e.g., router queue depth, traffic volume) to the radio so that the radio can perform better 
priority-aware TDMA scheduling. It also signals information from the radio to the queuing 
system to realize flow control such as radio data rate and congestion level per traffic class. 

The rest of the paper is organized as follows. Section II describes the application of the 
eDLEP approach to iNET. The proposed flow control algorithms are outlined in Section III. 
Performance evaluation study is presented in Section IV. Section V concludes the paper. 

II. APPLICATION TO INET 
iNET [1] is a multiple-access telemetry network in which an RF-link is shared across 

geographically dispersed nodes. Within an iNET Telemetry Network System (Figure 2), the 
Radio Access Network (RAN) segment includes Radio Element (RE), Link Manager (LM) 
[3][4], iNET System Manager (including RF Network Management), and Queue Manager (QM). 
Allocating capacity amongst nodes to achieve QoS guarantee over a multitude of traffic and 
mission priority levels is accomplished by the LM [5]. The LM obtains per-mission/per-QoS 
class traffic demand and queue status from participating nodes or Test Articles (TAs). Based on 
these inputs, it runs a capacity allocation algorithm and generates transmission opportunity 
(TxOps) windows (i.e., TDMA slots) per QoS class per mission. 

Current iNET assumes a 
tight control architecture: 
radios and TE queues are co-
located.  Therefore, logical 
representations of radio 
interfaces are available on the 
same physical box just like 
Ethernet interfaces and the TE 
queuing structure is formed 
over these interfaces. The LM 
per-link capacity allocation 
limits the rate at which TE 
queues are drained without a need for explicit flow control signaling. However, flow control 
between the radio’s internal TE queues and radio MAC layer, which is automatically provided 
by the OS kernel (e.g., Linux), is driven by the LM capacity allocation messages only for a link’s 
aggregate traffic. Because of this limited granularity, the prioritization defined in the queue 
structure is in general insufficient to align packet losses in different traffic classes with the LM 
per-queue capacity allocations. Our approach provides fine-grained queue control, where the 
single control knob (per-link capacity allocation) is replaced with enforceable per-queue capacity 
allocations. These are already computed by the LM capacity allocation algorithms as 

 
Figure 2: eDLEP effort focus for iNET 
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intermediate output and can be passed onto TAs via suitable eDLEP signaling extensions. The 
TE queues on individual TAs are modified to use the current Linux Hierarchical Token Bucket 
(HTB) queuing discipline augmented with rapid control via per-queue capacity allocation. The 
augmentation is needed because, although we could re-adjust HTB rates according to per-queue 
capacity allocation, this cannot be done in practice on a 100 msec time scale required by the 
iNET TDMA epoch (20-30 sec is feasible to avoid transient performance degradation incurred 
when an interface is reset with a new rate). Our augmentation is able to drain the exact amount of 
traffic from each queue as specified by the LM per-queue capacity allocation. 

III. EDLEP FLOW CONTROL ALGORITHM 
The two-stage eDLEP flow control algorithm is executed locally by the QM at each TA: 
Stage 1 – Allocation Adjustment (Figure 3): Due to the time lag in the system, the queue 

depths may have changed since they were reported to the LM. In this case, some queues may 
contain less data than the capacity that LM allocated to them. To enable bandwidth sharing as in 
a regular Linux kernel, the allocations are adjusted at the beginning of an epoch to redistribute 
the leftover capacity to the remaining queues that have more data than allocations. 

 
Figure 3: Pseudo-Code for Allocation Adjustment 

Stage 2 – Rate Control (Figure 4): The ability to precisely control the drain rate is limited by 
the IP packet size (i.e., we can only drain the number of bytes that is a summation of actual 
packet-sizes). To avoid persistent under/over-provisioning of queues, we implemented the 
algorithm to carry and apply the leftover from one epoch to another. 

 
Figure 4: Pseudo-Code for Rate Control 
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A. Architectural Impact 
To minimize the architectural impact of eDLEP deployment (Figure 5), we allow the TE 

Queues (e.g., implemented as Linux HTB qdiscs) to be drained according to their structure and 
implementation in the OS kernel. An eDLEP queue (implemented by modification the kernel 
sched_htb.c file) enforces the upper bound on the amount of data that can be drained from each 
queue. Such queue can be flexibly deployed as a loadable kernel module (LKM) in the OS 
kernel. A user can not only choose the generic vs. the eDLEP scheduler, but can also select a 
subset of queues that will be subject to fine-grained control. In a more elaborate queuing 
structure, the remaining queues can follow regular Linux behavior (FIFO, HTB, etc). Results 
show that fine-grained control queues within eDLEP kernel do not interfere with the remaining 
queues. That is, regular queues show the same regular Linux behavior regardless of the kernel. 

 
Figure 5: Flexible eDLEP Deployment 

B. Extensions to DLEP Protocol 
The signaling necessary for the Link Manager operations to support fine-grained queue 

control can be realized through suitable enhancements to DLEP protocol messages and iNET 
standard signaling. DLEP exchanges UDP messages between router / Queue Manager and 
modem (radio / LM Agent). Figure 6 shows the implementation of the relevant iNET 
components in the ACS Linux testbed, including the HTB-based TE queues, Queue Manager, the 
surrogate Link Manager with several capacity allocation algorithms [5], and the eDLEP protocol 
peers. 

 
Figure 6: End-to-End LM Signaling via Enhanced DLEP Protocol in a tightly integrated iNET node 

Linux kernel 
(built-in generic  

sched_htb)

Linux base kernel 
plus loadable 

sched_htb

• Base kernel compiled without any sched_htb.c
• Will not run any HTB at boot time

• Two loadable modules (generic and eDLEP) also compiled and built
− //Load	  generic	  HTB	  from	  command	  line
− sudo insmod /lib/modules/generic/sched_htb.ko
− //Load	  eDLEP HTB	  from	  command	  line
− sudo insmod /lib/modules/edlep/sched_htb.ko

• Kernel compiled and built including generic sched_htb.c
• Will run generic HTB at boot time

Flexible eDLEP
deployment



 
Submitted to INT’L TELEMETERING CONFERENCE, Las Vegas, NV USA, October 26–29, 2015 

6 
 

Most DLEP signals are concerned with Per Neighbor information carried in Link 
Up/Down/Update and Link Characterization Request (LCR) messages. The DLEP specification 
supports only coarse-grained credit-based flow control, with one session per neighbor. We 
extended DLEP to provide fine-grained control of multiple sessions for different traffic 
classes/priorities, even when traffic is destined for the same neighbor. Finally, DLEP lacks 
signaling from the router to the radio that could facilitate LM’s slot allocation algorithm – as LM 
takes queue status and traffic loading from iNET nodes as input to allocate slots, this signaling 
needs to be included in the standard. 

In a tightly integrated iNET node, TE Queue Depth per queue is sent by router/QM to 
radio/LM as part of Link Manager Messaging (LMM). Hence, no extensions to the current iNET 
signaling are needed. Correspondingly in eDLEP, the message to carry traffic demand 
information was implemented as extension to the LCR message. The iNET LMM also defines 
messages that carry Transmission Opportunity (TxOp) for each link, which is the Tx time 
window corresponding to the link capacity allocation for each TDMA epoch. To extend the 
DLEP protocol with capacity allocation capability, we took advantage of the Current Data Rate 
(CDR) data field. The CDR can be used as an approximation of a link’s limiting rate. Namely, 
the “data rate” concept needed to be enhanced from what currently is a single numeric value in 
DLEP into a multi-dimension tuple consisting of, for example, a value per QoS class. In eDLEP, 
the equivalent signaling was implemented as an extension to CDR, where capacity allocations 
are supplied from radio/LM to router/QM for each queue to enable fine-grained queue control. 
The CDR values per traffic class are carried within the DLEP Neighbor Update message. The 
standard iNET signaling needs to be extended in a similar fashion by providing the capacity 
allocation per queue rather than per link. 

IV. PERFORMANCE EVALUATION STUDY 
The goal of performance evaluation was to investigate and compare the bandwidth allocation 

behavior between the two schemes: 
• eDLEP fine-grained scheme with per-queue throughput allocation: We configure the HTB 

to nominally perform a simple round-robin scheduling (other scheduling configurations will 
work equally well), the LM assigns per-queue allocation, and the QM in the eDLEP Linux 
kernel enforces it to every queue. 

• Default Linux HTB scheme with coarse-grained per-link allocation: LM calculates per-
queue allocation, but only per-link assignment is sent to QM. Per-queue packet draining is 
done locally through a default HTB qdisc. The static HTB configuration is optimized to 
allocate capacity for each local queue according to its relative weight. 

A. Test Setup and Evaluation Metrics 
We defined a number of test cases, each configured with 3 downlinks and 3 queues per link. 

Test Cases 1 and 2 use CBR traffic across all queues; Test Case 3 uses ON/OFF traffic in Link 1 
Queue 1, with identical ON and OFF periods ranging from 1 sec to 10 sec. The key metric is 
throughput shortage, which measures the gap between a queue’s target and actual throughput 
values. It is calculated as follows. For a single priority queue qi, given offered traffic di and LM 
capacity allocation ci, the target drain rate (throughput) is ri=min(di,ci). Throughput shortage of 
the queue is calculated according to the following rules: If the actual measured throughput ai is 
less than ri (i.e., shortage exists), the normalized difference (actual vs. target) is 1-ai/ri. If actual 
measured throughput ai is greater than or equal to the target drain rate ri, shortage is considered 
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to be 0 for that queue. An example calculation is shown in Figure 7. In addition to throughput 
shortage, latency and jitter are also captured. 

 
Figure 7: Throughput Shortage Example for a Single Priority Queue 

B. Performance Results 
Consider Test Case 1 (Figure 8), which uses customized CBR test flows with periodic packet 

arrival and fixed-size packets of 1,024 bytes. The total on-demand capacity across all links and 
queues is 8 Mbps, whereas the total offered load is 12.06 Mbps. Links 2 and 3 are below their 
load quota (i.e., guaranteed bandwidth) and Link 1 (Queue 1) exceeds its load quota. The queue 
weight value accounts for both the traffic QoS class and the mission priority for the link. 

 
Figure 8: Configuration of Test Case 1 – High-loading flows shown in red 

Figure 9 shows that coarse-grained control experiences much more throughput shortage than 
fine-grained control when link capacity decreases, for example, 28% vs. 4% when shared link 
capacity is 1Mbps and 6% vs. 2% when shared link capacity is 8 Mbps. The effectiveness of 
fine-grained control also is robust to channel capacity. 

 
Figure 9: Test Case 1 – Throughput Shortage Statistics 
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Consider Test Case 2, which is variation of Test Case 1. Specifically, Queue 1 of Link 1 is 
modified to be on-off, with identical on and off duration ranging from 1 to 10 sec simulating 
transient traffic demands. The rest of the parameters and traffic flows are the same. Figure 10 
shows the statistics averaged over the four channel shared data capacities (1, 2, 4, and 8 Mbps) 
under consideration. Fine-grained control outperforms coarse-grained control for all on/off 
periods. For fine-grained control, when on-off duration is very short (1 and 2 sec) or very long (8 
and 10 sec plus CBR), performance is independent of on-off duration. However, performance 
degrades noticeably for medium (4 and 6 sec) on/off periods. Performance degradation within 
the 4–6 sec on/off periods is caused by two inter-related factors: (1) How often a queue drains 
completely due to the on/off nature of traffic loading; and (2) the variability of both the queue 
depth and the resulting target throughput. Consider the queue-empty percentage as the ratio of 
epochs during which a given queue is completely drained, i.e., when its depth reaches 0. 

The on/off behavior shown in Figure 11 falls into the following three regimes: 
• <4s: Queue-empty epoch condition percentage is 0, i.e., queue never drains completely. Low 

target throughput variability (Delta throughput per Epoch < 30kbps) results in constant target 
throughput and drain rate. 

• >6s: Queue-empty epoch 
condition percentage approaches 
50%, which is the duty cycle of 
traffic loading. In this case, 
queue-depth tracks offered load 
very well; hence, it becomes 
easier to control target drain 
rates more precisely by fine-
grained mechanisms. Target 
throughput variability starts 
decreasing. 

• ≥4s, ≤6s: Queue-empty 
percentage is between 0% and 
50%; as a result, target 
throughput tracks loading reasonably well. This leads to rapid increase in target throughput 
variability from epoch to epoch. Since it becomes more difficult to control target drain rates, 
the performance of fine-grained control degrades. In our setup, one queue experiences a 
significant increase in the throughput shortage out of all of the queues in the fine-grained 
control. This queue drives up the maximum value from 5% to 20% with a much smaller 
increase to the average as the maximum value of more queues is averaged in. 

 
Figure 11: ON/OFF behavior 
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Figure 10: Shortage Dependence on ON/OFF Duration 
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To assess the impact of uneven on/off periods, we independently varied the ON and OFF 
duration from 2 sec to 10 sec to produce several combinations of pair-wise values. Figure 12 
shows throughput shortage averaged across all links and queues and confirms that there is hardly 
any impact of uneven on/off periods. Figure 13 shows that the delay performance between fined-
grained and coarse-grained control is comparable in most cases when link capacity is high 
(8Mbps). The difference is mostly within 10%. When link capacities are low (1Mps), the delay 
grows to 17s for both approaches because the system is heavily overloaded, i.e., 12Mbps of 
traffic over 1Mbps of capacity (Figure 14). Comparable delay performance is observed in most 
cases. Although fine-grained control does not decrease delay in all links, the difference is mostly 
within 10%. As shown in Figure 15, the fine-grained control shows overall better jitter 
performance. In the cases where there is some jitter increase over the coarse-grained control, it is 
less than ~20ms. 

 
Figure 12: Negligible Impact of Uneven ON/OFF Periods 

 
Figure 13: Delay Performance Summary for 8 Mbps Channel 

 
Figure 14: Delay Performance Summary for 1 Mbps Channel 
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V. CONCLUSION 
We developed priority-aligned flow control between the queuing system and the radio for IP-

based telemetry systems. The scheme combines multiple features: Volume-based flow control 
leverages the capacity allocations provided by the iNET Link Manager per traffic priority/queue. 
It translates the allocations directly into the number of packets to be sent to the radio from the 
router for each QoS class and test mission. Fine-grained queue management allows flow control 
algorithms to dynamically adjust multiple parameters at the TE Queues as needed. Router–radio 
interface enhances the existing IETF standard DLEP to provide the signaling required for our 
scheme. We defined the queue throughput shortage as the key evaluation metric. Our approach 
performed significantly better in comparison with the coarse-grained queue control available in 
Linux kernel. When averaged across links/queues, the reduction was 2–6% and 4–28% for high 
(8Mbps) and low (1Mbps) channel capacities, respectively. When averaged across multiple 
channel capacities, the maximum per-queue shortage was reduced from 47% to 4.5%. 

 

 
Figure 15: Jitter Performance Summary for 1 and 8 Mbps Channels 

The eDLEP approach unifies flow control across all neighbors and traffic classes in iNET and 
other telemetry links to better regulate bandwidth usage without creating oscillations or requiring 
over provisioning. The eDLEP also avoids un-intentional priority inversion by ensuring 
consistency between a queue’s drain rate and the TDMA slot allocations for this queue. 
Associated standardization effort within the IETF will allow the T&E ranges to benefit from 
commercial adoption of this technology by vendors such as Cisco, Juniper, Motorola, Fortress, 
L-3, BAE, GD, and others. This capability will enable the ranges to use the best-of-breed 
COTS/GOTS radio and router equipment with the standards already incorporated in them. In 
particular, the eDLEP adoption by iNET vendors would enhance the interoperability between 
implementations of the iNET components such as Radio Access Network and Link Manager. 

REFERENCES 
[1] S. Ratliff, B. Berry, S. Jury, D. Satterwhite, R. Taylor. Dynamic Link Exchange Protocol (DLEP). 

Internet Draft, IETF, 2015. draft-ietf-manet-dlep, work in progress. 
[2] B. Abbott, M. Araujo, M. Moodie, T. Newton, T. Grace. iNET System Design Concepts. In Proc. 

ITC/USA International Telemetering Conference (ITC), 2011. 
[3] R. O’Connell, L. Webster, J. Kaba. Telemetry Network System (TmNS) RF Link Management 

Quality of Service. In Proc. ITC/USA International Telemetering Conference (ITC), 2012. 
[4] R. O’Connell. Telemetry Network System (TmNS) Link Management Algorithm Verification. In 

Proc. ITC/USA International Telemetering Conference (ITC), 2013. 

0

20

40

60

80

100

Link	  1 Link	  2 Link	  3 All	  links

Av
g.
	  ji
tt
er
,	  m

se
c

Jitter,	  On/Off=2	  sec
Fine-‐Grained,	  channel=1Mbps Coarse-‐Grained,	  channel=1Mbps

Fine-‐Grained,	  channel=8Mbps Coarse-‐Grained,	  channel=8Mbps

0

20

40

60

80

100

Link	  1 Link	  2 Link	  3 All	  links

Av
g.
	  Ji
tt
er
,	  m

se
c

Jitter,	  On/Off=4	  sec
Fine-‐Grained,	  channel=1Mbps Coarse-‐Grained,	  channel=1Mbps

Fine-‐Grained,	  channel=8Mbps Coarse-‐Grained,	  channel=8Mbps



 
Submitted to INT’L TELEMETERING CONFERENCE, Las Vegas, NV USA, October 26–29, 2015 

11 
 

[5] M.A. Fecko, K. Chang, M. Barton, H. Kim, S. Gadgil, M. Sarraf, L. Wong, S. Samtani, R. O’Connell, 
B. O’Neil, M. Rauf, M. Radke, T. Young, T. Grace. Dynamic Capacity Allocation Algorithms for 
iNET Link Manager. In Proc. ITC/USA International Telemetering Conference (ITC), 2014. 



1 

THE PERFORMANCE TEST OF AN INITIAL iNET-LIKE 
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ABSTRACT 

Through the use of early iNET-prototype IP Transceiver technology, Kawasaki Heavy Industries, 
Ltd. (KHI) has been able to communicate with flight test vehicles during a recent research 
program. This technology provides a two-way high-capacity communication that has not been 
achieved with conventional telemetry and can be used not only for flight testing, but also for 
rescue work. KHI has been authorized to use S-band IP Transceivers since last year in Japan, and 
various communication tests have been performed. This paper describes Japan’s first simulation 
of an iNET RF network which incorporated testing that performed data backfill, voice 
communication and video transmission. A data backfilling test was performed using retransmit of 
lock-off data (which is lost as the aircraft maneuvers) on command from the ground station. 
Moreover, a tethered aerostat is considered a very useful communication relay platform in the 
event of a large-scale disaster which results in the destruction of infrastructure. Also, the silence 
of an aerostat can be very important for search and rescue work. 

KEYWORDS 

iNET, RF Network, Tethered Aerostat, IP Transceiver 

INTRODUCTION 

KHI has been responsible for the development of the Japan Self-Defense Force’s aircraft, Japan 
Aerospace Exploration Agency (JAXA) experimental aircraft and KHI aircraft, such as the 
BK117 helicopter. We have utilized conventional telemetry systems in various flight tests for 
many years. Approximately 10 years ago, KHI obtained information about iNET at ITC, and had 
a great deal of interest in the 52 user-case scenarios discussed at the CTTRA workshop. Since 
then, KHI has been working on research and development similar to iNET, especially two-way 
high-capacity communication, and has been promoting the introduction of such technology in 
Japan. We have been authorized to use S-band IP Transceivers since last year in Japan, and have 
carried out initial iNET-like RF tests. We have conducted high-quality video transmission tests, 
lock-off data retransmission tests and voice communication tests, and none of these tests were 
possible with conventional streaming telemetry systems. As a result, we were able to achieve 
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some of the 52 scenarios that have been targeted by iNET. Furthermore, KHI used a tethered 
aerostat as the test platform for the instrumentation package developed for these tests. In the 
absence of strong winds, the aerostat is quiet and there is no vibration, therefore tethering is also 
easy. For these reasons, a tethered aerostat is considered a very useful communication relay 
platform to aid in search and rescue work in the event of a large-scale disaster when normal 
communication infrastructure is destroyed. This paper describes the results of these tests. 

TEST OBJECTIVES 

KHI carried out a two-way communication test between the aerostat containing our network-
telemetry equipment package and the ground system. 
Specifically, we wanted to demonstrate and confirm the applicability of the following capabilities. 

 Demonstrate the use of two-way high-capacity wireless IP communication over long 
distances, and investigate available transmission data rates. 

 Confirm the usable data retransmission function: The missing data by lock-off is 
downloaded from an on-board computer by a command from the ground station. 

 Build a long-distance voice communication system by combining an IP Transceiver and 
the Radio Interface Unit which provides a seamless interface between radios and 
telephones using Voice over IP Technology. 

 Verify the usefulness of a tethered aerostat as a communications relay platform. 

TEST SETUP 

IP Transceiver 

The IP Transceiver (Teletronics Technology Corporation’s nXCVR-2130A) was a key 
component of this test; it automatically switches the subcarrier modulation according to the 
received signal level and the packet error rate. The correlation of modulation, received signal 
strength and data rate is shown in Table 1. When the packet error rate is greater than 3%, the IP 
Transceiver switches to the next-step of lower modulation. 

Table 1 : Modulation, Received Signal Strength and Data rate 

Modulation Code rate Received Signal Strength (RSS)
[dBm] 

Data rate 
Specification*1 Actual*1

16QAM 3/4  RSS ≥ -69 24.9 Mbps 20.3 Mbps 
1/2 -69 > RSS ≥ -71 16.6 Mbps 13.9 Mbps 

QPSK 3/4 -71 > RSS ≥ -77 12.4 Mbps 10.5 Mbps 
1/2 -77 > RSS ≥ -79 8.3 Mbps 6.8 Mbps 

BPSK 
3/4 -79 > RSS ≥ -81 6.2 Mbps 4.7 Mbps 
1/2   -81 > RSS 4.2 Mbps 3.2 Mbps 

*1 TDMA setting is as follow. 
  Air to Ground : Ground to Air = 4 : 1 
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Tethered Aerostat 

The aerostat can be easily tethered and has no vibration such as the fixed-wing aircraft and 
rotorcraft. Therefore, the aerostat, when equipped with various communication units, is suitable 
as a platform for communications relay and disaster area monitoring in the area of a large-scale 
disaster. The details of the tethered aerostat are shown in Figure 1 and Table 2. 

Figure 1 : The appearance of the tethered aerostat 

Table 2 : The specification of the tethered aerostat 
Fuselage length 10 m 

Volume 50 m3

Altitude 200 m max. 
Note The power can be supplied from the ground by a cable.

Two-Way High-Capacity Communication Test and Data Backfill Test 

The system configuration of these tests is shown in Figure 2. The ground station is a very simple 
configuration. 

The details of data transmitted from the aerostat to the ground station are shown in Table 3. The 
total data rate of the video encoder and the DAU is 6 Mbps. The data rate downloaded from the 
data recorder is automatically adjusted according to the available communication capacity. If the 
recorder can be downloaded at 4 Mbps, then the total data rate is 10 Mbps (the sum of 4 Mbps 
and 6 Mbps that stream from other sources on the aerostat). 

Table 3 : The details of data transmitted from the aerostat to the ground station 
Data Source Data rate Notes 

Video Encoder 4.5 Mbps  
DAU 1.5 Mbps  

Data Recorder Variable Download of the recorded data 
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The test location and test setup are shown in Figure 3. The location was selected based on the 
visibility between the aerostat and the ground station. Straight-line distance from the aerostat to 
the ground station was approximately 34 km, and the ground station was at an elevation of 
approximately 60 meters. 

The procedures for the data backfill tests are shown below: 
(1) By changing the direction of the ground station antenna, we simulate a radio wave 

interruption for a period of time 
(2) Turning the antenna back in the direction of the aerostat, we reestablish the radio link 
(3) Sending the lock-off data retransmission request from the ground station 
(4) Retransmitting the lock-off data from the aerostat 

Figure 2 : System Configuration 
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Figure 3 : Test Location and Test Setup

Blade Antenna

(c) Ground Station

(b) Aerostat

Tethered Aerostat
(latitude, longitude = N42.5017, E143.4468)

Ground Station
(latitude, longitude = N42.7328, E143.7161)

(a) Test Location

©2014 Google, ZENRIN

©2014 Google, ZENRIN 



6 

Voice Communication Test 

KHI built a long-distance voice communication system by combining IP Transceivers and the 
Radio Interface Unit, which provides a seamless interface between radios and telephones, using 
Voice over IP Technology. The system configuration of this test is shown in Figure 4. We can 
speak on different frequencies between radios using the Radio Interface Unit equipped on the 
aerostat. In addition, the voice communication between the IP phone and radios is possible 
through the IP Transceivers. Thus, our system allows for the voice communication of up to three 
people. Test setup is shown in Figure 5. 

Figure 4 : Voice Communication Test Configuration 
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Radio 
Interface

Unit 

Network 
Camera 

N
et

w
or

k 
Sw

itc
h 

Handheld
Radio 1 

GPS Antenna

Blade Antenna
Airborne system
Ground system

Handheld
Radio 2 

Handheld
Radio 1' 

Handheld
Radio 2'

N
et

w
or

k 
Sw

itc
h 

Laptop
PC

Operator
Control 

Unit

Operator
Interface 

Unit 

Headset

IP Phone

GPS Antenna

Parabola Antenna

Speaker

 IP Transceiver

 IP Transceiver

Handheld
Radio 1

IP Phone 

Handheld
Radio 2



7 

TEST RESULTS 

Two-Way High-Capacity Communication Test 

The measurement results of Bit Rate, Received Signal Strength (RSS) and Link Quality are 
shown in Figure 6. Although the original plan was to raise the aerostat up to 200m, our altitude 
was limited to 120m due to strong winds and dense fog. However, we were able to achieve a 
maximum bit rate of 20 Mbps and the average bit rate was approximately 10 Mbps. Ensuring 
visibility by stabilizing the aerostat, or raising the height of the aerostat, it is considered that 
stable 20Mbps communication is possible.  

Figure 6 : The measurement results of Bit Rate, Received Signal Strength and Link Quality
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The expected values in this test setup of the received signal strength and the bit rate are shown in 
Table 4. 

Table 4 : Computed value of Received signal strength (RSS) and Bit rate 

Tx Power Distance Measured value Computed value
RSS Bit rate RSS Bit rate Modulation

20 W 
(Average) 34 km 

Average*

-72 dBm 
Max. 

-66 dBm 

Average*

9.6 Mbps 
Max. 

20.5 Mbps 

-66.2 dBm 24.9 Mbps 16QAM3/4

* Average value from 0 to 4.5 minutes. 

When the distance is 34 km, the RSS is calculated to be -66.2 dBm. This is a sufficient RSS for 
receiving data using 16QAM 3/4, which is limited to being active a power level greater than 69 
dBm. The average measured RSS value was -72 dBm, but the measured maximum value is 
equivalent to the computed value. These results are sufficient to convince us that we can reliably 
communicate at 20 Mbps with a distance of 34 km. 

Data Backfill Test 

KHI could accurately retransmit the data of the radio communication link interruption interval. 
The configuration setup of the data retransmit testing is shown in Figure 7. The left side is 
showing data lost and the right side is showing data retransmit. The measurement data rate is 
shown in Figure 8. When the radio link was interrupted, a temporary data drop occurred. After 
recovery of the radio link, the data retransmission request was sent to the aerostat from the 
ground station. As a result of the data retransmission, it was confirmed that the data rate was 
increased temporarily to downlink the lost packets and the lost data was displayed at the ground 
station. 

Figure 7 : The situation of lock-off data retransmit test 

Before retransmit After retransmit 

Specify the lock-of range. We were able to view lock off data.
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Figure 8 : The measurement data rate 

Voice Communication Test 
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CONSIDERATION 
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Figure 10 : Operational Guidelines of IP Transceiver 
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ABSTRACT 
 

The calibration processes consume a big quantity of resources: equipment and people, time 
and cost. As the number of calibration points increase the resources increase in the same 
extent. 
 
This automatic tool, aimed to reduce these resources, has been designed for commanding, 
managing and analyzing in real time a large number of acquired data points coming from the 
specimen under calibration and the standards used in the calibration process, applying at the 
same time the metrological algorithms which validate the calibration point. Its greatest 
achievement is the implementation of the rules for accepting or discarding the data point and 
the level of automation of the process. 
 
In the last flight test campaign its usage has been crucial for providing on time the data with 
the high accuracy required. It was achieved the commissioning of almost 200 temperature 
parameters in a short period of time taking advantage of equipment which nominal accuracy 
was not high enough for their direct application. 
 
 

Keywords: Calibration, Optimization, Flight Test 

 

 

1. INTRODUCTION 

 

In the last years the number of parameters extracted from digital sources in flight tests has 
increased significantly becoming a high percentage of the total parameter in the aircraft. In 
general, the effort necessary for implementing one of these digital parameters is considerably 
less than that for the equivalent analogue one, even more when this analogue parameter 
requires a dedicated particular calibration. In some cases the digital parameters have replaced 
the ones that used to be installed when digital world was not so widely implemented but not 
always, especially when the platform does not incorporates a big quantity of digital sources or 
when the test requires special characteristics of the parameter such as high sampling rate or 
fine accuracy. 
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Several scenarios can be present in the implementation and commissioning of these types of 
parameters: calibration of the sensor and the acquisition card, the calibration of the acquisition 
card only or the direct calibration of the whole measurement chain. These scenarios 
summarize the 99 per cent of the cases. Always the acquisition card has to be calibrated and 
not only as an acceptance procedure but as a calibration process. So, in this context, this paper 
will focus on the tool developed in Airbus Defence and Space FTI department for doing 
automatically analogue acquisition card calibrations. 

 

As required by the calibration processes, it must be performed following the stated 
metrological standards. In our case, in addition to the procedures stablished by the company 
[2], [3] it is followed the criteria marked in the GUM [1], used by accredited International 
Laboratories of Metrology (e.g. BIPM, CEM, PTB, NIST….). 

 
 

2. JUSTIFICATION OF THE METHOD 
 

Let us start introducing the instrumentation systems used for flight tests, in particular when 
analogue parameters are acquired. The system core is the data acquisition system (DAS), 
composed of cards that condition and acquire the signal coming from the sensors. The DAS 
outputs the data through Ethernet, packeted complying with IENA protocol. The data are 
available in the network for recording, monitoring, analysing and transmitting if necessary. 

 

 
Figure 1: It depicts the instrumentation system; in particular the measurement chain for 
temperature. 

 

When measuring, it is essential to know the reliability of the measure, not only the 
measurement value must be provided but also its uncertainty. The uncertainty of a 
measurement is obtained from the proper composition of the measurement chain element 
uncertainties. The way to compose them is detailed in the GUM [1]. There, it is stated how to 
obtain the measurement uncertainty depending on the information that is available. 
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The uncertainty can be obtained using directly the information given by the manufacturer of 
the elements, which is normally called the nominal values, or calibrating them. Both 
procedures are exactly valid in the same degree but they do not normally give the same 
uncertainty value. 

 

When the uncertainty obtained using the nominal values of the element it is not enough for 
the trial, calibration of the element is required. 

 

Purpose of the calibration: 

� Improve the metrological characteristics of the instrument. 

� Identify and quantify the credibility of the measure. 

� Ensure that the measurement obtained is traceable to the primary pattern. 

� Get a precise relationship between the magnitude of measurement and instrument unit. 
That is, obtaining the BSL: Best Strait Line. 

� Identify the range within which the measure will be found with a probability of 95%, if 
instead of measuring with the test instrument you have measured with the primary 
standard. This range is called “measurement uncertainty” and is represented as U. 

� Get the calibration certificate that gives evidence of the quality measurement and provides 
information that allows limiting the validity of the data obtained in the trial. 

 

In general the calibration is an activity that requires special equipment and expertise. The 
objective seems to be difficult when there are many elements to calibrate and it should be 
done with limited resources and time. However, using the method and tool that is explained 
from now on, we will see that it is possible to comply with the metrological quality criteria 
stated and within the required time. Moreover, as a result of it, it is possible to use acquisition 
cards whose re-adjustment period recommended by the manufacturer has expired, thereby 
optimizing available resources. 

 

 

3. CALIBRATION TOOL 
 

The calibration system necessary to address the task is made of the acquisition system which 
channels are going to be calibrated, a multiplexer that switches channel by channel and the 
control application that commands the actions, analyses the data and makes the decisions 
regarding the validity of the calibration point. 
 

This particular case consists of the calibration of 192 temperature acquisition channels. It will 
be done using a standard temperature simulator which will be connected sequentially to all the 
channels that are going to be calibrated. 
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Figure 2: It shows the configuration of equipment to perform the calibration. 

 

The calibration system is designed to be able to address a high number of RTD conditioning 
channels to the calibration standard device. For doing so it is necessary to integrate into the 
acquisition chain a multiplexer that allows selecting channels automatically. 

The acquisition of the calibration points will be performed in three steps: 

� The conditioner channel is addressed by means of the multiplexer through a RS232 serial 
line. 

� The setpoint of the simulated temperature is set by the RTD standard through a RS232 
serial line. 

� The value read in the channel corresponding to the simulated temperature is put through 
ETHERNET. 

 

Theoretically, we have to acquire sequentially all the necessary setpoints defined for the 
calibration of one channel. When that channel is finished the control would direct the process 
to the following channel and so on up to calibrate all of them. 

 

This ideal process is not so simple or direct. It is necessary to wait for the stabilization of 
both, the setpoint and the measure. The identification of the stabilized moment, of when the 
acquired information is valid, is one of the key points of this method. These validation criteria 
will result in the reduction of the time of selection of setpoints and the channels switching, 
optimizing the calibration. To stablish the validation criteria, the study has focus on the 
evolution of the measure in both ways, the transition between setpoints and the stabilization 
of it. 

 

Validation of setpoint. 

The usual calibration process consists of acquiring a number of samples per setpoint, when 
the standard value in the setpoint is valid, and obtaining from those samples the significant 
parameters of the setpoint; in particular the mean and standard deviation of the setpoint. 
Depending on the quantity of samples acquired for a particular setpoint the values of the 
significant parameters will be more or less reliable. In one hand, acquiring many points will 
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give greater reliability in the measurement, but on the other hand, it will increase the 
calibration time. 

 

As stated before, two of the aims of the calibration are obtaining the calibration coefficients 
(BSL coefficients) and the uncertainty of the measurement. For getting both it is necessary to 
have a number of samples enough for giving reliability to the calculations. The number of 
samples will depend, in one hand on the equipment accuracy and on the other on the number 
of setpoints required. 

 

When changing from a setpoint to the following the acquired samples will be as in figure 3. 
There are two clear zones that will have influence in the measurement result: 
� Zone A: This area represents the transition with overshoot and damping. Samples in this 

area are not valid for the calibration point. There is no certainty of anything here. Neither 
the value of the standard nor the values acquired from the channel could be stable. 

� Zone B: This area represents the stabilized signal, where only the instrument accuracy has 
influence. All is stabilized and the variability corresponds only to the uncertainty. 

 

 
Figure 3: Samples before and after the transition from 0ºC to 10ºC is represented. 

 

Accordingly, to validate the setpoint will be necessary to identify the samples acquired in the 
transition in order to discard them. Once it is identified the stable area, it must be acquired a 
number of samples to calculate the mean and standard deviation needed for the calculations. 
The area "B" represents the instrument accuracy, defined as the ability of the instrument to 
repeat the measurement result when it is applied to it the same amount of magnitude. In 
Figure 4 is shown with more detail the dispersion of measures for 10°C, the zone B in figure 
3. 
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Figure 4: Zone B. The dispersion of measures for 10°C. 

 

 
Figure 5: Zone B Dispersion for 10°C in instrument units given in number of converter of 16 
bits. 

Making a continuous acquisition and representing the probability function of the samples 
acquired it is obtained Figure 6. 

 

 
Figure 6: Probability function of the samples acquired. 

 

Figure 6 shows that the probability function follows a normal distribution, this means that it 
could be used the usual statistical tool. The problem arises with the number of samples 
necessaries, since a small number, may not be representative, while a high number will make 
the calibration slower. The number of samples used in Figure 6 is 106.000, knowing that they 
are acquired to 256 s/s, the validation time could reach 7 minutes. This result forced to seek a 
method to validate the setpoint more efficiently. 

 

For doing so, to calculate the mean and standard deviation of the set point, we will use 100 
samples, filling a shift register of 100 elements, so that all samples will pass from the first 
position to the last, after which it will be discarded. The register is divided into five blocks 
with 20 samples each. Each time a sample is entered and the displacement is performed, the 
mean and standard deviation for each group of 20 samples is calculated. The values are 
passed to a validation module where the data are evaluated, aiming to fulfil the validation 
criteria which identifies and discards transients and states where the measure has not been yet 
stabilized. In the Figure 7 it is shown the block diagram. 
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Figure 7: Shift register and validation criterion. 

 

The validation criterion consists of finding a representative set of samples of a stable measure. 
For it, in the set of selected samples must be guaranteed: 
� The average value should not follow an increasing or decreasing function. 
� In each setpoint, the noise should be uniform. 
 
This criterion allows obtaining a significant set of samples and gives information about 
possible failures in the acquisition channel, such as thermal drifts or interferences that affects 
to the quality of the measure. This information would lead to discard the module. 
 
 

4. CALIBRATION CALCULATIONS 
 
In this application all the channels are calibrated from -200ºC to 540ºC. It will be acquired 22 
setpoints. Two of them correspond to the maximum and minimum range points, the rest of 20 
are distributed uniformly between 90% and 10% of the range. The validation of setpoint is 
performed according to exposed in this article while the information is as followed: 
 
� Best Straight Line (BSL) coefficients: m and b. Obtained according to the following 

expression: 

bmxy +=                                                                                  (1) 
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                                                  (3) 
Where xi and yi are the measured values in the same sample and n is the number of samples. 
 
� Combined uncertainty of measurement (Uc). Calculated following the guidelines in the 

GUM. The expression is composed by the following contributions: 
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Where: U1 is the uncertainty calibration of the standard device from its certificate of 
calibration ucc, corresponding to a normal distribution function or Gauss. 

21
ccu

U =
                                                               (5) 

Where: U2 is the uncertainty from the samples. It is given by the experimental standard 
deviation of the mean, normal distribution function. To estimate the standard deviation of the 
data from a sample, i.e., a set of observations of a particular magnitude taken under the same 
conditions, the experimental standard deviation σ (x) is used. 
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The best estimate of experimental standard deviation, it is the experimental standard deviation 
of the mean: 
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Where: U3 is the uncertainty calculated from the maximum error in absolute value obtained 
from the residues of the Best Straight Line (BSL), treated as a rectangular distribution 
function: 

33

LMaxErrorBS
U =

                                                     (8) 

Where: U4 is the uncertainty due to the quantification error of converter of data acquisition 
system card, treated as a rectangular distribution function: 

( )
3

2
4

/tionErrorQuantizita
U =

                                         (9) 

� Expanded Uncertainty U. Is the result of multiply the combined uncertainty by a coverage 
factor K. 

( )yUKU c×±=                                                          (10) 

For a coverage factor K = 2 the probability of containing the true value is 95%. 

UYTrueValueUY +≤≤−                                            (11) 

Where Y is the measured value. 
 

5. CONCLUSION 
 
For those trials where the digital sources do not provide the parameters with the 
characteristics that the tests require, for those where the number of analogue parameters is 
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very high and the resources for coping with their commissioning are limited, it is compulsory 
to find solutions that give the possibility of having available the results in a short of period of 
time, keeping the balancing between "Quality - Time - Cost". 
 
Taking into account that increasing the resources, would increase the cost exponentially, it is 
necessary to reduce the calibration time used, the data acquisition and analysis as well as in 
documentation generation. 
 
The automation of the calibration is mandatory, but not enough; we have to include validation 
criteria that allow having a significant number of samples, with a low acquisition time. In this 
particular case, this criterion is applied to 192 conditioning and measurement channels of 
RTD’s PT100 temperature sensors. The comparative time is: 
� Manual calibration: 150 hours 
� Automatic calibration: 80 hours 
� Automatic calibration with validation algorithms: 45 minutes. 
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ABSTRACT 

 

The initial efforts that resulted in the migration of range application traffic to an IP infrastructure largely 

focused on the challenge of obtaining reliable transport for range application streams including telemetry 

and digital video via IP packet-based network technology [2] [9] [10].  With the emergence of 

architectural elements that support robust Quality of Service, multicast routing, and redundant operation, 

these problems have largely been resolved, and a large number of ranges are now successfully utilizing 

IP-based network topology to implement their backbone transport infrastructure. 

The attention now turns to the need to provide supplemental features that provide enhanced functionality 

in addition to raw stream transport.  These features include: 

 Stream monitoring and native test capability, usually called Service Assurance 

 Extended support for Ancillary Data / Metadata  

 Archive and Media Asset Management integration into the workflow 

 Temporal alignment of application streams  

This paper will describe a number of methods to implement these features utilizing an approach that 

leverages the features offered by IP-based technology, emphasizes the use of standards-based COTS 

implementations, and supports interworking between features.   

 

KEYWORDS 

Telemetry Over IP (TMoIP ), IP networking, Service Assurance, real-time monitoring, system 

integration, time-stamping, metadata, KLV, workflow 

INTRODUCTION 

To guide the following discussion two supporting models will be considered:  the Range Architecture and 

Range Workflow.   The Range Architecture identifies the functional elements that constitute the range 

information network, and includes stream sources, source encoding functions, stream transport and user 

applications.  The Range Workflow describes the processes that are utilized by range personnel in the 

execution of missions.   

 

The guidelines and procedures described in this paper are presented in the context of the current state of 

the art and workflows currently in place on test ranges.  These techniques will draw upon experience in 

deployment of IP networks to carry time-sensitive traffic such as compressed digital video and telemetry 

streams, and are based on knowledge gained working with range personnel in the deployment of 
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telemetry, video and associated metadata.   Where possible, the recommended solutions will utilize 

standards-based, COTS (Commercial Off The Shelf) implementations which will enable the implementer 

to deploy multivendor solutions, decreasing product lifecycle and vendor risk. 

 

 

RANGE ARCHITECTURE 
 

The range architectural model has been discussed in previous work [1] and will be presented here as a 

reference to guide further discussion.   The Range Architecture detailed in Figure 1 describes the 

functional blocks that support workflows frequently encountered in ranges that enable the acquisition, 

transport, management and dissemination of real-time information streams.   
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Figure 1 – Range Architecture 

 
The major feature of the range architecture is that all sources are encoded to IP packets, and transported 

through the network as IP multicast streams.  This method has the benefit of making all streams available 

anywhere in the network by utilizing the IGMP (Internet Group Management Protocol) to enable the 

reception of the stream at the desired endpoint. 

 

In addition to the transport capabilities provided, additional utility can be obtained by exploiting 

standards-based features associated with IP networks to provide advanced monitoring, management and 
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ancillary stream capabilities.  The following sections detail proposed implementation schemes to support 

these goals.  

 

RANGE WORKFLOW 
 

The Range Workflow as detailed in Figure 2 below is divided into areas that define the three phases in 

mission operation:  Pre-Mission, Mission and Post Mission. 
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Figure 2 – Range Workflow 

 

The Pre-Mission phase includes the tasks to prepare the range and end equipment for the mission and 

includes the following elements: 

 Configuration – Profile generation and download.   Decreasing the amount of time to configure 

range test equipment decreases configuration time, and automating this process reduces 

configuration errors, increasing efficiency. 

 Test / Verification of range assets to ensure all test sources and transport are functional.  This task 

imposes a requirement to quickly and accurately observe and verify operational readiness. 

The Mission phase includes the actual activities that are executed during the mission and includes the 

following items: 

 Real-time performance – The ability to monitor performance in real time enables rapid fault 

detection and resolution. 
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 Fault Isolation to enable the rapid identification of fault location.  This is an important 

requirement to decrease mission downtime during fault events.  

 Profile capture to enable the archiving and downloading to range equipment in subsequent 

missions 

 Storage of mission streams for archival, review and editing 

The Post Mission phase includes follow-up tasks that support the capture, evaluation, and distribution of 

mission data and includes the following efforts: 

 Review – The review activities require the generation of detailed information of the Mission, 

including equipment logs, Alarms and Events and logs of operator activities. 

 Editing and content preparation of mission data to create review packages.  This creates a 

requirement to assemble multiple streams that are time-correlated to provide a synchronized 

stream set. 

 Archive generation and generation of asset data to allow rapid retrieval of mission data.  This 

drives a requirement to quickly search the stored data to access the required stream data, via a 

well-organized media asset management (MAM) system. 

From the Range Architecture discussion it is apparent that range operational efficiencies can be 

increased by continuous adoption of a set of standard tools, processes and protocols that enable 

the interworking of the application streams.   The Range Workflow discussion has identified a 

number of requirements to enhance the operational efficiency of mission performance.  The 

following sections provide proposed solutions to these requirements. 

 

SERVICE ASSURANCE 
 

Service Assurance (SA) uses tools and mechanisms to ensure the successful transport of application 

traffic over a network.  The desired result of SA is to provide visibility of performance at all points in the 

network. 

 

The benefits of the SA activities are: 

 Provide enhanced monitoring and test capabilities at the system level. 

 Decrease time to verify equipment readiness pre-mission. 

 Simplify fault isolation, decreasing downtime. 

 Provide visibility of correct functionality for each application stream type. 

 Flag errors as soon as possible to accelerate troubleshooting. 

In adapting SA strategies to the Range models, the user requires access to parameters and metrics that 

characterize the health of each information stream.  In the optimal situation, the stream provides native 

parameters that can be used to monitor the health of the stream.  For example, telecom streams such as 

DS3 provide embedded error detection bits (C bits, P bits) that enable the user to detect stream errors.  In 

these cases, the SA implementation is straightforward, and consists of the deployment of test equipment 

that can detect this information and provide the performance monitoring capabilities that will enable the 

user to monitor the state of the information stream. 

 

Unfortunately, Range Architecture application streams such as Telemetry and digital video do not 

natively support error detection at the stream level.  However, this capability is available at the Transport 
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level, via a set of applications supported by IP switch vendors that support the monitoring of network 

equipment.  The two dominant implementations are: 

 S-Flow – or “Sampled Flow” is an industry standard [11] for monitoring packets and provides 

packet statistics that indicate the health of the network. 

 NetFlow – is a Cisco and IETF [12] standard that supports packet sampling and supports 

monitoring of IP traffic flows. 

Flow monitoring support differs from vendor to vendor, so the range operator must identify which 

scheme is supported by the Transport equipment when deploying this function.  

 

The implementation of the SA strategy for the IP/Transport consists of: 

 Identify the supported flow monitoring scheme. 

 Match flow monitoring scheme with the Management entity, (Management Portal) to enable the 

acquisition of flow statistics to monitor the state of the Transport Infrastructure. 

 Implementation of feature set in Management Portal to present relevant performance metrics to 

operator. 

As was noted earlier, there are cases where the application stream does not natively support error 

detection and the health of the stream cannot be measured.  In the Range Architecture, the Telemetry 

stream is one example.  In this case an alternative method must be devised to implement the SA strategy.  

The proposed approach is to deploy a test stream that is co-located at the Telemetry source, is verified at 

the Telemetry destination point, and that travels the same path through the transport infrastructure as the 

Telemetry stream.  The test stream serves as a reference stream that represents the health of the Telemetry 

stream.  

 

The implementation of the SA strategy for Telemetry streams consists of: 

 Test stream source.  This can be implemented as a separate test set, or it can be implemented as a 

feature integrated into the vendor Telemetry Interface Unit.  Selection of a Telemetry Interface 

Unit with built-in BERT capability simplifies this task. 

 Test stream test set, for verification which can be built-I to the Telemetry Interface Unit, as 

supported by the vendor. 

 Provision test stream path to be co-incident with the Telemetry stream path. 

This approach allows the detection and isolation of faults in the network path, but also provides a 

methodology to characterize the network transport system to provide advanced metrics such as latency 

and delay variation, as supported by the test stream equipment.  Finally, this approach can be utilized to 

provide a real-time indication of the state of the Transport element, allowing the range operator to quickly 

identify a failure and isolate the error location. 

 

The final case to consider in the implementation of an SA strategy is compressed video streams.  One 

approach to monitor the video is to simply decode the video and view the video for observable artifacts.   

This is not the optimal approach for a number of reasons: 

 Video encoding schemes implement error concealment that masks streams errors, making them 

difficult to detect. 

 Errors in the stream not visually apparent, such as metadata will not be detected. 

 Visual observation induces viewer fatigue, making detection difficult over extended periods of 

time. 
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Compressed video streams do not have native error detection built into the stream itself, but there is 

information contained in the protocol layers of the video stream that can be obtained, given the choice of 

coding methodology.  If the video is encoded as a Transport Stream (TS), the stream contains a direct 

indicator and a number of indirect indicators that can be utilized in the Video SA strategy. 

 

The Video TS is a packetized stream that is built as a multiplex of a number of separate information 

streams, called programs.  A program can be a video stream, an audio stream, or an ancillary data stream 

that carries program information, metadata, or timing information.  The presence and bandwidth of each 

of the separate programs can be monitored to determine the health of the stream.  Additionally, each of 

the TS packets is numbered; this counter (Continuity Counter) can be observed to detect dropped TS 

packets. 

 

The implementation of the SA strategy for Video streams consists of: 

 Encode video streams as Transport Streams 

 Deploy Video Test Set with capability to monitor Transport Stream 

 Monitor Video steam for dropped packets via Continuity Counter in TS 

 Monitor Bandwidth of individual programs to detect loss of program and changes in bandwidth 

Figure 3 below details the various methods by which the SA strategy can be executed. 
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Figure 3 – Service Assurance 
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The SA strategy can be enhanced by the use of additional metrics that are more subtle than normal 

metrics, but are often more indicative of the health of the information streams. 

 

Latency provides information about the state of the transport, and in normal operation should remain 

relatively static.  Changes in latency are typically indicative in changes in the transport infrastructure, 

such as alternate routes. 

 

Delay variation also indicates the state of the transport, but has important impact on streams that use 

adaptive clock recovery mechanism, as delay variation will cause wander in the recovered clock. 

 

The use of the SA strategies supports the Range Workflow by providing the following functions: 

 Enables the operator to characterize the state of the network and attached end equipment during 

Pre-Mission to verify operational readiness. 

 Enables the operator to monitor the health of the range equipment in real-time during the Mission 

to quickly identify faults. 

 Assists the operator to quickly isolate faults during the Mission to recover and resume the mission 

in a timely fashion. 

 Facilitates the gathering of operational statistics to optimize network performance in future 

missions. 

 

CONVERGENCE 
 

Convergence refers to the methods where multiple services are combined over a common 

communications, management and operational infrastructure.  As more services are integrated into a 

common infrastructure, operations and maintenance functions are made more efficient.  Going forward, 

the aim is to continue the convergence activities to add additional stream types, eliminate overlay 

networks, and take advantage of operational improvements offered via integration of ancillary streams 

such as KLV and metadata. 

 

This paper will focus on a single topic for convergence:  the integration of KLV and associated metadata 

into the range workflow.  KLV is a particularly important component in range workflow for the following 

reasons: 

 Inherent timestamp enables real time stream display and alignment of streams. 

 Enables real time overlay of information onto video assets. 

 Facilitates real time latency calculation via embedded timestamp information. 

 Can be accessed by third party applications such as Media Asset Manager. 

 Allows real-time validation of live mission sources (avoid frozen video). 

 Insert information into range assets to enable cataloging via media asset management functions. 

 Ingest of dynamic information such as coordinates, azimuth and elevation for annotation. 

 

A number of standards are currently in place that define the methods to ingest metadata and timestamp 

information [3] [4] [5] [6].  The enabling technologies for the KLV/ metadata functions are: 

 Standards-capable ingest and timestamp [3] [4] [5] [6] 

 End equipment that supports the ingest of metadata. 

 Equipment that generates metadata streams for ingest. 



 

  

8 

 

 Media Asset Management applications that support the acquisition of metadata in application 

streams for the generation of stream catalog information. 

 Video decode implementations to overlay KLM / Metadata onto live video. 

The features provided by the Convergence activities support the Range Workflow by providing the 

following functions: 

 

 Measure latency between range endpoints to support Pre-Mission operational readiness 

assessment. 

 Metadata overlay capability enables monitoring during the Mission to verify correct video 

sources are in place 

 Ability to ingest metadata information in real-time to Media Asset Management system allows 

efficient access to stored streams immediately upon the conclusion of the mission to support Post-

Mission activities 

 

WORKFLOW SUPPORT 
 

The final item to be discussed is the integration of features that enhance the workflow for the range 

operator.  With the migration of range assets to an IP infrastructure comes the potential to increase 

efficiency of range operations by providing the tools and processes to enhance the workflow.  While some 

of this features require further development on the part of vendors to be fully realized, the concepts will 

be presented with the intention to elicit further conversation between the vendor and user community to 

accelerate their availability. 

 

The capability to insert timestamp information into range streams adds the potential to synchronize 

streams from different sources and produce synchronized streams with the following benefits: 

 Merge Video and Audio content, based upon timestamp contained in metadata 

 Synchronous play-out of stored streams 

 Merge metadata and source encoded streams on a common infrastructure 

The enabling technology for stream synchronization is the capability to insert timestamps into 

information streams [7] [8] and the products that can access the timestamps and align the streams 

according to the embedded timestamps.  Products are currently coming onto the market that enable this 

function, and it is anticipated that these products will become readily available in the near future.  A key 

undertaking is to continue the dissemination of key standards and work with vendors to produce 

standards-compliant implementations. 

 

The need for increased operational efficiency is driven by the requirement to support as many missions as 

possible.  A key capability added by the migration to an IP infrastructure is the management capabilities 

provided by the SNMP (Simple Network Management Protocol) to provide a common platform for the 

configuration and management of range assets.  One method to increase efficiency is to enable the rapid 

configuration of range assets to support mission preparation.  The recommended method is the capability 

to build, maintain and retrieve mission profiles.  A mission profile contains the configuration information 

for all of the required assets.  Utilization of mission profiles provides the following benefits: 

 

 Decrease Pre-mission configuration time. 

 Reduce configuration errors 
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Additional efficiencies can be gained with mission logging.  Mission Logging provides the methodology 

to obtain and archive the events and alarms in the range equipment.  Additionally, configuration changes 

can be tracked in real-time during the mission for post-mission review. 

 

The key enabler for mission profile and mission logging is the presence of equipment that supports the 

SNMP protocol for common configuration and monitoring. 

 

The features provided by the Range Workflow activities support the Range Workflow by providing the 

following functions: 

 

 Provide time-aligned streams during the Mission and Post-Mission phases. 

 Enable merging of streams to support Post-Mission preparation of take-away packages. 

 Provide mechanism to efficiently configure equipment prior to the mission. 

 Provide information in the form of mission logs for review during Post-Mission activities. 

 

 

CONCLUSION 
 

The processes outlined in this paper are intended to take advantage of features that have been made 

available by the transition of range networks to an IP-infrastructure.   These features are enabled by the 

extensive work done by the vendor community in the implementation of management and service 

assurance methods and policies for IP networks.  The strategies detailed in the paper are intended to 

improve the workflow on the ranges to make mission execution more efficient, and minimize the 

occurrence and impact of network faults on range operation. 
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1.1 Abstract 

This presentation summarizes the current draft of the Minimum Operational Performance 
Standards (MOPS) generated by the Radio Technical Commission for Aeronautics (RTCA). 
It will be referenced by the FAA in its Technical Standard Order (TSO) to allow Unmanned 
Aircraft (UA) to fly in the US National Airspace (NAS).  
The TSO permits vendors to certify that their product meets the UA Systems (UAS) Control 
and Non-Payload Communication (CNPC) link standard, and if appropriate, the Detect And 
Avoid (DAA) standard. A TSO certified unit will simplify the certification process.  
This presentation deals with the CNPC link only.  
 

1.2 Introduction and History 
The RTCA organization has supported the FAA for many years in developing DO-xxx type 
documents.  From 2006-2012 the RTCA Special Committee (SC)-203 worked with the FAA 
to develop the standard to support UA flights within the NAS, including small UAS 
(sUAS).[1]  Using this initial work the (SC)-203 made a presentation to the International 
Telecommunications Union (ITU) for a spectrum allocation.   
The ITU, at its 2009 meeting, agreed that a protected spectrum for CNPC needed to be 
allocated; see report ITU-R M.2171. Subsequently an allocation in L and C bands were 
sanctioned viz: 

• L band 960 to 1164 MHz 

• C band 5030 – 5091 MHz 
Because the original scope was too broad, (SC)-203 was disbanded and its effort was not 
completed. In 2013 the RTCA stood up (SC)-228 with a narrower scope however building on 
the material developed under (SC)-203 and ITU-R M.2171; namely to develop the MOPS 
needed for non sUAS:  
      a) UAS DAA system [focus of Working Group (WG) 1]  

b) UAS CNPC link (focus of WG 2). 
                                                      
[1] The limits placed on small UAS (drone systems) were initially described in the FAA’s notice of proposed 
rulemaking (see the Federal Register, Volume 80; No.35; February 23, 2015) to add a new part 107 to Title 14 Code 
of Federal Regulations (14 CFR). This addition would “allow for routine civil operation of small UAS in the NAS 
and to provide safety rules for those operations”. 



Phase 1 of the MOPS being developed by (SC)-228, supports UA flights in the radio Line Of 
Sight (LOS) terrestrial environment.  Phase 2 will cover non-LOS CNPC links. The CNPC 
link components and interfaces are shown within the rectangle in Figure 1. 
The CNPC link is one of several potential data links between any UA and the ground.  An 
example of a non-CNPC link would be mission payload data.  These links do not contain 
safety-of-flight information, and are outside the scope of this presentation. 
The CNPC link carries all the data associated with controlling the safe flight of a UA 
including pilot to Air Traffic Control (ATC) audio communication.   
 

 

 
Figure 1 CNPC link major components 

To confirm the authority of the MOPS, there will be a thorough validation process utilizing 
simulations and flight tests using CNPC link prototype airborne and ground radios and 
antennas.  The MOPS will also include verification methods that can be used by radio 
designers to show compliance of their proposed radio and antenna designs with the MOPS. 

 The remainder of the presentation will give a brief overview of: 

• Operational applications where the CNPC link could be used. 
• Specific examples of UA operations. 
• Needed information transfers.  
• Translating UA operational scenarios into needed CNPC link features.  
• System overview. 
• Intended function. 
• Anticipated future growth of these CNPC link MOPS. 
• Annotations and acknowledgements. 



 
 

1.3 Operational Applications 
This section reviews the operational aspects for UAS.  

Overview of the Extent of UA Operational Scenarios   
The MOPS developers recognize that there are many possible flight profiles that could be 
flown by UAs within or among the seven airspace classes defined by the FAA.  To help 
explain the challenges in developing the CNPC link MOPS, three example UA flight paths 
within the airspace classes are shown in Figure 2.   

 
Figure 2  U.S. Airspace Classes with 3 examples of UA flight paths superimposed 

 
The sizes of the UAs, their flight performance, and their avionics and sensor features vary 
from simple to very complex.  It is expected that a UA capable of flying within more 
congested airspace classes would be required to carry additional navigation and 
communication systems. The Ground Control Station (GCS) used by these UA pilots will be 
more complex than, for example a GCS designed for a UA flying within class G airspace.   
There are nearly an infinite number of possible flight paths and associated types and amounts 
of information that may need to be sent to/from the pilot to promote safe flights. 
There are also many different sizes of UAs coupled with a varying set of complexity of 
systems/sensors within the UAs and  in GCS.  
The MOPS is structured to identify standards that would be common to nearly all of the wide 
varieties of operational flights and types of UAs. When such commonality cannot be found 
ranges of radio design characteristics that would support selected CNPC link features will be 
defined in the MOPS.   



The current MOPS support flight operations similar to those shown in the dotted and dashed 
lines shown in Figure 2. This is defined as a point-to-point communication link.   
The MOPS will be expanded to address flights where multiple UAs need to communicate 
with multiple ground terminals as they fly over extended ranges; i.e., flights similar to that 
shown by the solid line within Figure 2.   
The MOPS describes the design characteristics for a set of equipment that multiple 
manufacturers could build and field.  Those systems would be compatible in that they would 
not interfere with one another; but would not necessarily be interoperable.   
In some scenarios, ground CNPC radio systems communicating with multiple UAs (whose 
CNPC airborne radios are manufactured by different companies) would need to have some 
degree of interoperability.  At this time, there is insufficient data to specify the standards 
needed to achieve such interoperability. 
 

1.4 Specific Examples of UA Operations 
The flight profiles within the following four figures (Figure 3 through Figure 6) depict 
probable scenarios.  The first two figures show examples of a flight path only within class G 
airspace.  The other two are examples of flight paths classes G and E and classes A, E, C, 
and D from Figure 2.   
Figure 3 shows a scenario that would be a near term practical use of a UA flying in 
relatively remote areas, yet beyond the current proposed sUAS regulations.  The UA is 
flying beyond the visual line of sight of the pilot but not within range of ATC radars.  The 
CNPC link operational requirements include establishing a relay connection(s) that is within 
radio line-of-sight of the UA.   

 
Figure 3 UA following a pipe line in mountains 

Another potential operational scenario for sUAS operating outside of the current FAA sUAS 
regulations is shown in Figure 4; this shows multiple UAs flying in the same area 
conducting a package delivery or perhaps a video over-watch; all within an urban area.  The 
key additional operational requirements for the CNPC link, beyond that of the above 
example, are to safely handle signals coming to/from multiple UAs, the possible utilization 
of multiple third parties operating the ground terminal systems, and ensuring continuity of 



information transfers when transitioning between multiple CNPC link ground terminal 
system sites.   

 
Figure 4 sUAs conducting operations in an urban environment 

For flights within class E airspace, (see Figure 5) the CNPC link operational requirement is 
to ensure the link can carry additional information transfers. This is needed to support safe 
operation when flying in the class E airspace where many other aircraft are operating; some 
of those are flying under Visual Flight Rules (VFR) and others, under Instrument Flight 
Rules IFR.  If there were just one UA flying near a ground terminal at any given period of 
time, then these MOPS would support this scenario.  If there is more than one, then the 
manufacturer would need to develop their own solution (e.g. expanded standards) to address 
that scenario. 

 
Figure 5 UAs flying in class G & E airspace 

The most complex operational scenario is when UAs are flying in class C and D airspace 
and en-route through classes A and E airspace (see Figure 6).  The key additional CNPC 
link operational requirement is to ensure the link can carry any additional information 
transfers needed to support safe operation when flying in the class A airspace and  when 
communicating with approach/departure control and airport towers/ground control when 



within class C or D airspace.  Since the MOPS does not explicitly support multiple UAs 
communication with one ground terminal, manufacturers would need to develop their own 
solutions to support this scenario. 

 

 
Figure 6 UAs flying in class A, E, C & D airspace matching those of most 

commercial airlines 

 
1.5 Needed Information Transfers Specific Examples of UA Operations 

With the wide range of flight scenarios, there is also a wide range of information transfers 
that would be needed during specific phases of the flight.  During taxiing, take-off and 
landing the pilot would need to be in close contact with the tower, departure and approach 
controls.  During taxi, take-off and landing, they may also need video from the UA’s video 
camera(s) to keep the UA moving safely along the designated route.  This video data sent 
via the CNPC link will need to be updated often, and need greater bandwidth as it is being 
sent. However video transmission may not be required throughout flight.  
During normal flight, the pilot may need only periodic updates that all is “normal”.  As 
such, relatively little data would need to be sent (low bandwidth need), the update rate 
would be low, but would need to occur on a regular basis.  During normal flights it is to be 
expected that the pilot would change some of the preset flight path guidance uploaded to the 
UA prior to take-off, e.g. changing waypoints or altitudes to be flown.  In this case, there 
would be an increase in the uplinked data to the UA.  The data transmitted would be greater 
than during normal flight; the data would need to be updated often to confirm receipt and 
ensure the UA follows the new guidance.  
However during flights in adverse weather conditions, flights near other aircraft (when 
DAA actions may be required) or emergency situations, the amount of data to be sent from 
the UA would increase. Video and or weather data may be required to be sent to the pilot, 
and corresponding commands from the pilot to the UA. As such, a greater bandwidth would 
be needed, but this would not normally occur often during a flight. 



A summary of these information transfers is displayed in Figure 7 

 

Figure 7 Relative Information Transfers that could be needed during UA flights 
in the NAS 

 
1.6 Translating UA Operational Scenarios into Needed CNPC link Features  

Once the operational requirements and the types of information transfers are determined, the 
next step is to define the features of the CNPC link so it can support such operations.   
Note: only general descriptions of the key features are identified, the details of these and the 
specific design characteristics requirements will be in the final MOPS.  The required 
features are: 

 Support transfers of flight control information to/from pilot and UA, e.g., 
actual pilot control and monitoring of the UA’s flight. 

 Support for information transfers for such features as  
 UA location/navigation information, e.g., GPS, VOR, DME. 
 Detect And Avoid. 
 Voice and data communications with airport towers, arrival and departure 

control, ATC, ATC radars, etc. 
 Video images during taxiing, take-off, landing, and emergencies. 
 Weather information, e.g. data from a weather radar on the UA. 
 Status information of key systems on the UA (to include the CNPC Link 

airborne radio) and confirmation of changes to those systems.  
 Data from selected back-up/redundant systems on the UA. 
 A pilot is in Command (PIC). A Pilot is in the loop at all times. No 

autonomous flight allowed. 



 UA flights follow IFR requirements (FAA mandated if a flight is within 
the NAS). The CNPC link supports the needed information transfers for 
compliance. 

In addition to the above, there are several features based on current FAA needs and 
regulations:  

• The CNPC link airborne antenna(s) support effective propagation to CNPC 
ground radios during all possible UA maneuvers.  

• The CNPC airborne radio does not cause interference with other electronic 
systems on the UA (of particular concern is possible interference with 
transponders), in the area where the CNPC link ground terminal is located, or 
around other systems within the “radio horizon” of the CNPC link airborne 
antenna. 

• Spectrum utilization needs to be both efficient and effective so it can eventually 
support a large number of UAs operating in the same area simultaneously. 

• Sufficient spectrum is required to support any needed CNPC link redundancy to 
ensure the needed information transfers reach a satisfactory performance and 
safety level.   

• The signal modulation selected must support changes in the bandwidth needed 
during normal UA flights, during emergency situations and when multiple UAs 
are flying in the same general area.   

• The information sent over the CNPC link will be encrypted and authenticated to 
provide resistance to potential interference. 

The current MOPS does not explicitly require the features italicized above; they may be 
addressed in a future development effort (Phase 1A MOPS). 
 

1.7 System Overview 
For successful UAS operations in the NAS, there are many systems beyond the scope of the 
CNPC link MOPS. A typical representation of these systems and the interfaces between 
those systems is illustrated in Figure 8. The key elements of the CNPC link are shown in 
solid lines and squares; systems outside the link are represented by dashed lines and squares.   

Basic System  
Within Figure 8, the systems outside the CNPC link MOPS include: 
On the ground side: 

• A distribution system to connect to and from the ground side of the CNPC link to the 
ground Flight and Radio Management System (FRMS). 

• The FRMS to connect to and from the pilot’s cockpit. 

• A link from the pilot’s cockpit to and from a Spectrum Authority (which assigns the 
frequencies that the CNPC link will use at various times and locations).  



• A link from the pilot’s cockpit (either directly and/or relayed through the UA) to ATC 
so flight clearances can be given and acknowledged. 

On the air side: 

• The airside of the CNPC link is connected to and from the aircraft’s FRMS. 

• The FRMS links to and from the various flight control, avionics, and other systems on 
the UA. 

 

 
Figure 8 Basic Information transfers within & outside the CNPC link needed for 

safe UAS operations within the NAS 

 

1.8 Intended Function 

Basic CNPC link Functions 
The MOPS describes the features and characteristics needed to achieve a point-to-point 
communication function for UAs flying in the NAS.  There are additional features and 
characteristics that may be needed, but not included in this MOPS, to achieve multi-point 
communications when multiple UAs are seeking to communicate with a single ground 
terminal.    
Depending on the intended operations, the CNPC link equipment and interfaces described 
will also support one or more of the following features of a point-to-point communication 
function: 

• ATC voice and data relay  

• DAA data exchange  

• Weather radar data exchange 

• Video data exchange 



All of the equipment shall comply with the appropriate Federal Communications 
Commission (FCC) rules, and International Civil Aviation Organization (ICAO) Remotely 
Piloted Aircraft Systems (RPAS) Standards. It will also provide a means to follow 
appropriate ATC procedures for UA’s flying in the NAS. 
Characteristics having defined values for all terrestrial CNPC links are listed in Table 1. 

Table 1 Characteristics having defined values for all point to point CNPC links. 

R-f Frequency stability
Power rise time and fall times Frequency quanta (smallest radio channel width)
Command and status interfaces Output power and emission mask
Frequency bands to be used (L- and C-Bands) Adjacent channel and spurious response rejection
Waveform structure [Time Division Duplex (TDD)] Compatibility with other systems
 
In addition there are characteristics that are deemed to be manufacturer dependent, i.e., the 
manufacturer could select specific design characteristic values that best meet the radio 
manufactures chosen market sector and are given in Table 2. 

Table 2 Characteristics having variable values for all point to point CNPC links. 

Symbol rate Receiver Sensitivity
aodulation Type Frequency Capture Rate
Transmitter Output Power Doppler Correction  

Environmental Functions 
Unless otherwise specified, the environmental conditions contained in RTCA DO-160G, (or 
later revision) will be used to establish the airborne equipment environmental standards 
criteria.  The environmental conditions contained in RTCA DO-160G, and MIL-STD-810G, 
will be used to establish the ground equipment standards.   

Assumptions 
It is assumed that radio manufacturers have sufficient technical knowledge to understand the 
MOPS and experience to combine the various equipment described within the scope of the 
MOPS. With that background multiple venders should be able to manufacture the equipment.  
It is understood that the MOPS do not fully define all of the design characteristics but they 
are the minimum necessary for such developments. 
 

 
 
1.9 Anticipated Future Growth 

• As noted in several sub-sections, this MOPS does not include all of the design 
characteristics for the CNPC link to support multiple UAs communicating with just 
one ground terminal radio.   



• For single ground CNPC radio systems to successfully communicate with multiple 
UAs whose CNPC airborne radios were manufactured by different companies, there 
needs to be some degree of interoperability between the ground radios and each 
airborne radio.Once sufficient information and knowledge is gained and there is 
sufficient need for such a capability, the FAA could request RTCA to develop such a 
MOPS. 

• In addition, the SC-228 TOR already identifies the requirement to develop MOPS to 
support UA CNPC link communications via satellites.  A separate MOPS 
development team will be required for that effort. 

1.10 Annotations and acknowledgements 
The current MOPS is in draft form and will be sent out for consultation; thus the foregoing is 
subject to change. 
This presentation is a compilation of the original work by members of the RTCA SC228. The 
diagrams and some of the text are RTCA copyright and are used with their permission. The 
complete document will be available for purchase via the RTCA web site (or at the address 
below) mid 2016 when the final document will be released. 

RTCA, Inc. 
1150 18th Street NW 
Suite 910 
Washington, DC 20036 
(202) 833-9339 

www.rtca.org 

http://www.rtca.org/
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1. ABSTRACT 

 

Among the rich infrastructure of a Telemetry/Ground Station Center dwells the subset dedicated 

to radio communications. 

Radios are mainly used to communicate with the aircraft under test in order to give guidance and 

feedback from ground specialists. Sometimes, however, radios themselves become the subject of 

the test, requiring a full set of them with all their features and capabilities (Military Modes, HF 

ALE, SELCAL, etc). 

Remote control (and audio routing) of these radios is a critical as infrastructures scale over tens 

of radios, distributed amid different test centers separated by hundreds of kilometers. 

Addition of a remote touch user interface, MIL COMSEC and TRANSEC modes, automatic 

audio routing, together with a maintenance free requirement, makes the whole issue far more 

difficult to manage. 

Airbus Defense & Space has developed a Smart Radio Control System allowing to profit from 

those advantages and more benefits: 

• Intuitive Touch UI 

• Automatic Audio Routing 

• Distributed infrastructure (network based) 

• Autonomous and service free (no one, other than FTC needed to operate it) 

• Heterogeneous (any radio can be controlled by creating a plug & play library) 

• Special Modes support (COMSEC, TRANSEC, HF ALE, and SELCAL) 

Future additions will include, amongst others, VoIP integration and tablet use. 

Key words: radio network smart control touch interface distributed system scalable 

heterogeneous. 
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2. INTRODUCTION 
 

A Flight Test Ground Station (GS onwards) or Telemetry Station provides support to Test 

Flights by receiving real time telemetry from the Aircraft and forwarding engineers feedback 

back to the Aircraft Crew. 

In order to communicate with the Aircraft, the GS uses radio communication equipment, radios, 

in short. 

Radio Communications in aeronautical world refers to those electromagnetic transmissions 

carrying voice or data in an Air-to-Air or Ground-to-Air scenario. 

GS needs to put in place a distributed network of radios all over the flight test zone. 

There are two different usage scenarios: 

1. Radio used as a communication mean to provide guidance and support to onboard crew 

2. Radio used as a Test Means in a dedicated Communication Flight Test 

Former is usually requested for special modes testing as TRANSEC, COMSEC and HF ALE or 

for range tests. 

The creation of such a distributed and remotely controlled radio network is a real challenge in 

terms of control and management. 

 

Main Challenges 

Technical 

• Wide range of devices with different control interfaces/protocols 

• Remote locations and sharing of resources  

• Concurrent access 

• Remote control 

• Remote Audio 

• Radio Selection  

• Special Modes 

Usage 

• One-person operation 

• Click & go. Service free and setup free 

• Intuitive and quick touch interface 

 

Equipment Architecture 

In order to build the network of radios, a group of requirements must be defined. 

Once the requirements are clear, and based upon them, the equipment selection phase can begin. 
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1. Any radio can be selected by the user 

a. A user can select and use whichever radio he wants to use. 

b. This implies control hangover and audio switching mechanism 

c. Audio Analog Matrix as the main audio switching method. 

2. Remote operation 

a. Radios and sites can be hundreds kilometers apart 

b. Therefore radios and all other equipment shall have remote control. IP preferred. 

3. Robustness => Limit complexity 

a. Avoid complexity. 

b. In this particular case and regarding audio routing, only Audio Matrix will be controlled 

to change audio ties. VoIP ties will always be fixed 

4. Radio Control System has to be flexible, inexpensive, future proof 

a. Control architecture based on PCs 

b. Own HW & SW development 

 

Key Elements 

 FTC 

Flight Test Conductor. He is the person that communicates with the Aircraft via radio to 

provide assistance. Therefore he is the main user of the Radio Control System 

 Radio 

The actual radio 

 VoIP Gateway 

Equipment used to convert analog voice to IP, route it through the IP network and convert it 

back to analog at the other peer. 

 Smart Radio Control System 

Automatic SW based control system that controls and manages every single aspect of the 

radio network allowing a user to use any of the radios within it. 

 Audio Matrix 

Main audio routing / switching equipment 

 

Basic Interconnection 

Based on this equipment, a generic local interconnection schema could be as follows: 
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Figure 1: Basic Interconnection 

 

The above interconnection is the simplest one as there is no remote site control and audio link 

and number of radios to control is still low. 

In the following picture we have added a remote radio to see how complexity grows at the time. 

VoIP equipment is added. 

 

Figure 2: 1 GS, Local Radios + Remote Radios 

 

Even if the VoIP equipment has been added to interface and transport voice to the remote radio, 

the audio switching still remains at the local Audio Matrix. 

Thanks to the VoIP fixed link, the radio is actually considered by the system as it were a local 

radio.  
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One step further is shown in the next picture. 

 

 

Figure 3: 2 GS, Local Radios + Remote Radios 

 

As the reader can notice, complexity has grown again. 

This interconnection schema represents two GS plus one remote radio network. 

Remote radio 1 is still seen as a local radio to Site 1. Therefore if Site2 needs to use it, two audio 

ties will have to be performed at both Audio Matrix Site 1 and Site 2.  

Same situation if Site 1 wants to use a radio from Site 2, two audio ties are needed. 

 

3. SMART RADIO CONTROL SYSTEM 

 

It can be seen as an integrated software and hardware system that allows the operation and 

management of a network of radios in a transparent manner. 

 

Features 

Unattended 

1. It does not need daily administration 

This is quite important as it allows to free operators from giving radio support to users 

2. Audio routing is transparent and automatic 

Audio routing is calculated and commanded automatically by the system. There is no 

operator intervention or manual action required. 

Integrated 

3. Every radio on the network can be included 
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4. Every radio is operable from any location 

Once the VoIP lines are installed, every radio can be used from any location and it is as 

easy a one-click radio selection in the HMI. 

Heterogeneous 

5. Any radio with remote control can be added 

The SW system works with radio control libraries (DLL). 

Every radio can be controlled as far as it provides a remote control interface. 

In terms of interfaces they can go from a simple PTT relay (for a non-controllable radio) 

to Serial, GPIO or IP interface. In the case of Serial and GPIO, an IP converter is used. 

6. Radios from different manufacturers: Rohde, PAE, Rockwell Collins, SunAir 

Intuitive 

7. Graphical interface easy and simple to use… eye-candy 

Customizable (per user) 

8. Radios lay-out 

User can change the radio lay out in the HMI to his convenience. 

9. Quick frequency presets 

User can define quick access presets in the HMI 

 

Design Phase – Requirements and Constraints 

 Distributed. Avoid radio block. Manage multi access. 

In order to fulfill this requirement, the software model should be client-server. 

This way there will be few servers that have unique access to a given radio and as many 

as needed clients that access radio features through requests to servers 

 Client interface intuitive, fast and non-intrusive 

Radio Client HMI will have to be located on the FTC desk. 

Operation of radios shall be as fast and non-intrusive as possible. FTC has enough 

displays and work to do during a Flight Test. 

To comply with these requirements, a small touch screen seemed to be a good option. 

Therefore the SW UI has to be finger friendly 

 Physical PTT 

FTCs are used to physical PTT mechanism so the system should allow using them. 

A physical PTT is no more than a contact closure that has to be detected by the Radio 

Server in order to command PTT to the selected radio. 

This requirement imposes the use of PCs with parallel port for the server. 
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 Robust. Limit complexity 

In order to limit complex connection management, the use of UDP/IP protocol is adopted 

in LAN. Multicast type if possible. 

 WAN friendly 

In order to work correctly in a WAN environment were packet loss can occur; the 

servers’ interconnections shall be done using TCP/IP protocol 

 Radio Control Interface agnostic 

By using IP converters and SW layers, any radio can be controlled by the system. 

 

Key Elements 

Among the key elements of the system: 

 FTC 

Flight test conductor 

 Radio 

The actual radio 

 PTT Switches 

Physical switches used by the user to activate PTT on the selected radio 

 PC Server 

PC Windows with the Smart Radio Control Server SW installed. It must have a parallel 

interface 

 PC Client with Touch screen 

PC Windows with the Smart Radio Control Client SW installed and a touch screen. 

 

Basic Operation 

 

Figure 4: Basic Operation 

In the previous picture the reader can see the basic operation of the system. 
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Two radios can be operated at the same time by the user, one on the left and one on the right part 

of the screen. 

As mentioned, the screen is split in two parts, left and right side. The selected radio on the left is 

associated with the physical PTT switch on the left and the selected radio on the right is 

associated with the physical PTT switch on the right. 

PTT can be activated by both physical PTT and touch screen PTT button. 

 

Software Design: Client – Server Model 

 

Figure 5: Client – Server Model 

Only the assigned server talks directly to the radio. Clients just send commands and request to 

servers that decide and orchestrate their execution on the radios. 

 

Audio Routing 

Audio routing is done by commanding the Audio Matrixes to tie several inputs to several outputs 

in all required locations. 

This process is initiated at the moment a radio is selected by the user. 

Audio routing status and information can be monitored at any time in the Server HMI. 

Following images show the audio switching process for a local and a remote radio. 
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Figure 6: Audio Routing 

Software Architecture 

Software was designed to be scalable and easy to maintain. 

It is configured in isolated layers separated by common interfaces. This way, a change in a layer 

does not affect another one. 

Key features 

 Common Standard Protocol C-S 

A common and isolated protocol was put in place for Client – Server communications. 

This protocol is radio agnostic and should need no changes 

 Isolation from Device specific communications interface/protocol 

o SW Library per device type 

A specific software communications library is created for every radio type. This library 

implements a common interface that will be explained afterwards. 

Software components 

Software layers are shown in the following picture. 

 

Figure 7: Software Model 

 Client 

o Client-Server Communications Library 

Common interface and protocol between client and server. 

It uses UDP if the equipment is in local LAN and TCP if server is in WAN 

o Logic Layer 
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It captures events from communication layer and draws the UI interface accordingly. At 

the same time translate user UI events into commands to the communication layer.  

o UI Layer 

It draws the HMI and generates UI events to logic layer. 

 Server 

o Client-Server Communications Library 

o Kernel Layer 

It manages clients’ commands and decides whether they can be sent to radios. 

o Device Manager 

It holds a number of communication objects with every local radio and forward kernel 

messages to the desired radio. 

o Per device communication library 

It inherits from “RadioLink” Generic Class allowing a single common interface to the 

Kernel layer. Simplicity 

It is based on Events to Device Manager and Kernel layer, avoiding polling. 

 

User Interface 

Some screen captures of the UI are shown below. 

 

Figure 8: Main Interface 

 

Figure 9: Havequick & SATURN 
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GEOMETRIC MODEL FOR TRACKER-TARGET 
LOOK ANGLES AND LINE OF SIGHT DISTANCE 

By 
DANIEL T. LAIRD 

 
 
 

ABSTRACT 
To determine the tracking abilities of a Telemetry (TM) antenna control unit (ACU) 

requires ‘truth data’ to analyze the accuracy of measured, or observed tracking angles.  This 
requires we know the actual angle, i.e., that we know where the target is above the earth.  The 
positional truth is generated from target time-space position information (TSPI), which implicitly 
places the target’s global positioning system (GPS) as the source of observational accuracy.  In 
this paper we present a model to generate local look-angles (LA) and line-of-sight (LoS) distance 
with respect to (w.r.t.) target global GPS.  We ignore inertial navigation system (INS) data in 
generating relative position at time T; thus we model the target as a global point in time relative 
to the local tracker’s global fixed position in time.  This is the first of three companion papers on 
tracking This is the first of three companion papers on tracking analyses employing Statistically 
Defensible Test & Evaluation (SDT&E) methods.a  

 
 

KEY TERMS 
TM antenna, ACU, Latitude, Longitude, Altitude, Look-Angle, Line-of-Sight, TSPI, 

GPS, Local Plane, Spherical Trigonometry, Law of Spherical Cosines; Law of Spherical Signs. 
 
 

INTRODUCTION 
The target TSPI file is our truth source.  It contains GPS, and often INS data.  Our task is 

to translate target global latitude (TLAT), longitude (TLNG) and altitude (TALT) at time (T) to 
local tracking ‘look-angles’ of azimuth (AZ), elevation (EL) and line-of-sight distance (LoS) at 
time T.  Time correlates target position (SLAT, SLNG, SALT) with a fixed location as tracker 
site origin.  Below we develop a set of global-to-local transformations between tracker and target 
at time T using derived target angles and target/tracker angle differences:  

∆φ = TLAT – SLAT,       (Ia) 
∆λ = TLNG – SLNG,       (Ib)  
∆H = TALT – SALT.       (Ic)   
 
Our geometric model is merely one of a set of tools for we’ve developed for estimating 

tracking efficiency.  It serves as our primary analysis spaceb.  The purpose of our geometric 
model is to estimate ACU tracking errors and mode probabilities.  Error is not exclusive to an 
ACU, but rather extends to the scope of the test scenario.  Target inertial data is useful for 
modeling tracking angle errors due to tracker-target antenna alignment.  A second paper focuses 
                                                           
a Rf. 1 & 2. 
b Rf. 3. 

412 TW-PA-15239; DISTRUBUTION A: Approved for public release; distribution is unlimited. 
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on modeling tracking error which employs GPS and INS; a third on modeling autotracking mode 
of an ACU employing receiver gain (AGC) and antenna scanning controls. 

 
LOCAL AZIMTUH AND ELEVATION MODELS: 

The flat azimuth model is shown in figure 1.  Basically, two local areas on an earth 
tangent plane (an earth local frame), with each locally flat plane a distance, ‘d’ apart – the 
calculated earth distance, which is d = R × cos−1(L), where L denotes the earth surface arc 
between the two points.  LoS designates the distance between points at altitude.  In the distance 
equation, the earth radius is approximated as R ≈ 6378137m, and θ is calculated via projections 
of latitude, longitude and longitudinal differences via the spherical geometry. 

 

 
 

Figure 1  Flat Azimuth Model 
 
Our model formulae are derived from spherical law of cosines (cf. below).  There are 

several estimates of arc length, ‘d’ on sphere.  We employ two (cf. figure 1.1 below): 
cos(d) = sin(φ1) × sin(φ2) + cos(φ2) × cos(φ1) × cos(∆λ),   (1a) 
L = R × acos(d).        (1b) 
 

Substituting d ⇒ L/R yields a more accurate close-distance formula: 
sin2(½l) ≡ haversin (l) = sin2(½∆φ) + cos(φ1) × cos(φ2) × sin2(½∆λ), (2a) 
L = R × 2asin(√l).        (2b) 
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The haversine is more accurate for smaller arc distances (angles); where smaller is 
relative w.r.t. R.  Mapping the plane of figure 1 onto a sphere, we get a grid shown in figure 1.1 
below.  In this figure, from a perspective above the plane φ designates latitude, λ longitude and L 
designates the projection of LoS onto the spherical plane.  

 

 
 

Figure 1.1  Mapping of Plane in Figure 1 onto a Sphere 
 
The azimuthal calculations are based on the law of cosines and sines for a spherical 

coordinate system:   
θ = (180/π) × atan2(ϕ)       (3a) 
ϕ = (sin(∆λ) × cos(φ1), sin(φ1) × cos(φ2) – cos(φ1) × sin(φ2) × cos(∆λ)). (3b) 
 

 
 

Figure 2  Planar Geometric Elevation Model 
 
A flat or planar geometric elevation model, shown in figure 2 is based on the difference 

in altitudes and the LoS or L: 
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ψ = (180/π) × asin(∆H/LoS) = atan(∆H/L).     (4) 
 
The arctangent is preferred as ∆H ≥ LoS is possible during flight.  The elevation angle is 

the angle of altitude, ψ.  The LoS and azimuth angle formulae are derived below.  First we prove 
the theoretical ‘truth source’, i.e., the laws of spherical trigonometry. 

 
Law of Spherical Cosines (LSC): 
The Law of Spherical Cosines is one of two fundamental formulae used as our navigation 

truth, so we shall prove it and its companion, the Law of Spherical Sines.  Of course, this 
theoretical ‘truth source’ compares with observed ‘truth source’ that is GPS TSPI.  Using the 
triangle in figure 3 the LSC, or the so-called cosine rule of sides is represented by the formula: 

cos(c) = cos(a)cos(b) – sin(a)sin(b)cos(C).    (5) 
 
 

 
 

Figure 3 Spherical Reference Points 
 
  
LSC PROOF: 
This proof is attributed to Romuald Ireneus (1997).  We use the unit sphere, as the radius 

will drop out of the calculations.  For unit vectors u, v, w from center of the sphere to the corners 
of the triangles, the inner-product of one vector on the other yields the cosine angle subtended by 
arc length: s = 1 × θ.  The cosine on the sphere is still the inner-product of the subtending units. 

cos(a) = u • v; cos(b) = u • w; cos(c) = w • v.     (6) 
 

We define tangents perpendicular to each unit: 
ta = v – u(u • v)/|| u – v(u • v) || = (v – ucos(a))/sin(a),   (7a) 
tb = = (w – ucos(b))/sin(b).       (7b) 

 
Therefore, the ‘law of arcs’ is: 
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cos(C) = ta • tb = (v – ucos(b))(w – ucos(b))/sin(a)sin(b)   (8a) 
= (cos(c) – cos(a)cos(b))/sin(a)sin(b) → 

cos(c) = cos(a)cos(b) + sin(a)sin(b)cos(C).     (8b) 
 

Similarly, ‘the law of angles’ is: 
cos(A) = –cos(B)cos(C) + sin(B)sin(C)cos(a).    (8c) 
 
QED. 
 

  
Law of Spherical Sines (LSS): 
Again using the triangle from figure 3 above, the LSS or so-called rule of sines is 

represented by the formula: 
sin(A)/sin(a) = cos(B)/cos(b) = sin(C)/sin(c).     (9) 
 
 

 
 

Figure 4 Spherical Model Frame 
 
 
LSS PROOF: 
From Pythagoras’ law we know that for any angle (arc length), A 
sin2(A) = 1 – cos2(A).        (10a) 

 
Using the LSC from above: 

sin2(A) = 1 – (cos(a) – cos(b)cos(c))/sin(b)sin(c))2.    (10b) 
 
A little manipulation yields: 

sin(A)/sin(a) = cos(a,b,c)/sin(a,b,c)      (10c) 
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where 

cos(a,b,c) ≡ [1 – cos2(a) – cos2(b) – cos2(c) + 2cos(a)cos(b)cos(c))]½ (10d) 
sin(a,b,c) ≡ sin(a)sin(b)sin(c).        (10e) 
 

A permutation on pairs (A,a), (B,b), (C,c) proves the rule.  This proof is attributed to Isaac 
Todhunter circa 1863.  We will use these spherical trigonometric laws to construct the azimuth 
formulae. 

 
AZIMUTH AND LOS PROOFS: 
For instructional insight we derive azimuth in two ways: the first using vectors, the 

second via the spherical trigonometry laws derived above.  Our analyses calculations employ the 
trigonometric formulae, without taking account of the earth’s elliptical eccentricity – our 
relatively small distance w.r.t. R between target and tracker permit this.  The spherical model 
frame is shown in figure 4.  The error due to ignoring eccentricity is insignificant for the 
precision of our calculations.  To derive azimuth via vectors we create unit vectors on the sphere 
referenced to a cartesian coordinate system, e.g.: 

ek = (cos(φk)cos(λk), sin(φk)cos(λk), sin(φk)) ⇔ (e1(k), e2(k), e3(k)).  (11a) 
 

I found this approach in an earthquake seismology class notec, and believe the derivation and an 
alternative enlightening, so include both here for completeness.  For two coordinates we have an 
arc length (on unit sphere) given by the inner-product: 

 cos(∆) = e1 • e2.        (11b) 
 

Thus the arccosine will provide angle.  Simple!  Although mathematically simple, when angles 
are small, round-off errors emerge and grow as cos(∆) → 1.  So, we derive an equivalent 
alternative formula that employs the sine and cosine to create the tangent; and though more 
complicated, is numerically more accurate for computer computation.  Figure 5 shows a way to 
construct the sine and cosine of the bisected angle: 

 
 

Figure 5a  Sine and Cosine of Bisected Angle 
 
We derive the so-called haversine representation of LoS from the vectors of figure 5a: 
sin(½∆) = ½| e1 – e2|, cos(½∆) = ½| e1 + e2| → sin(∆) = 2sin(½∆)cos(½∆). (11c) 
 

So, 
∆ = atan2(sin(∆),cos(∆)),        (11d) 
 

                                                           
c Rf. 4 & 8. 
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Where, from 11b and the sine-cosine relations we have: 
cos(∆) = e1 • e2, sin(∆) = ½| e1 – e2| × | e1 + e2|.    (11e) 

 

 
 

Figure 5b Grid for Spherical Trigonometry Laws 
 
Now we make the simple derivation using the spherical trigonometry laws.  Using the 

grid of figure 5bd yields: 
sin(θ)/sin(½π – φ1) = sin(∆λ)/sin(∆) = sin(2π − θ∗)/sin(½π – φ2),  (12a) 
cos(π – φ1) = cos(∆)cos(π – φ2) + sin(∆12)sin(π – φ2)cos(θ).   (12b) 
 

These are rewritten as 
cos(φ2)sin(∆)sin(θ) = cos(φ1)cos(φ2)sin(∆λ),     (12c) 
cos(φ2)sin(∆)cos(θ) = sin(φ1) – sin(φ2)cos(∆).    (12d) 
 

Therefore, 
θ = (180/π) × atan2(sin(θ),cos(θ)) = atan2(ϕ),    (13a) 
ϕ = cos(φ1)cos(φ2)sin(∆λ)/(sin(φ1) – sin(φ2)cos(∆λ)).   (13b) 
 
Azimuth is the angle of (13b) which is equivalent to (14a) below.  Reversing the 

arctangent arguments supplements perspective, i.e., we move the look-angles from tracker-to-
target to target-to-tracker. 
QED. 

 
For the haversine note that 
haversin(θ) ≡ sin2(θ/2); cos(θ) = 1 – 2sin2(θ/2) = 1 – 2haversin(θ).  (14a) 
 

                                                           
d Ibid. 
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Now substitute this form of cos(θ) and employ the identity: 
cos(a − b) = cos(a)cos(b) + sin(a)sin(b),     (14b) 
 

into equation (8b) above to obtain the law of haversines: 
h ≡ haversin(L/R) = haversin(∆φ) + sin(a)sin(b)cos(∆λ),   (14c) 
L = 2Rasin(√h).        (14d) 

 
Where ½∆φ = a – b and ½∆λ = C, the latitude and longitude differences of figure 4. 
QED. 

 

 
Figure 6a Observed and Modeled Angles 
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Figure 6b Observed and Modeled Angles with Error (red) 

 
Figures 6a and 6b show observed (track measured) and theoretical (calculated from TSPI) 

azimuth and elevation angles.  The sample times are seconds from test start time, T = T0 ≡ 0.  It 
is clear that between 6k to 8k seconds that tracking error increased, significantly w.r.t. to the rest 
of the profile.  From the whole angle tracking profile we conclude that overall the measured was 
quite accurate w.r.t. the calculated, or theoretical tracking profile.  Figure 6b shows the error 
superimposed on the angle means, which is a numerical verification of our conclusion.  A sample 
of observed and calculated angles is shown in figure 7. 
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Figure 7  Observed and Calculated Angles 

 
 

SUMMARY 
To determine tracking accuracy we need both a measured data and theoretical truth 

source to compare observed angles with expected angles.  The equations used to compare 
measured with expected angles are: 

 
Line of Site Distance: 
LoS = 2R × asin(√h), R ≈ 6378137m     (2a) 
h = haversin(∆φ) + sin(φ1)sin(φ1)cos(∆λ)    (2b) 
∆φ = TLAT – SLAT       (Ia) 
      
Azimuth Angle: 
θ = (180/π) × atan2(ϕ)      (3a) 
ϕ = cos(φ1)cos(φ2)sin(∆λ)/(sin(φ1) – sin(φ2)cos(∆λ))   (3b) 
∆λ = TLNG – SLNG       (Ib) 
 
 
Elevation Angle: 
ψ = (180/π) × atan(∆H/L)      (4) 
∆H = TALT – SALT       (Ic) 
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Equations 15 were given in the introduction and show the relations between modeled, 
observed and calculated angles that comprise geometric variables.   
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ANALYSIS OF COVARIANCE  
WITH LINEAR REGRESSION ERROR MODEL 

ON ANTENNA CONTROL UNIT TRACKING 
By 

DANIEL T. LAIRD 
 
 

ABSTRACT 
Over the past several years DoD imposed constraints on test deliverables, requiring 

objective measures of test results, i.e., statistically defensible test and evaluation (SDT&E) 
methods and results.  These constraints force the tester to employ statistical hypotheses, analyses 
and perhaps modeling to assess test results objectively, i.e.,  based on statistical metrics, 
probability of confidence and logical inference to supplement rather than rely solely on expertise, 
which is too subjective.  Experts often disagree on interpretation.  Numbers, although 
interpretable, are less variable than opinion.  Logic, statistical inference and belief are the bases 
of testable, repeatable and refutable hypothesis and analyses.  In this paper we apply linear 
regression modeling and analysis of variance (ANOVA) to time-space position information 
(TSPI) to determine if a telemetry (TM) antenna control unit (ACU) under test (AUT) tracks 
statistically, thus as efficiently, in C-band while receiving both C- and S-band signals.  Together, 
regression and ANOVA compose a method known as analysis of covariance (ANCOVA).  In 
this, the second of three papers, we use data from a range test, but make no reference to the 
systems under test, nor to causes of error.  The intent is to present examples of tools and 
techniques useful for SDT&E methodologies in testing. 

 
KEY TERMS 

Null- and alternative-hypotheses, tracking mode, TM, AGC, ACU, Scan rate, Slew rate, 
TSPI samples, GPS, INS, observables, calculated, dataframe, R, inner-product, modeling, 
ANOVA, ANCOVA, F-test and t-test, PDF, CDF. 

 
INTRODUCTION 

Using statistical methods we decide to either reject or accept the null-hypothesis, H0 or its 
alternative hypothesis, H1.  We do so based on objective criteria derived from analyses.  The test 
null hypothesis is: 

 
H0: AUT tracking errors are statistically identical independent of data carrier. 

 
The AUT tracks on conically scanneda signal strength, or amplitude sampled from 

automatic gain control (AGC) circuits, and on controllable conic-scan (Scan) and antenna slew 
(Slew) rates.  The test includes S-band and C-band data channels (which carry TSPI) of a C-band 
tracking AUT.  Ideally the tracking algorithm should have no dependence on observed angles or 
data band, i.e., the tracking algorithm should not depend on pointing angle, as the conic-scan 
center is controlled to stay on peak tracking band signal strength.  Of course this is ideal, and 
we’ve discovered that tracking-error is dependent on combinations of both azimuth and 

a Rf 3. 
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elevation, and uniquely so receiving in C- or S-band.  We had no information about the ACU 
tracking algorithm, only commanded and observed data, which requires another source to 
determine tracking error.b  Data includes observed and commanded angles, AGC levels and the 
rate control states.  This paper’s focus is analysis of tracking-error using TSPI data culled from 
each of the carriers at specific test points.  In a companion paperc we extend analyses into 
synthesis of an auto-tracking model independent of observed angle.  All modeling and analyses 
is in R, a statistical application. 

 
ANALYSIS OF COVARIANCE 

For modeling purposes, received TM signal power is a bounded continuous parameter 
sampled from receiver automatic gain control (AGC) circuits of an integrated AUT. Local 
azimuth and elevation angles are also modeled as bounded continuous parameters, commanded 
by and measured from the AUT feedback.  An ACU employs two categorical tangentiald or rate 
control parameters, designated as Scan and Slew.  Other available data include target TSPI: 
global position system (GPS) and inertial navigation system (INS) data.  Since carriers radiate 
from a moving target that changes in both global position and attitude, we experimented with 
various regression models with parameters from the target.  Due to length constraints we cannot 
discuss all models and variations.  Thus, we focus on a single tracking model based on a subset 
of ACU parameters and target TSPI (GPS and INS) samples.  Target TSPI is required for 
calculating measures on tracking accuracy of milli-radian precision samples to build a tracking 
error model.  ANOVA reveals numerical estimates of the target’s attitude on tracking-error.  We 
construct a tracking-error model of a continuous expected error, linearly regressed against track 
angles, AGC, rate controls and a subset of target attitude.  Aircraft attitude yaw, pitch and roll 
were investigated as potential sources of transmitter radiation pattern fluctuation on receiver 
AGC levels.  ANCOVA employed a final reduced tracking-error model.  Paper length 
limitations allow only brief discussion of full model reduction. 

 
LINEAR REGRESSON MODEL 

The auto-tracking model is built on a linear predictor of a regressed measure vector and 
its conjugate observable-control space, which together form an inner-product spacee.  The 
predictor is a functional form specifically an inner-product: 

β•x = β0 + Σ βkxk ≡ bx.       (1) 
 

The bx is a common statistical symbol for the inner-product.  β designates predictor coefficients, 
conjugates regressed against the sampled independent data variables x.  β0 designates the 
predictor intercept (the null-model).  The response is a continuous variable predicted by bx.  We 
designate the model: 

lm(y ~ bx).         (2) 
 

where y designates estimated error.  Parameters are collated as a dataframe constructed from 
sample files.  A sample is shown in Figure 1.  We see from the figure a separation of dataframes 
per receiver band.  The dataframe contains time common to both ACU and TSPI.  Time 

b Rf. 1. 
c Rf. 2. 
d Rf. 1, 7 & 8. 
e Rf. 8. 
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alignment correlates ACU and TSPI samples at 1Hz.  Observed angles and AGC levels come 
from the ACU, the expected angles and line-of-sight (LoS) are derived via a geometric modelf 
that translates TSPI global position to local azimuth and elevation angles of LoS between tracker 
and target.  Rate control is a state from the ACU.  AT is derived from the ACU elevation and 
azimuth tracking modes.  Attitude data is sampled from target INS.  Two categorical tangentialg 
control parameters are conical-scan rate, Scan ∈ {2}+ and four-level slew rate, Slew ∈ {4}+h. 

 

 
Figure 1 Samples Dataframe 

 
All categorical parameters are typed as factors for ANOVA.  Angles are bounded modulo 

360º: {Az.Obs, El.Obs, Yaw, Pitch, Roll} ⊂ [0, 360].  
 

 
Figure 2 Dataframe Summary 

f Rf. 1. 
g Rf. 7 & 8. 
h {n}+ ≡ {1, … ,n}; {n} ≡ {0, …, n-1}. 
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Note the constant Yaw in the statistical summary of the data, figure 2.  This will 
influence our final model parameterization.  Automatic gain control is a derived parameter from 
multiple receiver status samples.  Empirical decibel range samples are: {AGC} ⊂ 0 ≤ dB ≤ 52.  
We generalize linear models for both azimuth and elevation errors in R as: 

lm(Az.Err ~ Az.Obs + El.Obs + (c)AGC + … + Pitch + Roll)  (3a) 
lm(El.Err ~ El.Obs + Az.Obs + (c)AGC + … + Pitch + Roll)  (3b) 
 
Parameters are particular to each model, unique for band and angle type (azimuth or 

elevation); thus we have four models to consider.  The parenthesized ‘c’ in (3) indicates either 
continuous (AGC) or categorized gain control (cAGC) in the model.  The details of each model 
are shown in figures 3a and 3b.  The categorization of AGC → cAGC adds no significance to the 
model predictability, so will not play a part in the final model. 

The final models are: 
lm(Az.Err ~ Az.Obs + El.Obs + AGC + Slew + Scan + Pitch + Roll) (3c) 
lm(El.Err ~ El.Obs + Az.Obs + AGC + Slew + Scan + Pitch + Roll) (3d) 
 
 

 
Figure 3a Azimuth Model Form and ANOVA Results 

 
We see both antenna observed angles and target attitude contribute significantly to error 

estimation.  This makes intuitive sense since the target radiation pattern is moving.  Attitude yaw 
was eliminated by the model as an insignificant constant.  This was obvious via the statistical 
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summary of the dataframes (Figure 2 above).  We assume yaw was not updating the acquisition 
store for unknown causes.   
 

 
Figure 3b Elevation Model Form and ANOVA Results 

 
The regression coefficients and statistics for our tracking-error model tracking in azimuth 

and elevation in C-band while receiving data from S- or C-band carriers are shown in Figures 3a 
and b.  We see that the ‘best fit model’ is slightly different for the angles.  Note that categorizing 
the AGC (cAGC) for S-band samples yields a slightly better model, based on the R-squared 
value on less degrees of freedom.  Partitioning AGC from a single to multiple continuous levels 
reduces degrees of freedom in the model.  We often reduce models by eliminating or 
recategorizing parameters with a high p-value, or what amounts to less information and 
prediction power.  These p-values are not the probability of error, but results of a t-test on the 
probability that the modeled parameter coefficient contributes to informative model results, e.g., 
is merely a random variable with no more explanatory or predictive power than the empty or 
null-model, i.e., the model based only on dispersion or deviance around the mean of observation 
(the model intercept, β0).  It is convenient for explanatory purposes that the full C-band error 
model is not regressed against categorized AGC, as doing so revealed no explanatory advantage.  
So we kept AGC as sole continuous parameter.   

 
 

5 
 



 
Figure 4a Azimuth and Elevation 

Regression Coefficients and Statistics 
 

We also discovered via regression and ANOVA that Slew factor levels are statistically 
insignificant for elevation over both bands.  Therefore, azimuth and elevation have statistically 
different models, even within a set signal band.  Note that each angle model has very different 
predictor coefficients across bands, indicating the parameters influence in tracking are distinct to 

6 
 



band.  The regression coefficients and statistics for C-band tracking-error model are shown in 
Figure 4.  Regression summary and ANOVA tables reveal that S-band elevation is the most 
difficult of the angle models to fit.  All t-test (Pr(>| t |) in the summary) show statistical 
significance for the respective parameters, and the ANOVA results confirm this; but note that the 
ANOVA F-test (Pr(>F) in summary) significance indicate a parameter significance much less 
than the regression t-test significance.  We also see that Slew rate 3 has no statistical significance 
in regression on elevation in C-band.  These ANCOVA results show our reduced parameters are 
sufficiently significant, enough so that we can employ this model to predict elevation error.  
Discussion with Air Force Test Center (AFTC) Telemetry Technical Expert confirmed elevation 
as the more difficult angle to track regardless of scanning and/or slewingi; thus we deduce it the 
more difficult to model, and our results bear this out.  We also see that both antennas observed 
tracker-to-target angles and target attitude contribute significantly to error estimation. 

 

 
Figure 5a Azimuth and Elevation S-Band Samples: 

Errors with Predictions (colored) 

i Rf. 3. 
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The ‘best model’ fit employs continuous AGC for C-band samples, as this yields a 

slightly better estimation of the ‘R-squared’ and ‘Residual standard error’ values on less degrees 
of freedom.  Interestingly, the R2 value indicates that elevation is better explained w.r.t. the null-
models than is azimuth for both S- and C-band.  All values contribute probable explanatory and 
predictive significance, and the F-statistic indicates that model explains well the observed, i.e., 
measured angle errors. 

 

 
Figure 5b Azimuth and Elevation C-Band Samples: 

Errors with Predictions (colored) 
 

Observed and predicted error from the model are shown in Figures 5a and b for S-band 
and C-band received data, respectively.  The track profile comparisons used observed angles and 
theoretical angles, the latter derived from a geometric model.j  The colored curve designates the 
observed error w.r.t. the derived angle; the black is the predicted error based on the model 

j Rf. 1.  
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parameters.  It is clear from Figures 5 that the C-band error in azimuth has several large 
differences from the expected value.  These errors were probably due to the planar slewing. 

 
SUMMARY AND CONCLUSION 

This paper focuses on analyzing tracking error building an observation error model and 
ANOVA to explore statistical sources of errors in measures, or observation.  The ANOVA and 
model results agree, showing not only the tracking ACU and carrier, but the tracked target 
dynamics (attitudinal changes) contribute to measurement based on received signal strength and 
the state of control of the ACU.  Our analysis and models indicate that we should reject the null 
hypothesis, H0, that the AUT tracks identically, within a defined error tolerance over C-band for 
data received in S-band or C-band carriers and accept the alternative hypothesis: 

 
H1: AUT tracks statistically differently in C-band while receiving S-band vs. C-band data. 

 
That there is an error in tracking is evidenced by the data, statistics and models will be 

developed further in the companion paper that focuses on synthesizing an auto-tracking model 
dependent on ACU, independent of both measured, or observed angles and target attitudinal 
dynamics.  We also infer a practical difference, but make no hypothesis as to cause(s).  We 
investigate this further in the third of three companion papers – an investigation of a logistic 
regression on autotrack. 
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LOGISTIC REGRESSION MODEL 
ON ANTENNA CONTROL UNIT 

AUTOTRACKING MODE 
By 

DANIEL T. LAIRD 
 
 

ABSTRACT 
Over the past several years DoD imposed constraints on test deliverables, requiring 

objective measures of test results, i.e., statistically defensible test and evaluation (SDT&E) 
methods and results.  These constraints force testers to employ statistical hypotheses, analyses 
and modeling to assess test results objectively, i.e., based on statistical metrics, analytical 
methods, probability of confidence complemented by, rather than solely on expertise, which is 
too subjective.  In this and companion papers we discuss methods of objectifying testing.  We 
employ an earth coordinate model and statistical modeling of telemetry (TM) tracking antennaa 
employing time-space position information (TSPI) and derived statistical measures for tracking-
error and auto-tracking mode.  Test data were statistically analyzed via analysis of covariance 
(ANCOVA) which revealed that the antenna control unit (ACU) under test (AUT) does not track 
statistically identically, nor as practically or efficiently in C-band while receiving data carriers in 
both S- and C-bands.  The conclusions of this paper add support to that hypothesis.  In this third 
of three papersb we use data from a range test, but make no reference to the systems under test as 
the purpose of this paper is to present an example of tools useful for employing a SDT&E 
methodology. 

 
 

KEY TERMS 
H0, tracking mode, tracking error, TM, AGC, ACU, AT, Scan, Slew, GPS, TSPI samples, 

observables and predictors, ANOVA, ANCOVA, F-test, t-test, PDF, statistical model, inner-
product, linear predictor, link function, logit, logistic regression, stochastic filter. 

 
 

INTRODUCTION 
Using statistical analyses we decidedc to reject our test’s null-hypothesis, H0 on objective 

criteria derived from ANOVA and t-test.  The test null hypothesis is: 
 
H0: AUT tracking modes on C-band are statistically independent of data carrier. 

 
The AUT tracks on signal strength sampled via automatic gain control (AGC) circuits, 

and on controllable conic-scan (Scan) and antenna slew (Slew) rates.  The test includes a C-band 
AUT tracking of C- and S-band carriers.  Our measure of tracking is the probability of autotrack 
mode (AT) sampled from the AUT and regressed against AUT observed AGC and rate controls.  
Ideally the tracking algorithm should have no dependence on observed angles, and the tracking 

                                                           
a Rf. 3 
b Rf. 1 & 2. 
c Rf. 1, 2, 4, 7  & 8. 
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algorithm is assumed to control the antenna center pointing angles independent of angle to target, 
i.e., the conic-scan centering is controlled via scanned signal strength.  Our work bears this out: 
the better models exclude angle data.  This paper is an extension of previous analyses of tracking 
as a synthesis of a tracking model that predicts autotracking based on tracking modes.  A full 
predictor stochastic filter can be built on the predictor updates and angle errors of a linear model, 
where error is based on difference of observed and calculated angles of a tracking-error model.d  
This paper presents an auto-tracking, or mode model. 

 
 

LOGISTIC REGRESSION MODEL 
TM signal power is modeled as bounded continuous parameters received and sampled 

from automatic gain control (AGC) circuits of the AUT. As well, azimuth and elevation angles 
are continuous parameters.  The AUT employs two categorical tangentiale or rate control 
parameters we denote Scan and Slew.  Available data includes these parameters and others from 
the tracker ACU, as well as target TSPI, i.e., GPS and INS.  Since a tracking mode should not 
depend on its local angle we do not include angles in the model.  This was not merely a choice, 
but the result of model reduction from the full model.  We tried various models before settling on 
this ‘best model’ using a linear predictor based on ACU parameters independent of target.  Auto-
track holds if both azimuth and elevation modes auto-track, all other modes are considered not-
auto-track.  Thus we have two response states, which we map into the response set, y:{0,1}.  
This two-state response is the reason for a binary response, which is transformed to a continuous 
response p:[0,1] and regressed against a linear predictor for our model.  The tracking-error 
model has continuous response, expected error that is linearly regressed against angle and signal 
strength parameters.f 

 
 
LOGIT of PROBABILITY: 
The auto-tracking model is built on a linear predictor formed as an inner-product of an 

observable-control space and its regressed vector.  The predictor form is 
β•x = β0 + Σ βkxk  ≡ bx.       (1) 
 

This resolves to scalar.  β designates regressed coefficients and x are sampled vectors from the 
observable-control space; β0 designates the predictor intercept.  The term, bx is a standard 
statistical representation of this inner-product.  In the literature bx is also designated as η.  The 
link function is defined to yield a linear response against the predictor (which we verify when 
checking the model).  Our link is the natural logarithm of odds: 

link(y) ≡ ln(O(p)) = ln(p/1 – p); p ∈ [0,1].     (2) 
 

This transforms the binary set y:{0,1} to a smoothed step function, or ‘S-curve’ bounding 
response to predictor to the interval [0,1].  Thus probability p(y) (or expectation: E[y|x] ≡ µy) is 
derived from the logarithm of odds, or log-odds, also known as the logit of probability or of 

                                                           
d Ibid. 
e Rf. 1, 7 & 8. 
f 4 & 7. 
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expectation.  Our model derives the logit of probabilities as the linear predictor of regression.  
We represent this: 

y → E[y|x] ↔ logit(p) ~ lm(bx).      (3) 
 

The odds is easily recovered via exponentiation: 
O(p) = p/(1 – p) = ebx.        (4) 
 

From this we derive a probability of odds, which is our probability of response to observation: 
p(O) = (1 + e–bx)−1 = p(f(y)).       (5) 
 
For tracking observation, y estimates the autotrack mode parameter AT ∈ {1}+, which is 

regressed against other ACU parameters to transform a binary state to continuous state space 
y:{0,1} → p:[0,1].  Regression parameters are collated in an R dataframe, shown in figure 1.  We 
separate data by band.  The probabilities (column ‘ProbAT’) are predicted by the model and 
appended to the frames post analysis.  Each frame contains time from ACU and GPS-INS 
samples to align tracker and target data.  We correlate at 1Hz.  The observed angles and AGC 
values come from the ACU, the calculated angles and LoS are derived via geometric modelg that 
translates TSPI global position, the attitude data is from the INS, the control data and AT, which 
is derived from the AUT Az/El track modes. 

 

 
Figure 1  Regression Parameters 

 
For each band we have the two categorical tangential control parametersh: conical scan 

rate encoded in two levels and planar slew rate encoded in four levels: Scan ∈ {2}+; 
Slew ∈ {4}+i.  In the models categorical parameter levels are typed as factors.  The sampled data 
also contains continuous angle and AGC parameters.  All angles are bounded modulo 360º: 
{Az.Obs, El.Obs, Yaw, Pitch, Roll} ⊂ [0, 360], and AGC, which is a derived parameter from 
truncated minimum and maximum power, ranging from 0 ≤ dB ≤ 52, of two tracking receivers 
for both C- and S-band signals.  The full general linear model (glm), with link from the binomial 
family, is represented in R as: 

glm(AT ~ AGC + Slew + Scan, family = binomial).    (6) 
 

                                                           
g Rf. 1. 
h Rf. 7 & 8. 
i {n}+ ≡ {1, …, n}; {n} ≡ {0, …, n-1}. 
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Time alignment correlates ACU and TSPI samples at 1Hz.  Observed angles and AGC 
levels come from the ACU, the expected angles and line-of-sight (LoS) are derived via a 
geometric modelj that translates TSPI global position to local azimuth and elevation angles of 
LoS between tracker and target.  For reasons stated earlier, we do create our full model from all 
parameters, and employ different parameters creating the linear error model discussed in the 
companion paper on tracking-error.  Figure 2a shows a statistical summary of the data, sans time 
and angles.  We include angle errors for perspective.  You can see that the mean AT count is 
consistent with probability (ProbAT) of the model, for both bands.  It is also apparent why we do 
not use Yaw in modeling the target signal pattern – it is constant. 

 

 
Figure 2a  Statistical Summary of Data 

 
A simple count of the auto-tracks (sum ‘AT’) over the categorical parameters yields the 

table shown in figure 2b.  Of the 5021 samples culled from the source data we have 968 auto-
tracks (AT = 1) and 4053 non-auto-tracks (AT = 0).  A quick estimate of probability of auto-
track is 968/5021 ≈ .20. 

 

                                                           
j Rf. 1. 
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Figure 2b Auto-track Counts Summary 

 
This quick look indicates about a 20% probability of being in autotrack, thus odds of ¼, 

over all scan and slew rate combinations.  Figure 2a shows the average autotrack over both bands 
is (0.2730 + 0.1550)/2 ≈ 0.2140.  Thus predicted probability is consistent with the AT counts 
over both and across band samples.  From this table we can calculate the probability over bands, 
scan and slew.  We see in figure 2b that at Scan level 1, Slew level 4 there are no tracks.  So we 
don’t need this level in our model.  Also at Scan level 2 only Slew levels 2 and 3 auto-track and 
only over C-band carrier.  Rather than eliminate these, we allow the regression and ANOVAk 
table to reveal their insignificance.  To decide on ‘the best’ model we build our model and reduce 
it.  We reduce by eliminating or recategorizing parameters with a high p-value, or a low 
probability of information.  Note that the p-value is not the probability of track, but a probability 
of significance derived from a t-test (displayed as t or z value), that the modeled parameter 
coefficient contributes informative rather than random model results.  Once we have our reduced 
model, we test it against statistical metrics to determine our model’s ‘goodness of fit’. 

 

                                                           
k Rf. 1. 
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Figure 3a Regression Coefficients for S-band 

 
The regression coefficients for our reduced model for the conic-scan antenna ACU 

autotracking on C-band for S- and C-band carriers are shown in figure 3a and b respectively.  
The full model for received C-band had significant interaction terms of the Scan level 2 and Slew 
level 2.  You can see that these are statistically significant.  Slew level 4 was excluded due to 
singularities and the model results show that Slew level 3 is not statistically significant.  We 
could exclude this Slew factor level from the model, but will not as it would eliminate samples of 
angles and gain.  We keep the models as is. The full S-band carrier model shows Slew levels 3 
and 4 are statically insignificant.  Note that each model has very different predictor coefficients 
indicating the parameters’ influences in tracking are distinct to receiver band.  These means of 
autotrack counts are the first indication of an inherent difference in tracking mode in distinct 
bands. 
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Figure 3b Regression Coefficients for C-band 

 
 

 
Figure 4 Alternate Model Coefficients for C-band 

 
We could build a logistics model in which we eliminate the continuous parameters and 

instead categorize the AGC, as higher power levels should increase probability of autotrack.  We 
examined such models and example results are shown in figure 4 for C-band carrier.  It is clear 
that probability of autotrack mode is more sensitive to higher signal levels.  But this 
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categorization of AGC does not improve the model’s explanatory power, as is evidenced by the 
AIC score (a measure of the relative quality of the  statistical model) compared to the AIC for the 
continuous AGC in figure 3b.; but does show sensitivity to autotrack increases with gain, which 
is useful information.  For plotting purposes of estimating the probability density and cumulative 
density functions we employ continuous parameters.  Figure 5a and b show these plots for S-  
and C-band carriers, respectively. 

 

 
Figure 5a S-band Statistical Plots 

 
Note the probability density (PDF) for both bands show negative probabilities; this is due 

to ‘kernel smoothing’ of the histogram.  We can eliminate this by employing a histogram which 
shows the same information.  I prefer to leave it as is, and realize the high density near 
probability zero is ‘smoothed’ into negative probabilities.  Note too that receiving the S-band 
carrier results in a clear multimode PDF, with concentrations around p = 0 and p = 1, as expected 
given the high slope of the ‘S- curve’ (probability of autotrack).  The C-band PDF has a less 
steep S-curve, with a greater dispersion.  The box-plot shows a slight overlap in auto-track vs. 
not-auto-track near 10dB AGC.   

http://en.wikipedia.org/wiki/Statistical_model
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Figure 5b C-band Statistical Plots 

 
Note the appearance in Figures 5a and 5b of what appears to be four probability curves 

for both bands.  For S-band carriers there are actually five; one is hidden by overlap.  With four 
slew and two scan rates we’d expect eight curves, but not all combinations were used.  These 
separate curves are partitioned over combinations Slew and Scan for each AGC.  A plot of a 
probability and logit vs. AGC at slew levels 1 and 2 at scan 1 is shown in figure 5c.  The logit 
plot being linear over the AGC is a verification that the log-odds is linear w.r.t. the AGC 
predictor partitioned over the control set predictors.  This linearity of the logit vs. predictor is an 
assumption essential to our model.  Not only can we infer a difference in the ACU’s ability to 
track over the two bands, but we can also infer that the ACU tracked C-band carrier less often in 
autotrack mode than it did S-band carrier.  The number of auto-track states, as well as the gentle 
slope of the probability curve and the overlap of ‘Not-Auto’ ‘Auto’ around 10dB indicate a poor 
tracking profile in C-band of C-band carrier. 
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Figure 5c Probability and Logit Curves for S-band 

 
 

SUMMARY AND CONCLUSION 
This paper presents a rather standard synthesis of a tracking filter using observed data and 

antenna tracking controls to model an autotracking predictor model that explores statistical 
measures on observations to decide the probability of autotracking, based on received signal 
strength and the state of control of the ACU.  That there is an error in tracking is evidenced by 
the data, statistics and models developed in this and the preceding paper mentioned above.  Our 
analysis and models confirm out conclusions reached in the companion paper that we reject the 
null, H0 and accept the alternative hypothesis: 

 
H1: AUT autotracks statistically differently on C-band while receiving S- or C-band carriers. 
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There is also a practical difference.  The probability of autotrack was far more decisive 
while receiving an S-band carrier.  As to the cause, we make no hypothesis.  The purpose was to 
determine if there was a significant statistical difference in the probability of autotracking in C-
band when receiving C- and S-band carriers.  The antenna modes are not close to identically 
probable within or across bands.  This is not a general conclusion, but rather particular to the test 
configuration. We could extend our synthesis: this model, along with a tracking-error model, 
together form essential systems of a stochastic tracking filter.  Such work must await another 
opportunity. 
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ABSTRACT

Positioning systems tasked with performing geolocation of objects have grown in importance in
recent years as the demand for accurate position and spatial data has increased. Parameter estima-
tion of the angle of arrival is a common approach used in positioning systems that has had great
success. This paper presents the design and development of a computationally efficient angle of
arrival estimation technique that is reconfigurable for changing requirments that different applica-
tions may impose. The theory explaining the method is outlined, along with field experiments and
simulations to provide validation for the effectiveness and accuracy of the approach.

INTRODUCTION

One of the most crucial tasks for underwater acoustic geolocation is the system design and signal
processing, which directly governs the precision of the estimation process. In general, the system
consists of two components. One component contains a single transceiver and the other contains
multiple. Two versions of this approach can be implemented by utilizing one component as the
transmitter and the other as the receiver. Normally, the one with multiple transceivers is designed
for the base station due to the requirement of computation complexity and power consumption, and
the single transceiver unit is designed for the mobile station. By utilizing this system architecture,
the geolocation task can be solved using parameter estimation. The estimation parameter in this
case is the bearing angle, or angle of arrival, of the mobile relative to the base station. The two
versions share a high degree of symmetry, and the duality shows properties of great significance.

The system configurations and signal processing techniques for both verisions are presented here
with the focus being on the utilization of the concept of the orthogonality of the Hilbert-transform
pair for the extension of the design to the multiple-element array configurations. In addition, this
design could be applied to the active acoustic or microwave modalities for collision avoidance of
unmanned platforms underwater as well as in air.

The original motivations for designing the estimation procedure was locating an Unmanned Un-
derwater Vehicle during homing and docking excercises. This paper draws upon past work on the
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design of that system and proposed theortical improvements for future versions. A description of
the orignal system is first presented to provide the signal modelling framework used for the rest
of the analysis. The theoretical improvements focusing on circular and non-uniform arrays are
then explained with new simulation results confirming the theory. Lastly a brief noise analysis is
presented exploring how much noisy environments would degrade overall system performance.

DOUBLE INTEGRATION METHOD FOR TIME DELAY ESTIMATION

Time delay estimation is a popular approach for estimating the angle of arrival in many different
applications. However, classical methods for estimating time-delays involve cross-correlations and
peak finding algorithms that are computationally expensive. The double integration method is an
alternative approach that provides a flexible and efficient way of estimating time delays.

Let two transmit elements be separated by a distance D and a single receiver be placed in space
away from both. The angle θ is defined as the relative bearing angle between the receiver and the
center of the transmitter array. Assuming that the receiver is in the far-field of the transmitting
units and the two transmitters emit a signal simultaneously, the receiver will detect one signal first
followed by the other at a time ∆ seconds later, where ∆ can be shown to be

∆ =
D
vp

sin(θ) (1)

where vp is the speed of propagation of the signal.

Both transmitters emit the same pulse h(t) with opposite polarities. The baseband representation
of the signal detected at the receiver would be in the form

s(t) = c [δ (t−d +∆/2)−δ (t−d−∆/2)]∗h(t) (2)

where dr is the distance from the center of the transmitting array to the reciever and its respective
propagation delay is d = dr/vp.

Here h(t) is controlled by the system designer and c is the attenuation factor resultant from trans-
mission loss. Note that the baseband representation of the received signal has been employed,
although the actual received signal would be a pulse modulated passband signal. For the rest of
the analysis, all signals received and transmitted will be presented in baseband form for notational
simplicity with the assumption that all transmission is done at passband.

The receiver electronics first demodulate and matched filter s(t) to produce

r0(t) = s(t)∗h∗(−t)

= c [R0(t−d +∆/2)−R0(t−d−∆/2)] (3)

where R0(t) = h(t)∗h∗(−t) is the autocorrelation function of the transmission pulse.
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The first step of the double integration method is to perform two consecutive integrations on the
matched filtered output r0(t). The first integration yields

r1(t) =
t∫

−∞

r0(τ)dτ = c [u(t−d +∆/2)−u(t−d−∆/2)]∗R0(t)

= ± c I∆(t−d)∗R0(t) (4)

where I∆(t) is a rectangular pulse that equals one only between−∆/2 and ∆/2 and zero everywhere
else. The second integration produces

r2(t) =
t∫

−∞

r1(τ)dτ =±c I∆(t−d)∗
t∫

−∞

R0(τ)dτ

= ± c I∆(t−d)∗R1(t) (5)

where we have now defined R1(t) as

R1(t) =
t∫

−∞

R0(τ)dτ (6)

It can be seen that the signal r2(t) will asymptotically approach a final value proportional to the
width of the rectangular pulse I∆(t). This value is available at the receiver by sampling the signal
r2(t) at t = ∞ which would be equal to

η = r2(∞) = c ∆ ·R1(∞) = c ∆ |H(0)|2 (7)

where |H(0)|2 is the DC power of the original transmit pulse h(t). The final value η is proportional
to the product of |H(0)|2 and c. The first term is a design parameter and the second term can be
calculated using a normalization procedure.

Normalization is achieved by transmitting a second set of pulses both with positive polarities from
the transmitter array. At the receiver the detected signal would be in the form of

snorm(t) = c [δ (t−d +∆/2)+δ (t−d−∆/2)]∗h(t) (8)

The received signal then undergoes demodulation, matched filtering, and a single integration to
yield

r0(t) = c [R0(t−d +∆/2)+R0(t−d−∆/2)] (9)

and

r1(t) =
t∫

−∞

r0(τ)dτ = c [R1(t−d +∆/2)+R1(t−d−∆/2)] (10)

Again, the final value of this signal is sampled at time t = ∞ to produce the normalization factor

ηnorm = r1(∞) = 2 c ·R1(∞) = 2 c |H(0)|2 (11)
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The normalization value ηnorm is used to compute the ratio

ρ =
η

ηnorm
=

∆

2
=

D
2v

sin(θ) (12)

This ratio can then be related to the bearing angle through the inverse sin function

θ = sin−1(
2vρ

D
) (13)

which yields the parameter of interest.

Field tests were performed with an underwater acoustic prototype of the system descirbe here in
a testing pool at a local industry facility. The tracking results from the experiment are shown in
Figure 1. The system accuractely tracked the experimental bearing angle near boresight, however,
at greater angles the arcsine opertion tended to amplify small noise components and degrade the
final result.

Figure 1: Double Integration Field Test Results

If the roles of the transmitter and receiver are reversed, the multi-element unit acts as the receiver
and the single element acts as the transmitter. This reversal simplifies the overall transmitter design
as only a single pulse is emitted and provides other efficiency gains as well. To illustrate the duality
between the two versions, the receiver unit will be comprised of two linear receiver arrays that are
situated perpendicular to one another. The two receiving arrays both have elemental spacing D and
the same center forming a cross. The single transmitter emits a pulse and the receivers are assumed
to be in the far field. The time difference of arrivals ∆x between the two elements of the first, or
horizontal, array and ∆y between the two elements of the second, or vertical, array are

∆x =
Dsin(θx)

v
, and ∆y =

Dsin(θy)

v
(14)

where θx and θy are the vertical and horizontal bearing angles of the entire receiver array with
respect to the transmitter. Note that this is the same relationship for the dual transmitter case.
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The signals received and matched filtered at each receiver from the horizontal array are defined as
r+x(t) and r−x(t) respectively, and the corresponding signals for the veritcal array are r+y(t) and
r−y(t). The difference between the two signals from each set is used as the signal input for the
double integration method described earlier. The normalization signal can be found by taking the
respective average of the two signal sets. The final results from the estimation procedure provides
the bearing angle parameter [θx,θy].

A complete simulation environment was implemented in MATLAB to verify the functionality and
accuracy of the reversed system. The number and positions of the receivers were parameterized
to test the system with different array configurations. The program calculated the correct bearing
angle parameter and produced an estimate of it using the double integration procedure. The sig-
nal modeling followed the same assumptions outline here including far-field approximation of the
wavefront and baseband signals.

For all simulations the signal processing was done in the discrete domain with a sampling fre-
quency set to Fs = 10MHz. The transmit pulse h(t) was chosen to be a sinc function with peak
amplitude of 10 and a pulse width of 20 sampling periods. The attenuation factor c was set to
0.1 for all propagation channels. The receiving array was positioned downrange from the target
100m and offset in cross range to alter the bearing angle. This range offset is much greater than
any wavelength of propagation for any ultrasonic frequencies that would be used in an acoustic
system, thus validating the far-field approximation.

The four receiver case was simulated first with the bearing angle vector set to [θx,θy] = [30o,15o]
and the receiver spacing set to D = 10cm. This configuration yielded a time-delay of about
∆x = 0.147ms for the horizontal array. Figure 2 shows each step of the double integration pro-
cess. The plots illustrate the accurate tracking of the ∆x for each step and the final integration
result converges to the approriate time delay and the correct bearing angle accordinly. Similar re-
sults for the vertical array were also achieved.

The system described requires only a single transmit signal and produces estimates of the bearing
angle parameter in the vertical and horizontal directions, however, it requires performing two sep-
arate estimation procedures. A significant improvemnt to this system can be achieved by using a
Hilbert Transform pair to demodulate each corresponding received signal. This type of technique
would require a quadrature receiver which yields a set of complex baseband signals. Summing up
the entire set of signals would produce

rd(t) = (r+x(t)− r−y(t)) + j(r+y(t)− r−y(t))

= [1, − j, 1, j] [r+x(t), r−y(t), r+y(t), r−y(t)]T (15)

The signal rd can be used as the input to a single double integration method and the average of
each received signal is used as the normalization signal. The normalized final value of rd(t) would
be a complex number with real part equal to ∆x and imaginary part equal to ∆y. This implies both
angles can be estimated simultaneously without any major additions to the processing system.
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Figure 2: Double Integration Simulation for 4 Receiver Array (a) Received Signal s(t) (b) Matched
Filtered Signal r0(t) (c) First Integration Results r1(t) (d) Normalized Final Output r2(t)

N-ELEMENT CIRCULAR RECEIVER ARRAY

The 4 receiver system described earlier can be expanded to include N uniformly spaced antennas
around a circle of radius D/2. The receivers locations about the center can be defined as

(xn,yn) =(
D
2

cos(
2πn
N

),
D
2

sin(
2πn
N

)) (16)

xn + jyn =
D
2

exp( j2πn/N) (17)

where n = 0,1, ...,N−1.

Analagous to Equation (16), the differential signal can be weighted by the complex number of its
position to form the inner product

rd(t) =
N

∑
n=1

rk(t)exp( j2πn/N) (18)

where rk(t) is the recieved and matched filtered signal at the kth receiver. Averaging over all rk(t)
will yield the normalization signal.

The normalized final value of rd(t) found through double integration can be expressed as the inner
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product between the receiver position vector uuu and the bearing angle vector www as,

Final value = ρ =
D
v
< www,uuu >

=
D
v

cos(ϕ) = ∆ (19)

www is defined as the 3-dimensional bearing angle vector and ϕ = π/2−θ .

www = [α, β , γ] (20)

The new parameters α , β , and γ are the directional cosines defined as α = cos(ϕx), β = cos(ϕy)
and γ = cos(ϕz) respectively. The weighting vectors corresponding to the direction of each receiver
are

uuunnn = [cos(2πn/N), sin(2πn/N), 0] (21)

The terms expressed in Equation (23) can be arranged such that

[
1
2
(

1
D/2

)v] ρ =< www,uuu >= cos(ϕ) (22)

where n = 0,1, . . .N−1. Thus the inner product of www and uuunnn becomes

< www,uuunnn >= α cos(2πn/N)+β sin(2πn/N) (23)

Next, by combining the received signal weighted by the receiver location vectors, the final value
produced from double integration is

< www,uuunnn > exp( j2πn/N) =
1
N

N−1

∑
n=0

(α cos(2πn/N)+β sin(2πn/N))exp( j2πn/N) (24)

Summing over the first term yields

1
N

N−1

∑
n=0

α cos(2πn/N)exp( j2πn/N) =
1
N

N−1

∑
n=0

α

2
(exp( j2πn/N)+ exp(− j2πn/N))exp( j2πn/N)

=
1
N

N−1

∑
n=0

α

2
(exp( j4πn/N)+1) =

α

2
(25)

and summing over the second term yields

1
N

N−1

∑
n=0

β sin(2πn/N)exp( j2πn/N) =
1
N

N−1

∑
n=0

β

2 j
(exp( j2πn/N)− exp(− j2πn/N))exp( j2πn/N)

=
1
N

N−1

∑
n=0

β

2 j
(exp( j2πn/(N/2))−1) = j

β

2
(26)
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Lastly, substituting Equations (29) and (30) into Equation (28), the final weighted average of the
inner-product terms accumulates to the value of

1
N

N−1

∑
n=0

[(
1

D/2
)ρnv]exp( j2πn/N) =

1
N

N−1

∑
n=0

< www,uuunnn > exp( j2πn/N)

=
1
2
(α + jβ ) (27)

The final value is a complex number that can be used to estimate the bearing angle vector defined
in the previous section through Equation (21). Both the θx anf θy can be estimated simultaneoulsy
through one double integration prodedure of rd(t), which allows a designer to increase the number
of receivers and accuracy without any significant increase in computatinal complexity.

NON-UNIFORM ARRAY

The analysis of the circular array can be expanded to a non-uniform array with receiver positions
(xn,yn) for n = 1,2, . . .N. The mean position of the array (x0,y0) can be found by taking the
average of all the individual receiver positions. The distance from receiver n to the mean position
is

σn = [(xn− x0)
2 +(yn− y0)

2]1/2 (28)

The unit direction vector of the relative position respect to the mean can be expressed in cartesian
and complex form as

uuunnn =(1/σn)[(xn− x0), (yn− y0), 0] (29)

exp( jΨn) =(1/σn)[(xn− x0)+ j(yn− y0)] (30)

The inner product of the receiver-position vector and the bearing-angle vector is

< www,uuunnn >= (1/σn)[α(xn− x0)+β (yn− y0)] (31)

Summing up the normalized final value of each receiver in this case yields

1
N

N

∑
n=1

[vexp( jΨn)/σn]ρn =
1
N

N

∑
n=1

< www,uuunnn > exp( jΨn) (32)

The double integration algorithm output in (32) can be rewritten as

1
N

N

∑
n=1

< www,uuunnn > exp( jΨn) =
1
N

N

∑
n=1

< www,uuunnn > (1/σn)[(xn− x0)+ j(yn− y0)]

=
α + jβ

2
+

α− jβ
2

(
1
N

N

∑
n=1

exp( j2Ψn))

=
α + jβ

2
+(

α− jβ
2

)Q = (
1+Q

2
)α + j(

1−Q
2

)β (33)
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where the Q factor is used as a metric to characterize the array and can be defined as

Q =
1
N

N

∑
n=1

exp( j2Ψn) (34)

The Q-factor provides another tool for the system designer to examine how to best fit the receiver
configuration to the needs of any specific application.

PERFORMANCE SIMULATIONS OVER AN AWGN CHANNEL

A simple noise-analysis is presented in this section to examine the performance of the system in
a more realistic environment. The same MATLAB simulation environment and parameters de-
scribed earlier were employed for this and an additive white gaussian noise (AWGN) channel was
added as the assumed as propagation channel for all computations. The program sampled values
from a Gaussian random number generator with parameterized variance and then added the values
to each received signal sample to simulate the AWGN channel.

For the circular receiver array,the signal detected at the kth receiver is

sk(t) = c h(t−d +∆/2)+n(t) = δ (t−d +∆/2)∗h(t)+n(t) (35)

where n(t) is a white noise signal.

The signal power Ps was measured at each receiver, and the noise power Np was defined in terms
of the noise variance and then adjusted to determine the total SNR of the system. The signal to
noise ratio was defined in this manner to be

SNRdB = 10 log(
Ps

Np
) (36)

The cost function used to measure the error perfromance for the was the mean square error (MSE)
of the estimated time delay ∆est compared to the calculated time delay ∆calc.

e = E{ |∆est−∆calc|2 } (37)

The expectation operator used in the MSE cost function is probablistic in nature and unable to be
simulated numerically. To approximate this a sequence of trials were simulated and the final error
results were averaged such that the MSE was approximately

e≈
NT

∑
n=1
|∆est(n)−∆theory(n)|2 (38)

For each simulation trial n, the bearing angle was kept constant at [θx,θy] = [30o,15o] and the SNR
was adjusted. A final sequence of error values for the time delay term ∆x with varying SNR was
produced and plotted in Figure 4. As shown, at high SNRs the method performs quite well yielding
an MSE close to 10−8seconds, much lower than the actaul time delay value of 0.417ms. At lower
SNRs the estimation procedure becomes inaccurate very quickly close to 20dB. The estimated
angle vs. calculated angle is also plotted for an SNR = 45 dB. The method closely tracks the true
bearing angle θx from −30o to 30o with small only deviations.
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Figure 3: (a) Estimation Resutls at SNR = 45dB and (b) Estimation Performance vs. SNR

CONCLUSIONS

Estimation of the bearing angle is a problem that is present in a variety of technical fields from
aeronautics, communications, and acoustics. This paper presents a novel estimation proceudre
that can be used for low power and low complexity applications thanks to its simple design and
implementation. The procedure can be implemented with simple signal processing hardware such
as first order op-amp circuits or other Digital Signal Processing (DSP) tools. Field tests and sim-
ulation results have been shown to demonstrate the viability of this approach. Some problems
persist for the estimation in the presence of amplitude nosie, however, future work is aimed at
optimizing the system design for lower SNR environments. The system presented here is a flex-
ible and practical alternative solution for bearing angle estimation for many important applications.
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ABSTRACT 

 

Research, design, construction, and operation of a portable mixed Raman and Fluorescence type 
spectrometer will be presented.  The spectrometer was used on a wheeled vehicle which competed 
in the University Rover Challenge sponsored by the Mars Society.  It uses a 50 mW, 532 nm 
continuous wave laser to probe a sample of soil for bacteria or biomarkers.  The device costs 2,000 
USD, weighs 1.4 kg and is 23 cm x 23 cm x 10 cm in size. Results from the competition, 
complications of analyzing mixed Raman-Fluorescence spectra via digital signal processing, and 
future ideas and improvements will also be discussed. 
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INTRODUCTION 

 

The Mars Rover Design Team (MRDT), based out of the Missouri University of Science and 
Technology, is a student led team with the goal of building Mars rover analogues to compete in 
the University Rover Challenge (URC) [1] that is hosted by the Mars Society. The rovers, designed 
primarily by undergraduates, must be capable of performing a variety of tasks that would simplify 
life for human operators on Mars. These tasks include traversing rough terrain and using a robotic 
arm to manipulate levers and pick up tools, as well as performing a science task on board the rover. 
The science task requires that a soil sample be collected from a geological region of biological 
importance and then be analyzed to determine the possibility of life within the sample. 

 

Traditionally, the rovers on Mars have also included a variety of instruments capable of analyzing 
soil and rock samples for the possibility of life on almost all of their missions to Mars. Analysis 
using these instruments, however, can require an amount of time greater than what is allotted by 
the URC and they can be destructive to the sample. Because of this, the MRDT decided to explore 
other technologies that could perform quick, informative experiments that would preserve any 
prospective life.  

 

Spectroscopy was identified as the primary candidate for noninvasive probing of soil samples 
because spectroscopic methods typically work on very short time scales, allowing for quick data 
acquisition. Additionally, there are multiple types of spectroscopy that can provide the exact 
molecular composition of a sample. Raman [2] and infrared [3] spectroscopy were both considered 
for the experiment. Raman spectroscopy was ultimately chosen because it has recently been shown 
to be able to detect biomolecules that are typically associated with extremophile bacteria 
underneath rocks and in soil samples [4]. Raman spectrometers, however, can cost upwards of 
10,000 USD and the URC limits rovers to a 15,000 USD maximum budget for all on-board 
components. Thus, a spectrometer could not be purchased and instead, had to be designed and built 
by the members of the MRDT. 

 

 

THEORY 

 

Raman spectroscopy is possible because of a phenomenon known as Raman scattering [5]. Raman 
scattering occurs when photons scatter inelastically off of a molecule. This inelastic collision 
results in either the photon imparting energy on a molecule, which is called Stokes scattering, or a 
molecule imparting energy on a photon, which is called anti-Stokes scattering. Because the energy 
of a photon is proportional to frequency, and therefore inversely proportional to wavelength, 
Stokes scattering leads to a photon with increased wavelength. Conversely, anti-Stokes scattering 
leads to a photon with decreased wavelength. Raman spectroscopy measures the difference in 
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wavelength between the incident photon and the scattered photons, called the Raman shift. The 
spectra that result from this process are unique to the molecules that produce them. 

 

In addition to Raman scattering, fluorescence and Rayleigh scattering may also occur. Rayleigh 
scattering is the elastic scattering of photons off of a molecule, resulting in no wavelength shift. 
Fluorescence is the excitation of an electron due to the absorption of a photon. Fluorescence 
produces a wavelength shift and is a more common phenomenon than Raman scattering. 
Fluorescence, through the use of complicated electronic equipment in the spectrometer, is typically 
filtered out because it can prevent the detection of Raman spectra by saturating the photodetector. 
Fluorescence, however, can provide valuable information on mineral composition in a soil sample 
that Raman scattering alone would not normally provide. By sacrificing part of the Raman 
scattering signal, it is possible to obtain more diverse information about a sample while saving 
money on electronics. 

 

 

DESIGN 

 

Because the spectrometer was placed on Horizon, MRDT’s 2014-15 competition rover, it was 
subject to weight, size, and budget restrictions. The URC limits rovers to a 50 kg weight limit and 
a 15,000 USD on-board component limit. This resulted in the spectrometer having a weight limit 
of 2 kg, a budget of 2,500 USD, and a size limit of 23 cm x 23 cm x 10 cm.  

 

The primary components of a spectrometer are the laser, the filtering optics, the monochromator, 
and the photodetector. The laser is used to probe a sample to elicit Raman scattering, the filtering 
optics are a series of filters that serve to filter out noise due to Rayleigh scattering, the 
monochromator is used to separate mixed color light into individual wavelengths, and the 
monochromatic light is then focused onto a photodetector and analyzed. 

 

The laser is one of the most important components of Raman spectroscopy. Frequency hopping in 
the laser must be minimal to ensure the filtering of Rayleigh scattered light. If frequency hopping 
occurs and is not filtered out, it will cause noise in the data. Additionally, the wavelength of the 
laser is also important as different wavelengths excite different types of molecules. A 532 nm laser 
was chosen as this frequency is ideal for detecting organic molecules via Raman scattering and 
exciting fluorescence in various minerals. The Roithner LaserTechnik GLP-III-532-50 laser was 
chosen. This is a 50 mW constant waveform handheld laser with only +/- 1nm variance in the 
wavelength and costs only 341 USD. The laser is powerful enough to provide a large number of 
photons for a strong Raman signal, but it is not powerful enough to burn organic molecules. The 
laser was modified to be remotely controlled using transistor-transistor logic (TTL). Raman 
spectroscopy requires the upper range of detection to be at least 4,000 wavenumbers                             
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(1 wavenumber = 1 cm-1) past the wavelength of the laser. This makes the range of the spectrometer 
532nm – 675nm.  

 

The filtering optics consist of a laser clean up filter, a dichroic mirror, and an edge filter. The laser 
passes through the laser clean up filter, is reflected off of a dichroic mirror and onto the sample. 
The Raman and fluorescence signals then are collected and pass through the dichroic mirror, 
through an edge filter, and into the monochromator. A diagram for this can be seen in Figure 1.  

 

 

Figure 1: The Filtering Optics holder.  

 

The laser clean up filter (Semrock LL01-532-12.5, 300 USD) allows only 532nm light to pass 
through. It transmits >90% of light at 532nm, but reflects all other wavelengths. The dichroic 
mirror (Thor Labs DMLP550, 165 USD) is >90% reflective for wavelengths less than 535nm, 
>85% transmissive for wavelengths greater than 565nm, and a cutoff wavelength of 550nm. The 
edge filter (Semrock BLP01-532R-25, 350 USD) is >93% transmissive for wavelengths above 
547nm. These filters eliminate any Rayleigh scattered light that could cause extraneous noise. One 
consequence of this, however, is that anti-Stokes scattering is effectively eliminated from detection 
as only wavelengths greater than the original 532nm can be detected. Anti-Stokes scattering is 
much weaker in intensity as compared to Stokes scattering. This has to do with the density of states 
for each type of scattering. There are also 3 focusing lenses (Thor Labs LB1092, focal length = 
15mm, 23 USD per lens) that are used to focus laser light onto the sample, focus laser light onto 
the aperture of the monochromator, as well as disperse the laser light to lengthen the lifetime of 
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the filters. The container for these filters was designed in Siemens NX and 3D printed. A fully 
composed picture can be seen in Figure 2. 

 

 

Figure 2: The full filtering assembly 

 

Proper design of the monochromator is crucial. If the focal lengths are off, alignment incorrect, or 
the magnification is not properly handled then the image on the photodetector will be blurry and 
potentially imprecise. To counter this, it is useful to build the monochromator around the 
photodetector and diffraction grating [6]. This will ensure clear focus and proper wavelength 
mapping. Starting with the diffraction grating groove density, it is possible to calculate angles α 
and β seen in Figure 3 

 

 

Figure 3: A Czerny-Turner Spectrometer 
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𝛼𝛼 =  sin−1 � 𝜆𝜆𝑐𝑐𝐺𝐺

2cos�𝜑𝜑2�
� − 𝜑𝜑

2
    (1) 

𝛽𝛽 =  𝜑𝜑 −  𝛼𝛼 (2) 

𝜆𝜆𝑐𝑐 = 𝜆𝜆𝑓𝑓−𝜆𝜆𝑖𝑖
2

 (3) 

 

For these equations 𝜆𝜆𝑐𝑐 is the center frequency, G is the diffraction grating groove density, and 𝜑𝜑 
is the diffraction angle (typically 30 degrees for Czerny-Turner spectrometers). Next, using the 
detector length, equation (1), and equation (2) the focal length for the focusing and collimating 
mirrors can be calculated. 

 

𝐿𝐿𝑓𝑓 = 𝐿𝐿𝐷𝐷 cos𝛽𝛽
𝐺𝐺�𝜆𝜆𝑓𝑓−𝜆𝜆𝑖𝑖�

  (4) 

𝐿𝐿𝑐𝑐 = 𝐿𝐿𝑓𝑓 cos(𝛼𝛼)

𝑀𝑀cos(𝛽𝛽)  (5) 

 

In these equations 𝐿𝐿𝑓𝑓 is the focal length for the Focusing mirror, 𝐿𝐿𝑐𝑐 is the focal length for the 
collimating mirror, 𝐿𝐿𝐷𝐷 is the length of the detector, and M is the magnification of the system. Using 
𝜆𝜆𝑓𝑓 = 675nm, 𝜆𝜆𝑖𝑖 = 532nm, and 𝜑𝜑 = 30 degrees, 𝐿𝐿𝐷𝐷 = 30mm, G = 1200 grooves/mm, M =1, and 
equations (1)-(5) the following is obtained: 

 

𝛼𝛼 = -12.85º 

𝛽𝛽 = 42.85º 

𝐿𝐿𝑓𝑓 = 75mm 

𝐿𝐿𝑐𝑐 = 98 mm 

 

Figure 4 shows the monochromator in a Czerny-Turner type configuration, complete with the 
optics filters. The filtering optics are on the bottom of the picture for reference. The collimating 
mirror is a 25.4mm diameter spherical concave mirror (Thor Labs CM254-100-G01, Focal length 
= 100mm, 55 USD), the focusing mirror a 50.8mm diameter spherical concave mirror (Thor Labs 
CM508-150-G01, Focal length = 150mm, 82 USD), and a 25.4 square blazed diffraction grating 
(Thor Labs GR25-1205, 102 USD). The collimating mirror is placed exactly one focal length away 
from the filtering optics aperture. The light from the collimating mirror is then focused on the 
diffraction grating where it is separated into individual wavelengths. From there, the light is then 
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reflected on to the 50.8mm diameter focusing mirror. The diffracted light is the focused on the 
focusing mirror, which is placed exactly one focal length away from the detector. The focusing 
mirror focal length, 𝐿𝐿𝑓𝑓, was doubled from 75mm to 150mm in order to ease design and 
construction. This resulted in the increase of M from M = 1 to M = 2 to keep 𝐿𝐿𝑐𝑐 the same.  

 

 

Figure 4: The Czerny-Turner Monochromator design. 

 

Each of the mirrors is placed in a kinematic mount that allows for 4 degrees of adjustment in each direction. 
The collimating mirror is mounted in the Thor Labs KS1D (144 USD), the focusing mirror in the Thor Labs 
KS2D (148 USD), and the diffraction grading in the Thor Labs KM100S (75 USD). This yields a total cost 
for the spectrometer at approximately 1820 USD. Materials costs such as the printed plastics are not 
included. 

 

The detector is the Toshiba TCD1304DG Linear CCD array. It is approximately 30mm long with 
3648 pixels and costs 22.50 USD. This CCD cannot sense colors, and is only capable of sensing 
intensity. The monochromator, however, maps the 532nm-675nm range onto the 30mm long CCD. 
The 532nm light will begin at one end of the CCD and gradually increase until it ends at 675nm 
at the other end of CCD. This yields a camera resolution of 0.025 nm/pixel. It is controlled using 
an Arduino Due (50 USD) and communicates to Horizon’s motherboard via UART. The total cost 
to this point is approximately 1900 USD. 

 

The signal received by the CCD must then be analyzed. The CCD will receive both Raman and 
fluorescence signals simultaneously. Analysis of each spectra requires numerical differentiation to 
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separate the Raman and fluorescence signals. From there, more numerical analysis is required to 
determine the center point for any spectral lines available. These center points can then be 
compared to a data base of materials for matching results. This process can also be done using a 
neural network to allow the spectrometer to “learn” the spectra of various compounds. This process 
can be completed by iteratively running spectra on various samples. 

 

 

RESULTS 

 

The spectrometer design began in November 2014, construction began in February 2015 and was 
completed roughly one week before the URC in mid-May 2015. The CCD array is still in the 
process of being perfected as of June 2015, however it is working well enough to receive data. 
Figure 5 shows the baseline measurement of the spectrometer. This is the measurement taken when 
there is no sample being probed, but the laser is turned on.  

 

 

Figure 5: Baseline data for the Raman spectrometer. X axis is wavelength with the left side 
being 532, right side being 675. The Y axis is intensity. 

 

Though this is baseline data, it is clear that data is being received even when no sample is present. 
If there was no Raman or Fluorescence signal, the graph would be completely flat in the entire 
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wavelength range. However, there are two distinct signatures: a sharp peak on the leftmost side of 
the graph, and another very broad peak closer to the middle. It appears that the broad peak is from 
fluorescence. Fluorescence peaks are typically Gaussian shaped, however this peak appears to 
have been so strong that it saturated the CCD. The sharp peak is characteristic of a Raman spectra.  

 

After some analysis, it was determined that the Raman and fluorescence data were most likely 
coming from the 3D printed plastic that holds the filtering optics. The holder was printed out of 
Polylactic Acid (PLA). Because lactic acid, which is a biomolecule, is present, it is no surprise that 
a Raman peak is also present. 

 

After the baseline data was established, and the noise examined, it became possible to analyze 
samples. Figure 6 shows the spectra obtained from a leaf sample. 

 

 

Figure 6: Spectra obtained from a leaf sample 

 

The results from figure 6 show the same baseline data from Figure 5 in addition to what appears 
to be another Fluorescence spectra that has caused the CCD to saturate.  
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CONCLUSIONS 

 

Results show that it is possible to build a functional Raman-Fluorescence spectrometer for under 
2,500 USD.  The spectrometer, designed completely by undergraduates, was able to detect both 
Raman and fluorescence peaks. Though the CCD camera is not fully functional, the data is clear 
enough to determine that spectra were being observed.  

 

In the future the CCD will be optimized to allow for full detection of fluorescence spectra that 
would otherwise saturate the camera. This will require optimization of code to reduce sensitivity 
as well as a high frequency amplifier. Additionally, a pulsed laser and a chopper wheel may be 
introduced in order to eliminate fluorescence signals that may overpower any Raman spectra. 
These components are also expensive and will have to be designed by the Missouri University of 
Science and Technology Mars Rover Design Team. 
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                                                        ABSTRACT 

 

In this work we consider the problem of recovering shaped offset quadrature-phase shift keying 

(SOQPSK)-TG modulated data, which has been transmitted over an unknown channel, using the 

iNET data packet structure. Previous work has shown the effectiveness of a block processing 

CMA equalizer which uses the known data bits contained in the iNET packet structure (i.e. the 

preamble and ASM bits) to provide an alternative method of initialization. In this research we 

apply a CMA equalizer, which has been initialized by the minimum mean square error (MMSE) 

equalizer to measure data that was transmitted using the iNET packet structure in a laboratory 

experiment. Since the CMA equalizer does not determine the correct phase shift for each data 

packet, the known data bits contained in each iNET packet will be used to determine the phase 

correction. The total number of bit errors will be used as a basis to evaluate the performance of 

our MMSE-initialized CMA equalizer for this experimental data. 

 

1. INTRODUCTION 

 

We investigate the effectiveness of the constant modulus algorithm (CMA) equalizer in 

recovering an unknown data bit stream, which has been transmitted using the iNET data packet 

structure over a channel determined by a laboratory environment. The modulation scheme used 

is the shaped offset quadrature-phase shift keying (SOQPSK), version TG. Initial test results on 

simulated data transmitted over the aeronautical channel have shown that CMA initialized by the 

MMSE equalizer provides a lower bit error rate ([3]) than the usual center-tap initialized CMA 

equalizer. When applied to actual measured data, CMA will sometimes introduce a phase shift of 

180-degrees which can produce very large bit errors at the receiver if it is not corrected ([6]). In 

this paper we use the known data (i.e. the preamble and asynchronous marker (ASM)) bits in 

order to determine the additional phase shift introduced by the CMA equalizer. Thus we evaluate 

the performance of the CMA equalizer when the computed phase correction is used. 

 

  

 

 



2 
 

 

2. COMMUNICATION PACKET STRUCTURE 

The data used in this experiment consist of 6336 bits as specified by the iNET packet structure. 

The iNET packet structure is made up of known data consisting of the preamble and 

asynchronous marker (ASM) bits, together with the actual (unknown) data. The length of the 

preamble is 128 bits; the length of the ASM is 64 bits, and actual data consists of 6144 bits. The 

preamble is known data, which is used to identify the start of the packet, and it is also used with 

the ASM to determine the phase shift introduced by the CMA after equalization. The iNET data 

packet structure is shown in figure 1.  

 

 

Figure 1: INET data packet structure 

 

At the transmitter, the data formatted is modulated using the SOQPSK-TG, and transmitted using 

the iNET packet structure over an unknown channel specified by a laboratory environment. For 

our experiments, the transmitted data is perfectly known, which allows us to determine and count 

the number of bit errors after applying the equalizer to the received data packets. We note that 

the received data packets are blocks of length N=6336 bits, consisting of at least 12672 samples 

since the modulator operates at an equivalent rate of two samples/bit. 

3. CMA EQUALIZATION 

At the receiver, the constant modulus algorithm (CMA) is used to specify a blind equalizer, 

which minimizes a specific cost function given by  

          
,                                (1)                                                                  

where R2 =1 denotes the squared value of the CMA equalizer radius and this is usually 

calculated as R2 = E{|c(i)|
4
} / E{|c(i)|

2
 } for a constellation type c(i), and y(n) represents the 

equalizer output block at time n. This cost function attempts to restore the shape of the signal by 

pulling the equalizer output onto a circle of radius R2. Note that CMA does not take the signal 

phase into consideration. 

The update of the equalizer weights is based on minimizing the CMA cost function. This 

is done using block processing, with a steepest descent rule given by                                    
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where μn is a step-size, ÑwJCMA(y(n)) is the gradient of the cost function, and y(n) is the equalized 

output. Note that the MMSE equalizer is first computed based on the known preamble and ASM 

bits, and this is used as the initial weight vector, w0 for the CMA update. The gradient vector of 

the cost function is given by 

                         






 

*

2

2
)()(4))(( nCMAw xnyRnyEnyJ                           (3) 

where * operator denotes the complex conjugate operator. The output of the equalizer is a block 

of data determined by convolving the final equalizer weight vector, w(n) with the received data 

vector x(n), i.e. 

                         ( )   ( )   ( )                                                  (4)                                     

 

4. EXPERIMENTAL SYSTEM SET-UP  

 
In this work, the performance of the CMA equalizer is evaluated on a data stream, which was produced 

experimentally at Brigham Young University (BYU) using the setup shown in Fig. 2. At this location the 

SOQPSK-TG transmitter was set to 10 Mbits/s using an internally generated length-2027 PN sequence, 

and the signal was transmitted over the air based on a channel which was determined by the walls and 

desks within their laboratory environment. The received signal was then filtered and down-converted to a 

70 MHz IF where it was sampled at 100 Msamples/s. The sample sequence was stored on a hard drive 

using MATLAB
®
 to create the low-pass equivalent signal at a sample rate equivalent to 2 samples/bit. 

This experiment was conducted by our collaborators at BYU, and they provided the data to us. 

 
 

Figure. 2:  Experimental setup used to generate the data used in the simulations 

The CMA equalizer initialized by the minimum mean square error (MMSE) is applied to the 

received data as describe in ([6]). Figure 3 provides details on the processing and equalization of 

the received data.   

Note that for this implementation of the CMA equalizer, the MMSE equalizer is 

computed using the known preamble and ASM bits within the first received packet, and that 

filter is used to initialize the CMA equalizer. This is then followed by an update of the filter 

coefficients based on a single iteration of the CMA equalizer. After this the equalizer coefficients 

continue to be updated once using the CMA update equation (2) for all subsequent received data 

packets. The detection filter is applied to the data, which is first down-sampled before the CMA 
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Load INET data packets 

 Estimate the Frequency offset, and derotate the received 

samples 

Initialize CMA equalizer using MMSE and Estimate channel 

Update CMA equalizer  

Apply detection filter and downsample   

Apply PLL on preamble+ASM 

data 

Determine Phase Correction using last ASM symbol  

Find preamble bits 

Apply PLL to data, and the phase correction to data symbols 

Packet number>=NN 

Count error 

phase correction is computed. Finally we count the errors by correlating the equalized data with 

the transmitted PN sequence of length 2047. 

 

 

 

 

 

 

 

                                                         

 

 

 

 

  

 

               

            
 

Figure 3: Receiver Data Processing 

 

Procedure for Receiver data processing with Phase correction  

 Step 1: Load received iNET data packets. 

 Step 2: Find the Preamble bits. 

 Step 3: Estimate the Frequency offset, and derotate the received samples. 

 Step 4: For the first packet data, compute the MMSE equalizer filter and use this to 

initialize CMA.  

 Step 5: Update the equalizer filter coefficients once using CMA, and apply to equalize 

current data packet. 

 Step 6: Apply detection filter, downsample data in the packet, and apply phase lock loop 

(PLL) to the preamble and ASM bits.  

 Step7: Use the last two ASM bits (i.e. last ASM symbol) to determine the CMA phase 

rotation of the current packet, then apply to correct the rotation of the data.  
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 Step 8: Repeat Steps 5 through 7 for each iNET packet at the receiver, until all packets 

are processed.  

 Step 9: Determine the total number of bit errors by correlating the equalized data bits 

with the (known) transmitted PN sequence. 

 

5. PERFORMANCE EVALUATION RESULTS 

 Initial tests on the experimental measured data have shown that the CMA introduces an 

additional phase shift, which cannot be corrected by the phase-lock loop (PLL). In this section 

we present the performance evaluation results for the MMSE-initialized CMA equalizer after the 

phase correction is determined and applied. 

The phase correction was implemented as follows. The phase lock loop is applied to the entire 

received data packet, including the known preamble + ASM data bits. The CMA phase mismatch 

is determined by comparing the last ASM symbol in the iNET packet which is found before the 

transmitted data and is known. Assuming that the PLL has converged (and locked), the computed 

phase rotation for the last ASM symbol is applied to the unknown data after processing by PLL. 

The bit error rate is used as the basis for evaluating the performance of the MMSE-initialized 

CMA equalizer. Figures 4, 5 and 6 show the result of correlating the equalized data from the first 

19 transmitted packets with the 2047 pn-sequence which was transmitted. The flipped 

correlations seen in figure 4 occur at the start of certain packets, and clearly indicates that some 

data packets are rotated 180 degrees out of phase with the input sequence. Thus corresponding 

bit errors are only shown in figures 5 and 6.  

 

Figure 4: Correlation results for CMA equalizer (with no phase correction done) 

 

Figure 5: Error count results for CMA equalizer (phase correction has ASM in PLL) 
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Figure 6: Error count results for CMA equalizer (phase correction has Preamble & ASM in PLL) 

 

Figure 5 shows results of processing only the ASM and data through the PLL, while figure 6 

shows the improvement when both the ASM and preamble are both processed before the data 

through the PLL. From figure 5, we note large error spikes occur, for example in packet 2 with 

36 errors, packet 7 with 56 errors, packet 12 with 324 errors, and packet 17 with 63 errors so that 

the total  number of errors for this case is 565 bits within 114632 transmitted bits.  

 

  

 
 

CMA + phase 

correction using 

Preamble and ASM 

CMA + phase 

correction using 

ASM only 

MMSE 

equalizer 

No of Packets 19 19 19 

Avg. peak separation 12673.05 12673.05 12673.05 

Frequency offset (Hz) -1578.7 -1578.7 -1012.8 

BER 5.2341e-05 4.928816e-03 0.00e-00 

No bit errors 6 565 0 

Total Number of bits 114632 114632 114632 

 

Table 1: Simulation results for CMA equalizer  

 

Table 1 shows the simulation results for the MMSE equalizer, and the two CMA equalizers of 

figures 5 and 6 based on the first 19 packets. Note that the MMSE equalizer gives zero errors, 

while the total number of bit errors improved from 565 bits to 6 bits when the preamble is also 

included in the PLL.  

Packet No. 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 

Phase shift 

of  Equalized 

packet 

 

0 

 

0 

 

 

 

0 

 

0 

 

 

 

0 

 

0 

 

 

 

 

 

0 

 

 

 

 

 

0 

 

0 

 

 

 

0 

 

0 

 

 

 

Table 2: Computed CMA phase shift for the first 19 packets 
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Table 2 shows the computed CMA phase shift for each of the first 19 equalized data packets as 

determined based on the location of the last ASM symbol in each packet. Thus the results of 

figure 6 are produced by applying the phase corrections shown in Table 2 to the unknown data 

within each packet. By comparing the phase shifts of table 2 with the correlations shown in 

figure 4 we note that the phase rotations of packets 12 and 17 are computed incorrectly, and this 

may explain the corresponding large error spikes. 

 

6. CONCLUSIONS 

From this study, it is clear that in order for CMA to be successfully applied to equalize 

transmitted SOQPSK modulated data, there is additional processing which is necessary. In this 

case the iNET packet structure, which contains known bits at the start of the packet can be 

leveraged to allow for a phase correction providing the possibility that CMA can be used 

successfully as an equalizer for the transmitted SOQPSK data. 
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ABSTRACT 

In modern flight test installations there is a continuing trend to move the data 
acquisition closer to the sensors. As a consequence the data acquisition chassis needs 
to be mounted in locations that are small, inaccessible and subject to harsh 
environmental conditions. On top of this there are an increasing number of 
measurements required for each new flight test campaign. This paper discusses the 
challenges of designing a small lightweight data acquisition chassis which can 
provide hundreds of channels of measurement capability while operating in tight 
spaces which are exposed to fluids, high vibration and extremes of temperature. The 
paper suggests ways of designing and installing the data acquisition chassis in order 
to optimize the available installation space while mitigating the effects of the harsh 
environmental conditions. 
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1 INTRODUCTION 
 
In a drive to reduce the wiring of flight test installations there is a continuing trend of moving the 
data acquisition chassis closer to the sensors. As a consequence the data acquisition chassis needs 
to be mounted in locations that are small, inaccessible and subject to harsh environmental 
conditions. This paper discusses the implications of these requirements on the design of the data 
acquisition chassis. The paper begins with a recap of some of the more important data acquisition 
design concepts such as reliability and modularity which are so important for flight test 
equipment. The paper then investigates how small the data acquisition chassis can get while 
maintaining modularity and flexibility. The paper also presents some solutions to the difficult 
environmental conditions that are found in remote locations, such as high temperature and 
exposure to fluids. Finally the paper examines some of the system requirements placed on 
miniature modular data acquisition chassis. 
 

 
2 DATA ACQUISITION DESIGN CONCEPTS 

 
Modern data acquisition chassis require a very high degree of flexibility and configurability. 
Flexibility can be provided on the chassis level by designing each chassis to consist of multiple 



  

acquisition cards, with each acquisition card carrying out a different function. Further flexibility 
can be provided at the card level by allowing the behavior of the acquisition card to be 
configured. At the chassis level the flight test instrumentation engineer can create almost any 
configuration with a large catalog of acquisition modules.  
 
Depending on the platform, the size envelope available to install a data acquisition chassis will 
vary. Therefore it could be argued that the flight test instrumentation engineer requires multiple 
chassis types, each of which will house different sized data acquisition cards. In this scenario each 
chassis will come with its own catalog of acquisition cards. However this approach has its 
disadvantages. Firstly the flight test instrumentation engineer will not be able to mix and match 
his acquisition cards between different chassis. A card from one chassis will not necessarily fit 
into a second chassis type. Secondly it is unlikely the vendor of the equipment will support all 
interfaces in all chassis types. Therefore many possible configurations will not be supported.  
In fact it is possible to create many different chassis shapes and sizes using the same sized data 
acquisition cards. Figure 1 shows many examples of a KAM 500 chassis all of which use the 
same data acquisition cards. This solution allows you to tailor your chassis for different size 
envelopes while choosing acquisition cards from a single large catalog. 

 

All the chassis in Figure 1 are solid chassis in the sense that the there is a chassis into which data 
acquisition cards are inserted. Another method of building chassis is to construct the chassis out 
of the acquisition cards themselves. Using this “slice of bread” method there is no separate 
chassis. The chassis is formed by connecting several acquisition cards together and securing them 
via some locking mechanism. This method has the advantage that the flight test engineer can 
build a chassis with any number of slots up to a maximum value. However the “slice of bread 
approach” also has a number of disadvantages. Firstly when removing a module from the chassis 
it is not a simple matter of removing the module that you would like to change. The entire chassis 
must be disassembled in order to remove any module. Secondly the orientation of the modules in 
the chassis cannot change. Using the solid chassis approach shown in Figure 1 the orientation of 
the acquisition cards in the chassis can changed to create a long narrow chassis or even a circular 
chassis which could be mounted on a rotor.  Furthermore it is also possible with the solid chassis 
approach to create a chassis which is any number of slots in length, up to a maximum value. 

 
Arguably the most important feature of a data acquisition chassis is reliability. If the 
acquisition chassis malfunctions during flight then the test points will need to be re-flown. 
This incurs a large expense. It has been shown that designing data acquisition chassis using 
FPGA based state machines produces extremely reliable data acquisition products. Even if 
the system gets into  an unforeseen state due to power dips during flight it will cycle out of 

Figure 1 KAM 500 Chassis Shapes and Sizes 



  

that state within one acquisition cycle and begin operating normally again. It is quite 
common for processor based systems to not recover fully after such an event. Also in the 
event of a brief loss of power to the acquisition chassis, a chassis designed using an FPGA 
based state machine approach will begin acquiring data immediately after resumption of 
power. This is due to the fact that there are no processors which need to reboot. Acquiring 
immediately on power up enables test points to be completed even when there is a temporary 
power interruption to the acquisition system. 
 

 
3 MOVING CLOSER TO SENSORS 

 
It was noted in section 2 that using a solid chassis approach chassis of many different shapes and 
sizes can be created, all of which use the same catalog of data acquisition cards. However there is 
a limitation to how small you can make a data acquisition chassis which houses a particular type 
of data acquisition card. In order to house at least one card the chassis must be larger than the 
dimensions of a single card. In practice the chassis needs to be significantly bigger than a single 
acquisition card as the minimum requirement for a chassis would typically be an acquisition card, 
a transmitter card (to send data via Ethernet or IRIG 106 chapter 4 PCM) and a power supply.  
 
The amount of wiring required on a flight test installation has always been a concern for flight test 
instrumentation engineers. The time taken to define and install the wiring, the necessity to drill 
holes through structures and the sheer weight of the wiring bundle are all reasons why there is a 
continuing drive to reduce the quantity of wiring on a flight test article. One way to reduce the 
quantity of wiring is to move the data acquisition chassis closer to the sensors. This has the 
advantage of replacing a section of the wiring loom with a single Ethernet cable from the chassis. 
As the data acquisition chassis moves closer and closer to the sensors the available locations 
where a chassis can be installed get smaller. In some cases the space envelope may be smaller (at 
least in 2 dimensions) than the dimensions of the data acquisition card that is used in the rest of 
the configuration. 
 
One solution for these locations could be the creation of a dedicated acquisition box which fits in 
the required dimensions with a small number of measurements. However a dedicated acquisition 
box will solve the acquisition needs of only one location on one test article. A new box would 
need to be defined and created for every other location, which would typically have a different 
number and different types of measurements. The way to solve this generally would be to create a 
miniature modular chassis which could be populated with miniature acquisition cards.  
 
However even this approach has its limitations. As noted previously the smallest modular chassis 
will typically require an acquisition card, a transmitter and a power supply. As data acquisition 
chassis get smaller the power supply is increasingly becoming a larger percentage of the volume. 
This is due to the fact that any piece of equipment which is connected to aircraft power must 
comply with standards such as MIL STD 704 to ensure that it can be used safely on the aircraft.  
 
In order to fit the acquisition into even smaller spaces it may be necessary to mount the 
acquisition card itself in a separate location to the chassis. This acquisition card would send its 
acquired data back to the chassis via a serial cable from which it would also be powered. This 
would ensure that the acquisition card could fit in a space that was just marginally larger than its 
own dimensions. Multiple of these remote cards could be connected to single chassis to allow a 



  

network of miniature acquisition to be placed in the tightest of spaces. The fact that these cards 
could be used internal or external to the chassis would allow a relatively large catalog of cards to 
be created.   
 

 
4 ENVIRONMENTAL CONCERNS 

 
Another consequence of moving the data acquisition chassis closer to the sensors is that the 
chassis will get placed in more inhospitable places. For example one location for remote 
chassis is in the engine casing. During some phases of the flight test the ambient temperature 
of the casing will be in excess of 100 degrees Celsius. The electronics of the acquisition 
chassis will also add some self-heating. The 2 primary means of removing heat from a 
chassis are convection via air flow and conduction via the surface that the chassis is installed 
on. However in some locations there is very little airflow and the surface on which the 
chassis is installed is not thermally conductive. In this case depending on how much power is 
being consumed in the chassis, the chassis may be between 20 and 40 degrees hotter than 
ambient. This can result component temperatures outside the operating range of even military 
grade components. 
 
One potential solution is to add a large heat sink to the chassis to increase the surface area 
and allow more heat to be dissipated by convection. However this results in a much bigger 
chassis, negating the advantage of a small sized chassis, and prevents the chassis from being 
installed in many of the locations it could have been installed without the heatsink. 
 
Another potential solution is to locate many of the acquisition cards remotely from the 
chassis. This drastically reduces the heat generated in the chassis itself as most of the power 
will be consumed by the electronics on the acquisition cards. Also the surface area of each 
acquisition card would be sufficient to dissipate significantly more heat than if the cards were 
physically located together in chassis. 
 
Another inhospitable location for a miniature data acquisition chassis is the landing gear of a 
fixed wing aircraft. While the temperature will be more benign in these locations the chassis 
may be more exposed to the elements and sprayed with various fluids while on the ground. 
One of the challenges with a modular chassis is ensuring that the chassis is fully weather 
sealed. A chassis that is designed to allow modules to be quickly and easily removed may 
have small gaps between the modules when they are installed in the chassis. These gaps can 
be filled using form in place gaskets. Form in place gaskets use elastomer to provide sealing 
between two surfaces. The elastomer is applied to one side of the acquisition module as shown in 
Figure 2. When the modules are placed in the chassis side by side, the compression and the 
cohesion of the elastomeric material will then provide sealing. These gaskets can be electrically 
conductive and also provide an RFI shield. 

 



  

 

 
 

 
5 SYSTEM SOLUTIONS 

 
In section 3 we discussed how the requirement to move the data acquisition chassis ever 
closer to the sensors could necessitate a miniature acquisition chassis with its own catalog of 
acquisition modules. However it is important to note that any miniature chassis would need 
to be fully compatible with existing data acquisition chassis such that a heterogeneous 
network of standard and miniature chassis could be created. It should be possible to program 
both chassis types from the same configuration software. The entire configuration should be 
stored in a single configuration file, for example XidML [1]. It should be possible to analyze 
the acquired data from both chassis together in the same analysis software. Moreover in order 
to correlate the parameters from all channels in a heterogeneous network all channels must 
sample simultaneously. The network synchronization protocol IEEE 1588 [2] can be used to 
synchronize each chassis such that each chassis has the correct absolute. However it is 
equally important that both chassis have the same sampling strategy. For example if each 
chassis samples at the start of an acquisition cycle and at equal intervals thereafter and if the 
acquisition cycle is tied to absolute time then once the chassis are synchronized via IEEE 
1588 they will also sample data simultaneously. 
 
In fact to provide full flexibility of configuration each miniature chassis should be a full 
network node. This would allow any number of the miniature chassis to be added to a 
network which also included third party equipment. There is a large of number of open 
standards which can be used on Ethernet networks to ensure interoperability between 
equipment from different vendors. In particular the INET working group [3] is defining a 
superset of these standards which should be supported such that there is consistent interface 
on flight test equipment from all vendors. In order for a miniature data acquisition chassis to 
be placed in any network, support for these INET standards is an important requirement. 
 
In order to simplify the definition, installation and setup of the network it is also important 
that the miniature data acquisition chassis communicate with each other via Ethernet. In a 
typical flight test network a data acquisition chassis will acquire and packetize data, and 
forward those packets on to a recorder, a telemetry bridge or an on board processor. In 
modern flight test networks the telemetry bridge, recorder and processor may in fact be 
housed in one of the data acquisition chassis.  

Figure 2 Form in place Gaskets 



  

 
In an Ethernet network multiple nodes are connected via a network switch. The network 
switch can be a standalone box or a module that fits into the data acquisition chassis. While it 
is a necessity that a miniature acquisition chassis be able to house a switch module, in some 
configuration all of the slots in the chassis may be used for acquisition cards. One potential 
solution to this is to add daisy chaining capability to the chassis. In this scenario the 
controller card in the chassis would accept an Ethernet input from another chassis and 
combine the packets it receives from that Ethernet input with its own output packets for 
transmission upstream. By this method a number of chassis could be installed in tight spaces 
and connected together without the need for network switches or switch modules. 
Additionally given that the chassis is an independent network node, third party network 
equipment could also be daisy chained to the chassis in this way.   
 
 
 

 
 
 
 
 

 
6 CONCLUSION 

 
The trend to move the data acquisition chassis closer to the sensor leads to many 
challenges for the design of a data acquisition chassis. With the use of a solid chassis 
approach many different sized data acquisition chassis can be created. This has the 
advantage that the same acquisition cards can be used in all chassis regardless of whether 
they are located in the cabin or remotely. However in some cases the small space 
envelopes available for the installation of the chassis lead to the requirement for a 
miniature chassis.  
 
A miniature chassis will have similar requirements to the standard chassis in particular 
modularity and reliability. It has been proven that designing data acquisition chassis using 
FPGA based state machines produces extremely reliable data acquisition products. One 
complication of modularity is that there is a limit to how small a miniature modular chassis 
can be made. One potential solution to this is to locate the acquisition cards remotely 
from the chassis. This will allow data acquisition solutions to be fit into very small 
locations. 
 

Network 
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Modules 

Daisy  
Chain 
DAUs 

Figure 3 Network with network switches, module switches and daisy chained DAUs 



  

Locating the data acquisition chassis closer to the sensors can also lead to the chassis 
being placed in inhospitable places. Placing the chassis in high temperature zones can 
cause the components to reach temperatures outside of their specification. This can be a 
particular problem for miniature chassis where a large amount of electronics is squeezed 
into a small box. Building a chassis with remotely mounted modules may also serve to 
alleviate this problem. Fluid ingress is another challenge for modular chassis that are 
installed in locations which are exposed to the elements. However weather sealing can be 
accomplished using such technologies as form in place gaskets. 
 
Finally it is important that a miniature chassis operates in a heterogeneous network with 
standard chassis from the same vendor and equipment from third parties. To ensure this, 
the chassis must be a full network node supporting open standards, including the soon to 
be published INET standards. In order to connect multiple miniature nodes to the 
network, it would be a significant advantage if the chassis had the built in capability to 
daisy chain other network nodes without needing a separate module. With these 
capabilities the remote miniature chassis would solve many of the challenges flight test 
engineers are currently facing. 
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ABSTRACT 

 
The use of wireless data networks is ubiquitous in the consumer world. They have gained 
significant traction due to advantages afforded by the lack of wires. These same advantages can 
prove valuable in Flight Test for data acquisition. Sensor nodes are ideal candidates for low 
bandwidth wireless networks. Located in remote, hard to reach and hostile environments, 
wirelessly acquiring data from such sensor can solve a number of existing issues for FTI engineers. 
Implementing such wireless communication introduces a number of challenges such as 
guaranteeing reliable transfer of the sensor data and time synchronization of the remote nodes. This 
paper addresses wireless sensor acquisition, the associated challenges and discusses approaches 
and solutions to these problems. 
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1 INTRODUCTION 
 
Flight Test Instrumentation (FTI) systems extensively utilize wired networking 
technologies because they are a proven technology; however, in a number of scenarios 
wired networks present significant shortcomings. Most of these shortcomings, ironically, 
relate to the unavoidable fact that the networks involve wires. 
 
One of the most significant of these limitations is accessibility, in a number of scenarios it 
is simply not possible to route a wire to a remote sensor thereby making acquisition 
impossible. Another limitation is weight. As networks increase in size and complexity, the 
weight of the wires contributes to a significant proportion of the total weight of the 
acquisition system. Additionally, the inflexibility of a wired network is another aspect 
which limits the utility of such a system and can significantly increase the cost of testing. 
 
Wireless networks alleviate many of these issues.  The ability of the wireless network to 
easily and quickly change its topology and augment an already installed network is a 
significant advantage that wireless brings.  This paper will examine these issues and will 
propose solutions based on wireless technology. In particular, solutions involving wireless 
sensor networks will be addressed. 
 

2 WIRELESS DATA ACQUISITION SCENARIOS 
 
There are a number of specific use cases that can be considered for wireless data 
acquisition. Addressing these scenarios can help to identify the particular requirements for 
each scenario and therefore help in selecting the most suitable technology. The following 



  

are a list of uses cases identified in FTI 

2.1 USE CASES 
 

1. Wireless Sensors: Remote sensors gather measurements and the data is 
transmitted to a wireless data acquisition user module that allows the 
measurements to be transmitted on the wired network 

2. Point-to-point Wireless Data Acquisition: Data acquired from various sensors and busses 
is acquired in a wireless remote DAU. The acquired data is then transmitted wirelessly to a 
receiving wireless DAU. 

3. Wireless Bridge. Two wired Ethernet networks can be bridged using a wireless link. This 
allows two networks which may be physically impossible to connect, be bridged using a 
wireless link. 

4. Wireless Access Point: Multiple 
remote wireless RDAUS can associate 
with an Access Point and transmit the 
acquired data wirelessly to the access 
point. An access point is typically a 
router and a wireless bridge in the one 
unit. This unit also allows wireless 
clients such as real time analysis PCs 
connect to the FTI network. 

5. Wireless Data Mining: A PC with a 
wireless network card can connect to the FTI 
network to mine the data recorded from the 
acquisition system. 

6. Telemetry: A long-range Ethernet link to the ground to allow part of the acquired data be 
transmitted to the ground as well as commands sent to the FTI network. 
 

2.2 FTI SPECIFIC CHALLENGES 
 
Wireless networks in commercial spaces have already addressed a number of the issues which 
wireless communications systems encounter. Network contention is primary among these. Many 
protocols use a Carrier Sense Multiple Access with Collision Avoidance (CSMA/AC) schemes as a 
channel access method. This mechanism introduces packet latency, packet loss and a reduction in 
the transmit determinism and still may suffer collisions due to the hidden terminal problem or 
simultaneous transmission. These are all undesirable factors in FTI networks, where guaranteed 
delivery of packets, is a strict requirement. As a result, mechanisms to mitigate against packet loss 
should be accounted for in FTI wireless networks. 
 
The variability in the packet delay through the network has a significant impact on time 
synchronization mechanisms such as Precision Time Protocol (PTP) [1]. PTP is a widely used time 
synchronization mechanism in FTI networks, allowing remote data acquisition units to be 
synchronized accurately to a common time source. In replacing wired links with wireless 
connections, the time synchronization of remote DAUs need to be maintained or replaced with 
equivalent schemes. 
 

Figure 1 Wireless Acquisition Scenarios 



  

3 WIRELESS TECHNOLOGIES 
 
There are a number of wireless standards that are currently in use in the commercial world. To 
match the FTI scenarios previously identified to wireless standards, it’s important to compare these 
standards, identifying advantages and disadvantages. 

3.1 WIRELESS LAN 
IEEE 802.11 is a set of standards that operate primarily in the 2.4GHz and 5GHz bands. This 
standard is commonly known as Wi-Fi, and widely used in the office and at home. There are a 
number of protocols defined using this standard, currently the most widely used being 802.11g and 
802.11n. The key features are briefly summarized here 
 

 802.11b 802.11g 802.11n 802.11ac 

Release 1999 2003 2009 2014 

Frequency 
(GHz) 

2.4 2.4 2.4/5 5 

Max Data 
Rate 
(Mbit/s) 

11 54 150 1000+ 

Modulation DSSS DSSS, 
OFDM 

OFDM OFDM 

Range 
(LOS m) 

100 100 250  

The key features that Wi-Fi brings are relatively high data rates and wide adoption in the 
commercial world. The data rates approach or exceed 100Base-T Ethernet rates, making it suitable 
for scenarios where significant data is transmitted such as a Wireless Network bridging and 
Wireless Access Points. However with such data rates, come significant power requirements. A 
single chip WLAN module could easily draw up to 1000mW when transmitting at 802.11g data 
rates. [2] For devices line-powered this could be acceptable but for battery powered devices which 
need to remain autonomous, this is quite high power consumption. For wireless sensor networks, 
the combination of high data rates and high power consumption is not ideal. 

3.2 ZIGBEE 
Zigbee is a networking standard generally used for 
low data rate, home automation and industrial 
control applications such as lighting control. It is 
based on the IEEE 802.15.4 radio standard and 
supports applications that require periodic short data 
transfers up to 250kbit/s over distances to 75m. The 

standard provides for low end-to-end latency and is a 

Figure 2 Wi-Fi Standards 

 
Figure 3 Zigbee Acquisition Module 



  

relatively mature standard. However there are still a number of shortcomings in the standard that 
has been explored in previous papers and experimental developments. [3] Contention when 
accessing the network has a significant impact on the aggregate data rate. Time synchronization of 
the remote Zigbee nodes is also not part of the standard, whereas accurate timestamping of wireless 
samples in FTI is crucial. Zigbee provides a very interesting option for Wireless Sensor Networks 
while not having the complete answer. 

3.3 BLUETOOTH 
Bluetooth is another wireless standard for use over short distances. It’s was originally standardized 
as IEEE 802.15.1 but is now maintained by the Bluetooth SIG. Data is transmitted using a Time 
Division mechanism which makes is suitable for FTI wireless sensor networks. Bluetooth is 
generally considered a short-range communication protocol which is typically less than 10 meters. 
However the radio uses a frequency-hopping spread spectrum mechanism, which can complicate 
regulatory compliance in a tightly regulated environment on a plane. 

3.4 ANT+ 

ANT is a proprietary wireless technology developed by Dynastream Innovations. It’s a targeted at 
low data rates using a TDM system in the 2.4GHz spectrum. The data rates supported are quite low 
(~20kbps) which limit the application area. 
 

4 WIRELESS SENSOR NETWORKS 
 
A Wireless Sensor Network (WSN) is network of spatially distributed sensors that monitor 
physical or environmental conditions such as temperature, pressure, strain, etc. These wireless 
sensors transmit the acquired data to an acquisition system. Wireless sensors are typically small 
with ultra-low power requirements running on batteries or utilizing energy harvesting schemes.  
 
The ease of installation of wireless sensor networks brings advantages to debug or temporary 
installs. The install time for a wireless sensor network is quicker than a wired network. 
Furthermore, modification of an existing sensor network is significantly quicker than modification 
of wired installs. This has been demonstrated in a Cabin Comfort install on the A350 MSN2. [4] 

4.1 DATA SOURCES 
Typically sensors are sampling analog data sources with varying profiles of data rates. 
 
• Acceleration. Typical accelerometers contain multiple channels to measure on three planes of 

motion. Sampling rates vary but can reach rates of kHz. As a result they can be quite 
demanding on bandwidth. 

• Temperature. In many scenarios, temperature changes are relatively slow allowing low 
sampling rates. 

• Strain. Similar to accelerometers, strain 
measurements range from very low 
sampling rates measure in samples per hour 
to hundreds of Hz. 

 
In many of these measurements the acquisition 
systems follow a similar approach.  The data is 
sampled, some signal conditioning is performed 

Sensor Inputs 

Sensor Signal 
Conditioning A/D Converter 

Data Logger 

Figure 4 Signal Acquisition 



  

and the resulting data is logged. The signal conditioning can vary between applications and 
installations so should be programmable. 
 

4.2 LXRS 
As previously mentioned there are a number of wireless protocols that can be used for wireless 
sensor networks, however many come with limitations. An alternate approach is to use a 
proprietary wireless protocol that specifically addresses these limitations.  LXRS is a wireless 
communication protocol which is designed for (but not limited to) the IEEE 802.15.4 
communication standard. LXRS describes a method for guaranteed data delivery, mitigation of 
channel contention, and measurement synchronization.  All of which, are essential features of a 
wireless measurement system.. 

 Medium Access Control 4.2.1
 
Data transfer using the LXRS protocol follows a Time Division Multiplexed (TDM) approach. The 
bandwidth on the network is divided into time slots. Each sensor node on the network is 
programmed to transmit only during the assigned time slot. Multiple time slots can be assigned to a 
node to meet the aggregate data rate requirements of the node. This approach removes the impact 
of collisions to the data transfer, increasing the determinism and network throughput while 
significantly reducing the number of retransmits.  

 Time Synchronization 4.2.2
 
In FTI networks, the accuracy of timestamping of analog samples is a key requirement. The ability 
to synchronize and align samples taken from a wireless sensor with samples from standard wired 
sensors is crucial in the analysis of the acquired data. To achieve this on the wireless sensor 

network, the LXRS 
protocol supports time 

synchronization 
accuracy of ±32 
microseconds. Upon 
startup, all sensor nodes 
within the network 
synchronize their 
sampling intervals to a 
broadcast beacon signal 

from the wireless gateway. The wireless sensors use high precision real-time clocks to maintain 
time stability between beacon re-synchronizations which occur every 20 seconds. In a setup where 
the Wireless gateway is integrated into a wired Ethernet network, the source time could eventually 
come from a PTP grandmaster. 
 

 Data Integrity 4.2.3
 
While implementing a TDM based data transfer mechanism reduces packet collisions between 
wireless nodes, due to the nature of wireless networks, elimination of all packet loss is still a 
significant challenge. The channel environment itself posts a number of challenges which a 
communication system needs to overcome. Specifically, due to a changing environment with 



  

multiple transmission paths, the wireless signal can suffer serious degradation which varies over 
time.  Sensors can be moved or physical obstructions can temporarily interfere with transmit and 
receive paths. Temporary radio interference from other transmission sources may also cause packet 
loss.  
 
LXRS includes a mechanism for overcoming the packet loss due to these temporary interference 
scenarios. Packets which are successfully received by the wireless gateway are acknowledged in a 
handshaking mechanism. Each wireless sensor contains some non-volatile memory in which the 
wireless samples are stored. Packets that are not acknowledged remain within NVM on the node 
and are scheduled for retransmission at later time. The time-stamping of the sample is also 
recorded so that the timestamp matches the sampling time and not the transmit time, meaning that 
the timing fidelity of the measurement is maintained despite being buffered. 

 Extended Range 4.2.4
 
WSN which been designed to utilize LXRS have also been designed to support a larger transmit 
range.  The transmit range is a function of the transmit power and the nature of the environment. In 
a line of sight application the range is between 1.5 km and 2 km depending on the regulatory 
requirements. In more confined and congested environments the effective range is reduced.  
Additionally, in harsh RF environments characterized by severe frequency selective fading, the 
increased transmit power serves to increase the reliability of the RF link by increasing the link 
budget.   
 

4.3 POWER CONSUMPTION AND SENSOR AUTONOMY 
The ideal wireless sensor will consume no power, allowing the sensor to remain installed with no 
power source or requirement to change batteries. However for the sensor to measure, process or 
transmit, some power will be consumed. Minimizing this power consumption will extend the time 
between either replacement of the battery or recharging of the battery. 
 
The operation of the wireless sensor can be split into three distinct modes of operation 
• Logging and processing of sensed data. Typically 5mW. 
• Wireless transmission of sensed data. Typically 45 mW. 
• Sleeping between data samples. Typically 0.02mW [5] 

 
To maximize battery life of the remote sensor each mode of operation should be optimized. 
However it is clear from the figures that limiting the wireless transmission operations would have 
the largest impact on the battery life. By locally logging the sensed data in the wireless sensor and 
then transmitting a burst of samples would be a more efficient use of the battery rather than 
transmitting each sample. LXRS supports such a mechanism [6].  
 
Judiciously configuring the remote sensor to sample at the minimum rate needed to meet the 
measurement requirement would be the next approach in maximizing battery life. With two orders 
of magnitude between sleep mode and logging of data, it is clear that only sampling data at the 
minimum required rate will maximize battery life. 

 Energy Harvesting 4.3.1
 



  

While the ideal wireless sensor consuming no power is not achievable, an alternate solution is 
to use an energy harvesting mechanism on the sensor. This would provide for a fully 
autonomous sensor, removing the requirement for battery replacement or recharging. However 
the efficacy of such a device is highly depended on the amount of non-electrical energy 
(vibration, thermal gradients, cyclical strain, etc…) found within the environment. Each 
harvester requires a significant level of customization to operate within specific scenarios.  
 
Due to the power consumption of the measurement and transmission system, this facility is 
best suited to low sampling rate measurements like strain or temperature. At 10Hz it has been 
shown than power consumption of a wireless sensor node can be implemented at 90µW [7]. 
This level of power can be satisfied by piezoelectric energy harvesters or photovoltaic sources.  
 
Higher samples rates have been achieved in a number of applications including monitoring the 
loads on pitch-links continuously at 128 Hz [8] and rotor system vibration periodically at 4 
kHz. [9] 

4.4 INTEGRATION IN ACQUISITION SYSTEMS 
The Wireless Sensor Network, once acquiring data from remote sensors, needs to be integrated into 
the same acquisition system as all the wired sensors, forming a homogeneous network.  
 
This includes: 

• Programming the WSN using standard network protocols such as TFTP and SNMP. 
• Transmitting acquired data using the same packet formats, for example IENA or iNet-X. 
• Time synchronization using PTP or NTP. 

 
With modern open standards such as XidML [10], it is possible to store information on how data is 
acquired, processed and transmitted in an FTI network. When used in combination with 
configuration software such as DASStudio [11], it is possible to configure and acquire data from 
WSN, just as easily as from wired sensors.  
 
Once recorded, the source of parameters, whether wired or wireless, is transparent to the FTI 
engineer analyzing the results. This makes it even easier to move between wired and wireless 
sensors.  

 
5 CONCLUSION 

 
It is trivial to imagine a number of scenarios in which wireless technology can solve existing FTI 
problems or make existing solutions more flexible, efficient and cheaper. However the introduction 
of wireless technologies will not be without its challenges. In Wireless Sensor Networks, reliable 
transmission of acquired data and time synchronization issues present challenges which can be 
addressed using wireless standards such as LXRS. Integration of such protocols into existing 
network infrastructure is possible by using acquisition modules like the Curtiss-Wright KAM-500 
module, the KAM/WSI/104. The gains that wireless sensor networks promise provide an attractive 
goal for the move to wireless. 
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ABSTRACT 

 

Spectrum sharing between Federal and commercial users is a technique proposed by the FCC 

and NTIA to open up the 3.5 GHz band for wireless broadband use and  small cell technology is 

one of the candidates for its’ realization. The traffic on small cells is temporal and their chances 

of interfering with other services in shared spectrum are limited. DoD has a documented 

requirement of 865 MHz by 2025 to support telemetry but only 445 MHz is presently available. 

DoD is conducting researches to realize test and evaluation spectrum efficient technology with 

the aim to develop, demonstrate, and evaluate technology components required to enable flight 

and ground test telemetry operations. This paper will provide an overview on spectrum sharing 

using small cell technology for LTE-Advanced and dynamic spectrum access would be briefly 

described. Research challenges for protocols and algorithms would be addressed for future 

studies.  

Keywords: spectrum sharing, small cell, aeronautical mobile telemetry, spectrum access system, 

dynamic spectrum access. 

 

1. INTRODUCTION 

 

The demand for wireless spectrum, particularly wireless and mobile broadband services is 

growing everyday because of the increasing mobile connectivity. This growth represents a 

significant economic opportunity but also presents a challenge, as increased usage strains the 

capacity of the airwaves. Unfortunately, this growing demand is not limited to commercial users 

alone. Government departments such as the (Department of Defense) DoD as a result of 

increased test system complexity and data rates to meet up with the development and deployment 

of modern weapons, has a documented requirement of 865 MHz in the near future to support 

telemetry but only 445 MHz is presently available [1]. 
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Spectrum by itself is non-depletable resources but limited in some constraint i.e. the same 

frequency, same technique cannot be used at the same time and same area. Securing additional 

spectrum has been difficult, partly because spectrum usable by today's mobile broadband 

technologies is currently designated for a variety of other uses [2].  

Since spectrum is a finite resource, allocating more spectrum for some services inevitably 

requires consideration of re-allocation of spectrum from other uses, which can cause disruption 

and cost whilst spectrum is re-configured. As a result of this, the (Federal Communication 

Commission) FCC and the (National Telecommunications and Information Administration) 

NTIA are placing much greater emphasis on the efficiency with which spectrum is used [3]. 

Presently, consideration is being given to far more innovative ways to use radio spectrum that 

has traditionally been considered – making available un-used gaps in spectrum [3].  

To alleviate these challenges, efforts have turned to include spectrum sharing with incumbent 

users. One user may have priority over the other, but generally all users assigned to those 

frequencies can use them.  

 

This way, more spectrums can be made available to those who need it faster than it would 

normally be possible. Spectrum sharing technologies hold great promise and can lead to 

maximize the use of spectrum by allowing users as much as possible while the interference are 

manageable. 

Spectrum sharing between Federal and commercial users is a technique proposed by the FCC 

and NTIA to open up the 3.5 GHz band for wireless broadband use. The 3500-3650 MHz band is 

one of the candidate bands identified and recommended by the NTIA for reallocating 100 MHz 

of its 3550 – 3650 MHz for wireless broadband use within the shortest possible time [3, 4]. 

  

The band was selected by NTIA because WiMAX equipment has already been developed. NTIA 

understood this band to be used primarily for high power ship borne radars designed to operate in 

the 3500-3650 MHz band due to specific propagation and atmospheric conditions unique to this 

frequency range [5]. It is also used for communications with missile systems for data updates to 

the missile while in flight to its target.  

 

The radars in this band represent significant investment on the part of DoD and many are 

incorporated into ship and aircraft design. Redesigning for other frequency ranges to make this 

spectrum available for wireless broadband may require new technology, and significant redesign 

of their associated platforms. 

 

The remaining part of the paper is organized as follows. Section 2 introduces spectrum sharing, 

small cells and spectrum access systems. Section 3 provides the possibility for adaptation of 

aeronautical mobile telemetry in the 3.5 GHz band. In Section 4, research challenges are 

discussed from both the protocol and algorithm perspective, while section 5 concludes the paper. 
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2. TECHNOLOGIES 

 

 

The FCC in a bid to actualize spectrum sharing between different players in the 3500-3650 MHz 

band organized a workshop. The workshop explored small cell innovation as well as database 

management system, the spectrum access system (SAS) sharing technologies that could be 

deployed to manage access to the band [6].  

Small cells are low-power radio access nodes that provide a resourceful network solution for 

coverage, capacity, and quality. They are typically used to extend wireless coverage to areas 

where macro cell signals are weak or to provide additional data capacity in areas where existing 

macro cells are overloaded [7].  

The signal propagation at 3.5 GHz is still viable for non-line-of-site use, allowing for flexible 

network topologies [7]; hence, given the characteristics of the band, the 3.5 GHz Band appears to 

be a good candidate for small cell uses.  

In spectrum sharing, interference events from both the incumbent and the secondary users are 

inevitable therefore, the FCC/NTIA and the Commerce Spectrum Management Advisory 

Committee (CSMAC) proposed the creation of exclusion or protection zones [4, 10]. It was 

reported in the Fast Track Report modeling that the largest exclusion zone distances are in 

protecting wireless broadband systems operating in the most populated areas from interference 

from high-power Navy radars with the largest over-land protection zone distance from the 

shoreline. Averagely, the distance is approximately 450 km and according to estimate, the worst 

case distance would cover approximately 1/3 of the Continental U.S. landmass. This would 

prevent approximately 190 million people or nearly 60 percent of the U.S. population from 

having access to small cell technology in the 3.5 GHz band [7, 8].  

With small cell technology, even if the exclusion zone distance is reduced, the potential 

interference from high-power Navy radar systems to the wireless broadband systems may not be 

completely addressed [7]. In the same vein, the power levels transmitted by Citizens Broadband 

Service users must be limited in a manner to protect against harmful interference with the high-

power Navy radar systems [7].  

However, it is important to find out if 3.5 GHz Band could be shared using low power devices 

and what power levels are appropriate to minimize or avoid interference with the incumbent 

users [8, 9]. Transmit and received power, requirement for antenna gain, elevation and azimuth 

gain patterns for the antenna must be properly modeled for indoor and outdoor coverage. These 

challenges therefore call for standardized designs of small cell technology that will be applicable 

for use in the LTE-Advanced spectrum sharing technology [7, 9].   

To protect the primary user, a spectrum access system (SAS), a geo-location database system 

with capability of dynamically managing the relationships among three proposed tiers of users at 

3.5 GHz: federal and nonfederal incumbents, Priority Access Licensees and General Authorized 

Access users will be deployed [10]. Devices that want to use shared spectrum must geo-locate 

themselves and consult a database to determine what spectrum is available with the expectation 

that each players will abide by the rules and regulations in order to eliminate or minimize 

avoidable interference.  
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3. TELEMETRY 

 

The Department of Defense currently use 1435 – 1525 MHz band for Aeronautical Mobile 

Telemetry (AMT) because the band is noise-limited and is ideal in terms of its propagation 

characteristics [11]. The 3.5 GHz band can also be used for AMT under the spectrum sharing 

arrangement to reduce spectrum shortages as envisaged by DoD [1].  

What is mostly important is a study on how to deal with interference from AMT aircraft 

transmitters to eNodeB LTE- Advanced base stations [11] taking into consideration the AMT 

ground station specifications, aircraft transmitters and antennas and the aircraft to ground 

propagation characteristics? Also, the LTE-Advanced characteristics, handsets/UEs, eNodeB 

base stations and ground to ground propagation characteristics. 

The database system that manages the shared spectrum for AMT and other players must be 

dynamic and the response time must also be very fast in order to reflect the different operational 

dynamics of the aircraft with respect to Navy radar, eNodeB LTE- Advanced base stations and 

user equipment (UE). Dynamic spectrum access is then necessary in order to allocate the 

available bandwidth in an efficient and effective manner. 

 

4. RESEARCH CHALLENGES 

 

Several research challenges on protocol and algorithms, guidelines for future researches is 

provided in this final section. 

 

 

4.1 CHALLENGES ON PROTOCOLS AND ALGORITHMS 

 

In the proposed SAS/DSA design, collision avoidance must be of high priority especially with 

the primary user. The SAS/DSA protocols need to avoid collisions among different users through 

efficient coordination of their spectrum access. This could be implemented by imposing stringent 

interference power constraints.  

The protocols should contain spectrum sensing decisions: when to sense shared available 

spectrum, which channel to sense, and how many channels should be sensed [12]. The SAS/DSA 

protocols design should include spectrum sensing scheduling to enhance efficient performance 

and improved network.  
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Power control mechanism can be designed in a way to reduce mutual interferences among 

neighbor nodes (LTE – Advanced and small cells) and could improve the spatial reuse efficiency 

and significantly increase the network throughput. This is therefore is a critically important 

component for the SAS/DSA protocols. Designing efficient power control mechanism could be a 

complex and challenging task for spectrum sharing. 

The design of control channel for sharing regime is very important because the status of multiple 

sharing decisions needs to be exchanged between the various users. It is therefore necessary to 

design efficient control channels to transmit large amount of control information. This implies 

larger overhead. However, larger overhead of control channels means it is possible to transmit 

the information of only a part of spectrum bands and could mean sub-optimal performance. This 

design therefore requires tradeoff between performance and system complexity.  

It is important to consider a handover protocol in the design between the nodes of LTE-

Advanced and small cells so as to consider the potential access capability of target cells because 

the target cell tries to find out whether the available resource is enough. The gain of resource re-

allocation should be considered during the handover process.  

Mobility is an important issue that needs serious consideration since Navy radar system is not 

stationary. For spectrum sharing DSA protocol design, the DSA protocols would rely on time or 

frequency synchronization for better spectrum access coordination and probably stringent 

network-wide synchronization, like the time slotted protocols. However, mobility of Navy radar, 

eNodeB LTE- Advanced base stations and user equipment (UE) nodes may cause the drift of the 

reference clock, which will significantly degrade system performance.  

Between the LTE-Advanced and small cells, because the signals of different frequencies have 

different propagation properties, the user at the edge of cells should have access to their 

respective network. Some spectrum bands may not reach the edge of cells and this post 

challenges when scheduling. The spectrum bands with lower frequency should be allocated to 

the users at the cell edges with high priority. The fairness is also a new issue for the users at the 

edge of cells.  

 

 

5 CONCLUSIONS 

 

This paper provided the overview and challenges of spectrum sharing. The proposed innovations 

were discussed and the applications to telemetry. We conclude the research progress on spectrum 

sharing for adaptation of small cell technology/LTE-advanced system and spectrum access 

system cases respectively. The technique challenges are discussed on both protocols and 

algorithms. These discussions will hopefully serve as guidelines of further research studies on 

the proposed spectrum sharing in the 3.5 GHz band.  
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ABSTRACT 

 

Changing from  L/S-Band to C-Band requires not only new equipment. Even the characteristics 

of the new frequencies just as the new frequency environment are a challenge for the operations 

in this bands when changing from a well-known frequency environment to a unknown new one. 

This paper describes the way used at Airbus Defense and Space Flight Test Ground Station to get 

experience with new equipment and to learn more about the new environment. Repeatable and 

comparable tests allowed training for the operators and the optimization of the equipment and 

procedures with the new environment. Although many of the problems or features observed 

during the tests where expected in advance, but even unexpected results could be identified. 

 

KEYWORDS 

 

C-Band, Equipment Testing, Environment 

 

INTRODUCTION 

 

Using telemetry for online data transmission in flight testing is a standard since at least 50 years. 

At the beginning there were no problems obtaining spectrum for the test community. Low data 

rates required narrow bandwidth only. And the spectrum was not occupied by too many other 

services. In L-Band a comfortable, stable telemetry was established as a standard in flight testing. 

The steadily growing data amount of the test vehicles and the confidence into telemetry let to 

increasing data rates and a need for more bandwidth. Unfortunately at the same time, the number 

of additional services requesting frequency space, was growing rapidly. The growing 

communications industry, the increasing number of telemetry services (like remote controls on 

ground and on air), medicinal services and others are not only using frequency spectrum, but are 

although a big economical factor, paying taxes and swapping money into the cash-box of the 

public administration. Therefore in the 90
th

 the L-Band was sold to the industry and flight test 

had to move into S-Band. But at the end of the last century the wish for having more spectrum for 

the flight test community was still alive. At the World Radio Conference in 2007 in Geneva a 

60MHz range in C-Band was reserved worldwide for flight test applications and for Europe 

additional 100 MHz where granted. It took several years until the industry could provide the 

necessary equipment like antennas, transmitters and receivers and the first nations (France, Spain, 

United Kingdom) asked flight test on a short notice to move their telemetry operations into the 



new C-Band. In addition other new services occupied more and more frequency space of the S-

Band. 

There are many mobile phone providers using the S-Band for their ground network. In Europe  

new telemetry networks for video applications are planned in the S-Band. Therefore it is a real 

need, to be prepared to move to C-Band as soon as possible 

 

REQUIREMENTS 

 

When starting a new project, you have to collect the requirements, what shall be the result of this 

project. In our case (the project is named “Introduction of C-Band for Flight Test Telemetry”) our 

C-Band test requirements are: 

- Collect experience with C-Band, especially regarding 

o Multipath 

o Sensitivity 

o Damping 

o External sources 

 

- Compare different equipment, like 

o Antennas 

o Transmitters 

o Receivers 

o Best Source Selectors 

 

- Optimize the equipment with respect to the local environment 

- Learn the operators the handling of the equipment in certain, critical situations 

 

Caused by the usually short term planning in flight test, the operational requirements for the 

test platform were: 

- Low cost 

- Good and short term availability 

- Short reaction time between test requirement and test execution 

 

To have comparable results of the C-Band Test data with already existing S-Band data we had 

the analysis requirements 

- Data structures of test data shall be compatible to already existing test data 

- The test environment shall be as close as possible to an existing environment for fighter 

aircraft, that means that PCM data and video shall be transmitted, data rates shall be 

similar to the already existing solutions 
 

SEARCHING FOR A TEST PLATFORM 

 

When investigating the possibilities for a test platform, the possible solutions we considered 

were: 

- A bore-sight antenna.  This solution fulfilled the operational requirements regarding cost 

and availability, but was very poor with the C-Band test requirements. 

- A helicopter, provided by the official test center of the German air force. This solution 

had the disadvantage, that helicopter telemetry differs significant from A/C telemetry. 



Also with respect to the availability we were not satisfied, because this helicopter was 

very often used for other projects and this requires a long term planning, which we could 

not provide. 

- A remote controlled Quad Copter as proposed by [3].  

- A Flying Test Bed seemed to be the best solution, based on a fixed wing aircraft. 

Normally we used a DO228, which has a certification as a test aircraft. With this 

certification it is very easy, to implement new equipment into the aircraft for a test. But 

this aircraft is very expensive and the availability also is underlying a strong long term 

planning 

- Therefore (as discussed intensively in [1,2]) the decision was, to use the powered motor 

glider (Dimona H36) of the local gliding club. 

 

The aircraft was typically always available during the week. The cost per flight hour was less 

then 100€. The aircraft could be operated by every member of the gliding club.   

A platform was developed, which could be mounted inside the aircraft in less then 30 minutes. 

To make the aircraft ready for test took another 30 minutes.  Therefore all the operational 

requirements were fulfilled by this choice. 
 

CERTIFICATION OF THE TEST PLATFORM 

 

The problem with the powered glider was, that there was no certification for doing test flights 

with it. But with the help of the German authorities from the LBA (Luftfahrtbundesamt) it was no 

big problem, to obtain a certification for an electrical autonomous test platform. The certification 

allowed the installation and deinstallation of  the platform by the pilot without the signature of an 

examiner. The platform was fixed on the Co-pilots seat, using the seat belt mounts. Therefore no 

changes on the aircraft cell had to be done. The platform was limited in weight by the 

certification and we had to provide a handbook for the users of the platform. Based on these 

limitations, every pilot with a private pilots license (PPL) was able to perform flights with the 

powered glider when the test platform was installed. For changes on the platform itself, the 

platform must be checked and cleared by an examiner again. 
 

  

Picture 1:   Test platform  installed inside      Picture 2:  Test rack and antenna position at the  

the aircraft.     aircraft 

 

 



TEST PLATFORM LAYOUT 

 

As mentioned above, one of the requirements was, to have a telemetry stream very similar to the 

telemetry stream received from our “normal” test aircraft. Therefore we installed on the platform 

an ACRA KAM-500 data acquisition system. This system was equipped with a recording 

module, a GPS module, a video module and different analog modules to record temperature and 

humidity inside and outside the aircraft. A video camera was mounted on the test rack and the 

video image was transmitted to the ground crew during test. Additionally a navigation platform 

(XSENS MTI-G) was installed and the aircraft position and the flight attitudes where recorded 

during the whole test. The electrical power of the system came from a lithium-ferro-phospat 

accumulator, which could support the system with power for more then 2 hours time of 

operations. 

 DEFINING TEST PROCEDURES 

 

One of the requirements above was, to produce comparable test data from different equipment or 

different tests. Therefore a limited number of test cases were prepared by the test crew. The 

standard maneuvers, performed in the different tests were: 

 

1) Standard aerodrome pattern with the programmed way points.  

a) Takeoff Position 

b) Departure Leg 

c) Crosswind Leg 

d) Downwind Leg 

e) Base Leg 

f) Final approach 

g) Landing 

 
Picture 3: Aerodrome Pattern 

2) Aerodrome pattern without height change 

Same as above, but between base leg and crosswind leg a straight of level flight was 

performed instead of a landing 

 

3) Circle around antenna (radius 3 km) 

4) 3 circles with 30°bank in a distance of 5 km from the antenna 

5) 3 circles with 45 bank in a distance of 5 km from the antenna 



6) Flight radial to antenna to a airfield in a 

distance of 70 km 

7) Flight beyond line of sight in 70km distance 

from the antenna 

8) Flight tangential to antenna  

 

Picture 4: Coordinates of flight pattern for 

complete test procedure 

 

 

Purpose of test point 1 and 2 was to gather information about the behavior of C-Band telemetry 

in the near field, including shadowing and multipath effects. 

Purpose of test point 3 was to measure the transmitter antenna characteristics during every test. 

Purpose of test point 4 and 5 was to get data about the aircraft body to the measurement. 

Purpose of test point 7 was to check the C-Band and equipment behavior when loosing the signal. 

Purpose of test point 8 was to see potential influences on the measurement by external 

transmitters. 
 

PERFORMING TESTS 

 

All tests were performed using only one transmitting antenna, to avoid signal corrections by any 

kind of combining. For the receiving of the transmitted signals we had two ground antenna 

systems available. First our “old” 8 feet S-band antenna (8S-antenna)  as a reference for S-Band 

measurements and second our “new” 4 feet S-C-band antenna (4SC-antenna) for tests using S- or 

C-band.  In a first step we compared both antennas in S-band, before we could continue with the 

C-Band tests using the 4SC-antenna only. With the 4SC-antenna, the signal strength of the 

received signal was recorded with a rate of 20 Hz.  For all tests we used the same type of 

receivers.  Before starting the tests, the test system itself was carefully tested on ground. 
 

TEST RESULTS  

 

S-Band Findings 

 

The comparison of the 2 antennas in S-Band showed comparable results. No significant 

discrepancy in quality of the smaller antenna could be seen during the circle around the antenna. 

The most interesting part of the test program have been the 30° and 45° circles. Both antennas 

showed some dropouts during the 30° circle, which could not be explained by the received signal 

strength. Then we found, that the dropouts always occurred when the aircraft flew in exactly the 

same direction. Using this information it could be analyzed, that the dropouts where a result of a 

shadowing effect of the landing gear, which was exactly between transmitter and receiving 

antenna when the aircraft flew. This could be seen on the 45° circles even in the received signal 

strength, which was reduced for 30dB, when landing gear and fuselage shadowed the signal. 

 

As an interesting side effect of this test phase it was mentioned, that we had problems in the start 

up phase with the synchronization of our internal GPS system. This problems was caused by GPS 

repeaters, which were active inside a hanger close to the start up location. We moved our start up 

far away from this hangar and the problem disappeared. 



C-Band Characteristics 

 

Now we repeated the same test in C-Band, using frequency 5100 MHz. The dropouts, caused by 

the landing gear, could be seen at exactly the same position like in the S-Band. But the number of 

missing frames was up to 10 times higher in C-Band then in S-Band. The reason for the higher 

number of dropouts was found by a continuous loss of single frames during a circle and 

additionally by a longer period of total loss during the shadowing phase of the landing gear. 

 
 

 

 

 

 

 

 

 

 

 

 

 

 

  

 

Picture 5: Signal shadowing by landing gear (radial: Nr of dropouts , heading in Units of 10 degrees) 

 

Environmental Conditions 
 

To evaluate the spectrum for near filed disturbances the test points 3,6,and 8 were compared 

between different frequencies in S-Band and in C-Band. In S-Band we found some directions 

with increased disturbances in the frequency 2297. These disturbances could be identified as the 

inter-modulation products of two UMTS transmitters close to the airfield, operated by different 

telecommunication companies.  

For C-Band we found during test points 6 and 8 (radial and tangential flightpath to antenna) 

significant disturbances in certain directions, which are reproducible, but still under investigation.  

 
 

 

 

 

 

 

 

 

 

 

 

Picture 6: Heading, direction to 

antenna and dropouts versus time 



C-Band Multipath Behavior 

 

The multipath effects in the near airfield tests could not be evaluated. A significant difference 

between C- and S-Band could not be seen. In both cases signal quality was too bad during the 

tests performed until now. Therefore multipath behavior checking must follow by up a detailed 

investigation on this topic. 

 

CONCLUSIONS 

 

Although the program is still in a starting phase we found many reasons, to continue with this 

program for the next years. We have created the possibility, to perform repeatable tests with FTI 

and FTGS equipment. We can investigate spurious effects noticed during normal test flights, 

which are possibly caused be external disturbers. These effects cannot be investigated by a test 

aircraft for cost and time reasons. It was shown, that the flying telemetry test bad can also be used 

for the training of the telemetry operators to critical situations. Training for improving handling 

performance of engineers, which are new in telemetry operations, is although possible. 
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ABSTRACT 
 

The performance of telemetry systems may be strongly affected by diverse sources of 
perturbations. Among them, multipath channels and transmission noise are the most critical. 
While the effects due to the multipath channels can be attenuated thanks to equalization, the 
effects of the noise are limited if forward error correction is used. This paper first proves that 
the combination of blind equalization and forward error correction can strongly improve bit 
error rates. The other objective of the paper is to show that reasonably powerful codes like 
Reed-Solomon codes are sufficient to enable quasi-error free transmissions in a large majority 
of propagation channel scenarios.     
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INTRODUCTION 
 

In flight testing, and more generally speaking in telemetry, the data link is needed to 
be kept available during an entire mission. However, a mission is the succession of different 
aircraft manoeuvres. If one considers an airplane for instance, it is first motionless on its 
parking position, then slowly moves on to its take-off position (taxiing), then takes off and 
finally flights. An efficient telemetry is able to guarantee an available data link for each 
manoeuvre. 

However, in terms of physical analysis, each of the four aforementioned phases 
corresponds to a very different signal transmission scenario (in terms of transmission 
channel). In a parking context, the emitters and receivers are close to each other, leading to a 
high signal-to-noise ratio (i.e. the noise level is very low) but the transmitted signal may be 
subject to several permanent and high-levelled reflections on buildings or on the floor. The 
channel is seen as a frequency-varying multipath channel. For taxiing, the signal-to-noise 
becomes lower, the reflections are more attenuated but as the aircraft has a given speed, a 
Doppler shift and a Doppler spread may affect the transmission quality. In such a case, we get 
a slowly time-varying channel. For the take-off, the signal-to-noise still decreases, the channel 
still remains frequency-varying but as the aircraft speeds up, the channel becomes quickly 
time-varying. In a far flight context, the signal-to-noise ratio is very low, but the power of the 
reflected paths can be neglected and the aircraft appears motionless from the receiver point of 
view: the channel can be seen as a pure Gaussian channel.        



Channel coding is generally used if we want to limit the amount of transmission errors 
due to the additive Gaussian white noise (AWGN). Different coding strategies can be 
considered and they are described here below. This solution is very efficient for the far-flight 
channel scenario. However, if the signal is also altered by a multipath channel, the coding 
performance may be significantly degraded. Indeed, a large majority of coding processes are 
designed by considering a Gaussian perturbation while the Inter-Symbol Interference that is 
generated by a multipath channel may follow a different statistical distribution.  

Parallel to this, in the presence of noiseless multipath channels, an equalization 
process is very efficient in order to limit the number of transmission errors. However, as 
equalization never perfectly inverts the channel in practical cases, a residual distortion may 
still affect the data symbols, leading to residual transmission errors. Equalization is very 
efficient for parking scenarios where the noise level is negligible. 

The target of this study is to experimentally find conditions to guarantee a good 
transmission quality in terms of synchronization and bit error rate for all the transmission 
scenarios that were previously described. We suppose that by coupling a channel coding with 
reasonable performance (here a Reed-Solomon code) with the equalizer that was developed 
by Zodiac Data Systems, the residual errors induced by the equalization process can be 
corrected by the channel coding, even for reasonably low signal-to-noise ratios i.e. we can 
expect quasi-error free transmissions for all the channel scenarios.    

The paper is organized as follows: after a brief presentation of the Reed-Solomon code 
that is considered for the experimentations and of the ZDS equalizer, we then describe the 
experiment set up in a first time and the experiment results in a second time. We finally 
propose some requirements and draw our conclusions.   

 

CHANNEL CODING AND EQUALIZATION 
 

In this section, we first recall some generalities about channel coding. We then describe 
the channel code we considered for our experiments and we also briefly detail the blind 
equalizer that is developed by Zodiac Data Systems. 

 
1. Channel Coding 

In the literature, we can find different kinds of channel code. They are classically 
classified into three main families [1]: block codes, convolutional codes and iterative codes. 

a. Block code 

The block coding process consists in transforming a block (of bits or bytes) of size �	into 
a block (of bits or bytes) of size � > �. Consequently, � − � bits of redundancy are added at 

the end of the data block. The ratio � ��  is named coding rate. They are usually decoded by 
the syndrome decoding algorithm or the Chase algorithm.  Among the block code family, we 
can put the light on particular codes: cyclic codes with the longest minimal Hamming 
distance, also called Reed-Solomon codes. Their particularity lies on the fact that they were 



designed to ensure an optimal capability of error correction into a block code. And as they are 
cyclic codes, the decoding algorithms are based on polynomial calculation, which guarantees 
a reasonably low complexity.     

b. Convolutional code 

Convolutional codes are another well-known family of codes. They are based on the 
following idea: the � − � redundancy bits are processed by a binary operation on a given set 
of bits. These bits are obtained from a sliding window of size � on the original data stream. 
The decoding of this convolutional code is made thanks to the well-known Viterbi algorithm. 
Its principle consists in finding the most probable path in the code treillis by minimizing the 
Hamming distance between the received binary sequence and the possible candidate 
sequences.  

c. Iterative code 

The last class of forward error coding is the iterative codes like the Turbo-Codes and the 
LDPC codes. Although the encoders for theses codes are very easy to implement (two 
recursive and systematic convolutional codes with an interleaving for the Turbo-Codes and a 
block code with a parity check matrix with a few number of zeros for the LDPC), the 
efficiency of this kind of codes lies in the iterative decoding. For Turbo-Codes, the BCJR 
algorithm calculates extrinsic information that iteratively feeds another BCJR decoder in 
order to tune the probability to decode a zero or a one in a finer way. LDPC decoding is made 
thanks to the sum-product algorithm whose principle is to iteratively send messages in the 
Tanner’s graph of the code in order to get a precise evaluation of the probability to decode a 
zero or a one. 

This class of code is known to get quasi-optimal performance with respect to the 
Shannon’s limit. They are also now proposed in the latest release of the IRIG 106 standard [2] 
and, more generally speaking, in a large number of telecommunication standards. 

d. Code choice 

In this experiment, we decided to use a Reed-Solomon code (the one of the CCSDS) as we 
want to prove that in a large majority of channel scenarios, a reasonably performing channel 
coding is sufficient to get a quasi-error free transmission when combined with an equalizer.  

2. Reed-Solomon code from CCSDS 

In the following, we use the Reed-Solomon code that is proposed in the CCSDS standard. 
It is fully described in [3]. The basic features are the following ones: 

- �	 = 	223 bytes and �	 = 	255 bytes. This is a systematic code. 

- The raw code rate is then � = � �� ≈ 0.87. 
- This code is theoretically is able to correct � = (� − �) 2⁄ = 16 false bytes into a 

given block. 



- In the CCSDS, it is possible to introduce an interleaving of size � (with � ∈
�1, 2, 3, 4, 5, 8��	consisting in grouping � data blocks of size � in some way to compute 
the code redundancy.    

- The beginning of the code block is detected by a binary sequence called ASM 
(Attached Sync Marker). Its good detection/synchronization is a prerequisite for a 
good decoding process. The synchronization on this ASM is also studied in this paper.  

- In the following experiment, the 4-bytes ASM is the one of the CCSDS i.e.  
Ox 1A CF FC 1D. 

- The data frame after coding is finally represented in Fig. 1. 

 

Figure 1: organization of the RS frame of the CCSDS standard 

3. ZDS Equalizer 

Zodiac Data Systems recently propose an equalizer as an option of its RTR (Radio 
Telemetry Receiver). The basic features are the following ones: 

- This is a multi-criterion (including a basic CMA) and an iterative algorithm.   
- For the moment, it only works with the classical PCM/FM modulation that is used for 

in instance in the IRIG106 standard.  
- This is an adaptive algorithm i.e. it tracks the channel variations. In other words, it is 

able to correct the degradations brought by time-varying and frequency-varying 
channels. 

- It is well-adapted for low bit rates (around 1 Mbps) but its performance does not 
degrade for bit rates up to 4 Mbps.  

Additional information is given in [4] so as its theoretical performance. It is then shown 
that, in very different channel scenarios, this iterative equalizer offers a considerably better 
data link availability when compared to standard demodulation or to a CMA algorithm.  

 

EXPERIMENT SETUP 

In this section, we describe the experimental testbench we used, so as the equipment and 
their configurations. We also propose the channel models we considered.  

1. Testbench 

In order to fairly compare the gain that is brought by the RS code, the equalizer and the 
association of both, we choose to record PCM/FM signals that were distorted by different 
channels and noise power. This signal is then demodulated by 4 different methods: equalizer 
on/off and RS decoder on/off. Doing so, t the different demodulation processes run over the 



same noisy and distorted channel so that we can affirm that the different performance gain we 
might observe is independent of the distortion statistics.  

To simulate a signal transmission that is close to real on-field situations, we first used a 
SMBV 100A from Rohde and Schwarz to simulate data transmission with a PCM/FM 
modulation. The useful data is a binary counter from 0 to 255 that loops back to 0 after it 
reaches the value 255. The redundancy is then derived from the coding techniques described 
in [CCSDS]. In order to study the influence of the coding interleaving, we chose 2 different 
interleaving depths I=1 and I=5. After ASM insertion, 2 final bit streams (for I=1 and I=5) are 
then loaded in the SMBV. This data stream is then applied as a PCM/FM modulation with an 
index 0.7. We also set 2 different bit rates: 1 Mbps and 4 Mbps.  

We used an AMU 200 from Rohde and Schwarz as channel simulator and noise generator. 
The signal that is at the SMBV baseband output is then distorted by static or dynamic 
multipath channels and noise is also added by the AMU. After that, the resulting signal is re-
injected into the SMBV for a RF transposition at 70 MHz. The resulting signal is then 
recorded and stored by a RSR (Radio Signal Recorder), which is a signal recorder developed 
by ZDS. The testbench that is used for signal generation is then shown in Fig. 2(a).  

 
(a) testbench for signal generation and recording 

 
(b) testbench for estimation of BER and synchronization performance 

 

Figure 2: used testbenches 

The RSR is also able to replay a recorded signal. The replayed signal then feeds a RTR 
that demodulates the signal (with/without RS decoder – with/without equalization) and 
recovers the received binary frames. These binary frames are stored in files and these files are 
finally post-processed by Matlab in order to estimate ASM synchronization performance and 
bit error rates. This testbench is displayed on Fig. 2(b).   

2. Synchronization and BER  

The synchronization of the bit stream is made by a Frame Sync. Frames are identified 
thanks to a sync pattern and the Frame Sync parameters are the following ones: 

PARAMETER DEFINITION VALUE 
Bit Slip Size variation of the search window where the sync word is 

expected 
0 

Sync threshold Number of errors allowed in the sync word 3 
Check to Lock Number of consecutive frames correctly synchronized to 

be declared locked 
0 

Lock to Search Number of consecutive frames where the sync word is not 
found before restarting the search of the sync word 

0 

 



With the transmissions parameters (data rate, number of bits in the frame …), the number 
of transmitted frames can be easily estimated. The RTR can also give us the number of binary 
frames that are processed. As a consequence, the percentage of lost frames can be easily 
derived. The BER is then calculated on the frames that were correctly synchronized (the lost 
frames are not considered at all). In the following, we consider that we are in a quasi-error 
free transmission if BER<10-6. 

3. Channel models 
a. Parking channel 

As previously described in the introduction, transmitters and receivers are close to 
each other. Consequently, we can expect a high �� � ⁄  but the reception can be degraded by 
several high-powered signal reflexions. In addition, the transmitter is supposed to be 
motionless, the channel can consequently be considered as static. We then modelize this 
channel by the model proposed by M. Rice in [5], called AFB2 channel. Even if AFB2 was 
not proposed to represent such a transmission scenario, it fits with a lot of channel soundings 
we made in a parking context. All paths have a constant phase and no Doppler as the 
transmitter is motionless. The characteristics of the paths are given in the following table. 

Path number Relative power 
(in dB) 

Delay  
(in µs) 

Doppler  
(in Hz) 

Path type 

1 -16 0 0 Constant phase 
2 0 0.05 0 Constant phase 
3 -9 0.1 0 Constant phase 
4 -9 0.49 0 Constant phase 
5 -9 0.73 0 Constant phase 
6 0 0.78 0 Constant phase 
7 -16 0.87 0 Constant phase 
8 -15 0.92 0 Constant phase 

 

b. Taxiing channel  

In a taxiing channel, the contribution of reflected paths is attenuated by the fact that 
the distance between transmitters and receivers increases. However, as the aircraft moves, the 
channel becomes time and frequency varying. We made some channel soundings at the 
Airbus’ airport at Toulouse-Blagnac [6] and from these experiments, we have modelled a 
taxiing scenario that might be problematic for classical FM demodulation. The taxiing model 
is described in the following table. The main path follows a Rice distribution while the 
reflected ones follow a Rayleigh distribution. The channel is simulated for a transmission over 
the S-Band, which means that the 100 Hz Doppler corresponds to a transmitter speed equal to 
50 km/h. 

Path number Relative power 
(in dB) 

Delay  
(in µs) 

Doppler  
(in Hz) 

Path type 

1 0 0 100 Rice 
2 -8 2.5 100 Rayleigh 
3 -27 8 100 Rayleigh 

 

 

 

 



c. Take-Off channel  

From the channel soundings at Airbus [6], we have derived some models for the take-
off case. It can be found that the reflected paths are low-powered but have a wide Doppler 
spectrum. This scenario may be very problematical for multicarrier modulation like COFDM 
as a wide Doppler spectrum may generate important intercarrier interference. For monocarrier 
modulations like PCM/FM, the effect of Doppler spread is very limited. In addition, the 
power of the reflected paths is low enough so that the classical FM demodulation is not 
affected and may guarantee a quasi-error free transmission if the noise level is sufficiently 
low, which has been confirmed by Matlab simulations, not displayed here. As a consequence, 
no experiment on this channel has been proposed.     

d. Far Flight channel 

In such a context, we suppose that the aircraft is far enough so that the reflected paths 
are very negligible. However, as the distance between transmitter and receiver is important, 
the value of �� � ⁄  is very low. To simulate this channel, we use the AMU 200 as a noise 
generator by switching off the multipath fading.   

e. Benchmark channel 

In order to characterize the performance of our equalizer, we proposed a synthetized 
channel for which the FM demodulation outputs a lot of errors and for which the equalizer 
offers a quasi-error free transmission. In the frequency point of view, this channel is seen as a 
deep fading in the signal bandwidth and this fading periodically crosses the signal bandwidth 
in a short period of time. As a result, this signal is highly frequency selective (because of the 
deep fading) and highly time selective (because the channel characteristics quickly vary). This 
channel is modelled as described in the following table. 

Path number Relative power 
(in dB) 

Delay  
(in µs) 

Doppler  
(in Hz) 

Path type 

1 0 0 0 Static 
2 -1.5 2 30  Constant phase 

 

EXPERIMENTAL RESULTS 

In this section, we show the results of our lab experiments using the testbenches displayed 
on Fig. 2 and 3. We chose to give the results only for a bit rate equal to 1 Mbps and for I=5  as 
we did not notice any major differences (except if mentioned) in the performance with a data 
rate of 4 Mbps and with I=1. 

1. Far Flight scenario 

The results of our experiments are given in Fig. 3. 



(a) Percentage of lost frames (b) BER 
 

Figure 3: experiment results for the Far Flight channel scenario 

These results show that equalization does not improve at all the results in a Gaussian 
scenario, as expected. This can be easily explained as the equalizer is designed to invert the 
convolutive effect of the channel and is not able to correct the additive noise which is the only 
source of degradation in a Gaussian channel. However, RS decoding strongly improves the 
BER, as expected. For low �� � ⁄  values, we observe a strong improvement of the 
synchronization performance (represented by the percentage of lost frames) by using blind 
equalization, i.e. we can retrieve more frames. For further investigations, it would be 
interesting to develop a way to detect the presence or absence of multipath in order to activate 
the equalizer when it is useful.    

2. Parking scenario 

The results of our experiments are given in Fig. 4. 

(a) Percentage of lost frames (b) BER 
 

Figure 4: experiment results for the Parking channel scenario 

In this scenario, we observe that without equalization, it is very difficult to lock the 
synchronization process. This can be explained by the fact that if the sync word is altered for 
one frame, it remains true for all the frames as it is a static channel. We also show that 
equalization drastically improves the synchronization and consequently the BER. We observe 
that in terms of BER, blind equalization allows a quasi-error free transmission for �� � ⁄ > 
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27 dB. However, we need to add more points in the graph to affirm that RS decoding allows 
the correction of the residual errors after equalization. It can be also observed that RS 
decoding without equalizer does not improve the BER results at all.  

3. Benchmark scenario 

The results of our experiments are given in Fig. 5. 

(a) Percentage of lost frames (b) BER 
 

Figure 5: experiment results for the Benchmark channel scenario 

The association of blind equalization and RS decoding allows quasi-error free 
transmissions for �� � ⁄ > 20 dB. We here confirm that equalization lowers the error floor 
and RS decoding is able to correct residual errors after equalization.  As the channel is 
dynamic in this case, it proves the ability of the algorithm to well track the quick channel 
variations, even for reasonably high values of noise power. Note again that RS decoding 
without equalization is totally inefficient. Equalization also brings a great reduction of lost 
frames.    

4. Taxiing scenario 

The results of our experiments are given in Fig. 6. 

(a) Percentage of lost frames (b) BER 
 

Figure 6: experiment results for the Taxiing channel scenario 
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This experiment shows that the error floor for EQZ+RS takes place between 10-3 and 
10-4 with no real gain brought by the RS decoding. This proves that the channel is basically 
hard to perfectly equalize. The equalization error is too high-powered so that the channel 
decoding may correct it. Using higher data rate also seems to degrade the performance as 
equalization algorithm is limited by the high computational resources needed.  

In such a case, a solution is to increase the number of iteration in the equalization 
algorithm in order to lower the power of the equalization error or to use a more efficient 
channel code. We can guess that a concatenated code (RS + convolutional code with an 
interleaving between them) is sufficient. If not, a LDPC code could be able to reach a quasi-
error free performance.     

CONCLUSIONS 

From this study, we can extract interesting information about equalization and channel 
decoding: 

- Equalization always improves the synchronization process, i.e. we can retrieve more 
frames by using a blind equalizer, 

- In the presence of a multipath channel, RS coding alone does not improve the BER 
performance at all, 

- In the same context, blind equalization alone always improves the BER, 
- For a large set of channel scenarios, the combination of blind equalization and RS 

decoding allow quasi error free transmissions for reasonable values of �� � ⁄ , 
- For some complex channel models, the residual distortion after blind equalization is 

too important so that the RS algorithm could correctly decode the information. More 
powerful codes would improve the system performance if they suit the residual 
distortion.     
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ABSTRACT

Fading estimation in wireless communication systems depend on an expected fading
model and assumptions about the channel itself. The bit error rate (BER) performance
of the communication system is affected by how closely the assumptions made in de-
signing the estimation technique match the deployment environment. Any unforeseen
disturbances or hindrances in the environment deteriorate the BER performance of the
system when the estimation system is not designed to combat the same. To combat
such obstacles, estimation techniques must either be reinforced with modular systems
which combat such observed types of disturbances, or be redesigned as a whole consid-
ering such observations of disturbances. In this paper a modular scheme to detect and
combat sinusoidal variation in fading power is developed and tested by employing the
developed scheme in a multiple-input-multiple-output (MIMO) wireless communication
system which adopts Space-Time Block Coding (STBC) techniques.

Keywords: Sinusoidal variation, cancellation, fading, wireless communications, MIMO
systems, Space-Time block coding

1 INTRODUCTION

Cancellation of sinusoids or harmonics from a signal which usually arises due to a regular
noise source is a topic of interest in many fields ([1], [2], [3]). In communication systems,
fading occurs due to multi-path propagation of signals from transmit antenna to the receive
antenna. Multi-path fading is the most common type of fading studied and experimented
on, and it is to be noted that Rayleigh distribution model for fading amplitude is the most
persistent in multi-path fading [4]. Without fading, the power of the received signal would
slowly decrease as the receiver moves farther away from the transmitter; this is sometimes
known as line of sight (LOS) attenuation, or simply path loss. In communication systems,
this issue of varying signal power can be countered by normalizing the received signal either
continuously, or for each frame of data. This process translates to increase in signal to noise
ratio (SNR) as the distance between transmitter and receiver increases [5]. The combination
of Rayleigh fading and LOS path loss can be modeled by Rayleigh-lognormal (shadowing)
distribution [6]. In the current scenario, along with the LOS attenuation and fading, A
sinusoidal variation of the signal power is assumed. It is the intent of this paper to discuss
about the effects of such sinusoidal variation on the BER of the communication system and
provide a method to detect ad combat the same.

1



In a wireless communication system, sinusoidal variation in the received power can be a
result of rotation in the antenna involved [7], or due to movement of receiver in a diffraction
pattern in the path of communication, or movement of objects creating changing diffraction
patterns at the receiver [8] for example.

2 BASIC COMMUNICATION SYSTEM

Source Modulation

Channel

× ℎ(�)

Channel 

Estimation

Channel 

Equalization
Demodulation

�� ��

Received information

	(�)


(�)

Figure 1: Simple wireless communication system

A basic communication system is as shown in Figure 1. The source is a binary source of
information which is then modulated (using BPSK modulation for this paper). Quadrature
signal representation [9] is used to represent the signal being transmitted (complex symbol
+1 represents bit 1 while complex symbol -1 represents bit 0).

The channel fading coefficient for each symbol is generated using a Rayleigh fading gen-
erator with correct statistical properties, as described in [10], given in equation (1). In this
implementation, slow-fading is assumed [5].

Y (t) = Yc(t) + Ys(t) (1)

Yc(t) =
1√
N

N∑
n=1

cos(ωd t cosαn + φn) (2)

Ys(t) =
1√
N

N∑
n=1

sin(ωd t cosαn + φn) (3)

αn =
2πn + θn√

N
, n = 0, 1, · · ·N (4)

Where N is the number of fading paths, θn and φn are angles of incidence at the receiver
assumed to be random and uniformly distributed over the interval [−π, π), and ωd is the
Doppler angular frequency. A substitution of t = kTb where Tb is the bit interval, allows the
use of these equations to generate fading for current implementation, provided the change
in fading over the bit interval Tb is neglected.
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The received signal in discrete time is of the form as shown in (5) where s(k) is the
transmitted complex signal, h(k) is the complex Rayleigh fading, w(k) is the additive white
Gaussian noise (AWGN), all at sample index k.

r(k) = s(k) ∗ h(k) + n(k) (5)

At the receiving end, channel coefficients can be estimated using different existing meth-
ods [11]. In this implementation, a pilot symbol based system is employed [12]. The received
signal is then sent through a channel equalization block to nullify the channel effects as best
as possible. This equalized signal is now demodulated.

3 ADVANCED COMMUNICATION SYSTEM IMPLEMENTED

To test the effects of sinusoidal variation in more advanced communication systems which
provide redundancy through MIMO configurations, a basic STBC scheme proposed in [13]
is simulated. The block diagram of this scheme is shown in Figure 2. Here, two transmit
antennas Tx0 & Tx1, and two receive antennas Rx0 and Rx1 are used. The symbols are
chosen to be transmitted in blocks called frames. The frame length is chosen such that slow
fading is observed.
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Figure 2: Alamouti STBC block diagram

As described in [13], a pair of symbols to be transmitted : s0 and s1, are transmitted using
two bit intervals in each transmitter. First, the two symbols are transmitted simultaneously

3



in the first bit interval, say index k, in each Tx. Then the next interval, indexed k + 1, of
each Tx is used to transmit a modified version of the first symbol used on the other Tx as
given in Table 1, where (·)∗ denotes complex conjugate operation.

Table 1: Transmission sequence for 2 × 2 MIMO system

Symbol at Tx0 Symbol at Tx1

bit index k s0 s1
bit index k + 1 −s∗1 s∗0

At the receiving end, the signals received at Rx0 and Rx1 can be represented mathemat-
ically as shown in equation (6).

at Rx0−
r0 = r0(k) = h0s0 + h1s1 + n0(k)

r1 = r0(k + 1) = −h0s∗1 + h1s0 ∗+n0(k + 1)

at Rx1−
r2 = r1(k) = h2s0 + h3s1 + n1(k)

r3 = r1(k + 1) = −h2s∗1 + h3s0 ∗+n1(k + 1)

(6)

Where r0(k) and r1(k) are received signals through Rx0 and Rx1 respectively, n0 and
n1 are noise signals at receive antennas, h0 through h3 are fading coefficients for all the four
paths from each Tx to Rx as indicated in Figure 2, at index k.

To proceed from this step of reception, An off-line trained channel estimator as proposed
in [14] is used. Assuming that channel estimates ĥ0 through ĥ3 are available, the signals r0
through r3 are combined using equation (7). And then a maximum likelihood detector as
defined in equation (8) is used to make an estimate of the transmitted symbols.

s̃0 = h∗0r0 + h1r
∗
1 + h∗2r2 + h3r

∗
3

s̃1 = h∗1r0 − h0r∗1 + h∗3r2 − h2r∗3
(7)

d2(s̃i, sk) ≤ d2(s̃i, sk) ∀ i 6= k (8)

where d2(•) denotes the distance function which is given by equation (9)

d2(x, y) = (x− y)(x∗ − y∗) (9)

4 THE SIMULATION AND OBSERVATIONS

The communication system as described above was simulated and BER was used as a metric
to evaluate the system. A logarithmic plot of error rate for corresponding SNR values,
referred here as ‘BER curve’, is given in Figure 3. The given BER curve for perfect channel
estimation matches the results provided in [13] closely (Data 2).
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Figure 3 shows additional results: Data 1 shows the BER curve of the same system
simulated under different condition: where the Doppler frequency used to generate fading
in transmission is slightly different (±2 Hz uniformly random and centered at 13 Hz) from
the actual Doppler frequency used in off-line training (10 Hz). This shows the effects of
mismatch between the trained environment of channel estimator and the actual environment
of the wireless communication system employing it.
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Data 1 : Estimation with uniform error

of 3 Hz bias and 2 Hz variance

Data 2 : Error free estimation

Data 3 : 30% sinusoidal fading power

variation at 0.8 cycles per frame

Figure 3: BER curves of the communication system being discussed

Figure 3 Data 3 shows the effect of having the above mentioned mismatch along with a si-
nusoidal power variation in the fading. For demonstration purposes, the following conditions
were used:

• The autocorrelation of Rayleigh fading is Bessel function of first order [10] (= 2J0(ωdτ)
where τ is the time delay) and thus has at least as many zero crossings as a cosine
function of angular frequency ωd [15]. This suggests that the fading envelope for the
frame can be expected to change significantly only if the time interval of each frame
is greater than or about π

ωd
thus facilitating the use of the off-line fading estimator.

Hence, the time interval of each frame was selected to be Tf = π
ωd

.

• The Sinusoidal variation for fading power was generated to be centered at a power level
of 0.5 [13] with an amplitude corresponding to 30% variation in power, a random initial
phase angle and a frequency corresponding to 0.8 cycles per frame. The frequency of
sinusoidal variation is represented as ‘cycles per frame’ (CPF) so that its relation to
the Doppler frequency of fading is relatively kept the same irrespective of actual frame
time or the wireless carrier frequency used.

• The equation used to introduce the power variation is as given in equation (10). Where
a is the DC level of the variation, C is the amplitude of the variation, f is the frequency
in Hz and ψ is a random initial phase angle.
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h(k) =
√
a+ Csin(Θ)× Y (kTb)),

Θ = 2πfkTb + ψ
(10)

To further examine the effects of frequency and amplitude of the sinusoidal variation, the
simulation was run for different percentages of amplitude (from 10% to 80% fading power)
and different frequencies of the sinusoid (from 0 to 4 CPF). The results of which are shown
in Figure 4.
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Figure 4: BER performance of the communication system being discussed, at SNR = 10dB.
±3 dB boundaries also indicated.

It is evident from Figure 4 that introducing a sinusoidal power variation with 50% varia-
tion in power and at 0.2 CPF to the fading is capable of reducing the current system’s BER
performance by approximately 4 dB while operating at an SNR of 10dB.

5 DETECTION AND CORRECTION OF THE SINUSOID

Choosing to be ready to combat the effects of a sinusoid with frequency corresponding
to ≥ 0.2 CPF, enables to tackle most of the error shown in Figure 4, outside a 3dB boundary
from the original BER. Thus, to have at least one cycle of the frequency (data worth 5 frames)
must be available to effectively measure the frequency of the fading using frequency domain
methods like fast Fourier transform (FFT) or MUSIC algorithm [16].

To detect the signal, consider the magnitude of the stored received signal |p(k)| given by
equation (11), derived by taking magnitude of received signal r(k), where r(k) = r0(k) +
r1(k). This preserves the sinusoidal variation since it is common for all channels and does not
worsen the effects of fading in the received signal since all the fading paths are considered to
be uncorrelated. This equation is the result of the fact that all symbols in PSK modulation
have equal magnitude and equal to unity.

|p(k)| = (a+ Csin(Θ)) |r(k)| (11)
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Where |r(k)| corresponds to the rest of the signal lumped together consisting of fading
and noise. From here on suitable frequency domain methods can be employed to detect the
sinusoid based on requirements and/or limitations any implementation at hand. The next
section outlines a method used in this implementation.

The fact that received signals in wireless communications have a Doppler power spectrum
[17] [18] allows easy detection of the sinusoidal variation of higher frequencies relative to ωd.
For variations of low frequency, a chirp-z transform can be employed to observe the frequency
spectrum of the received signal within certain frequency bounds, say 0 Hz to ωd in Hz, in
detail [19] (Stage 1). In this implementation the frequency spectrum of Stage 1 is also
multiplied with a rising function (ramp(f)1/3 where ramp(f) is a linear function increasing
from 0 to 1 over the spectral frequency interval) to reject DC and dampen lower frequency
signals. The rest of the frequency spectrum until Fs/2, where Fs = 1/Tb, is calculated and
used without the ramp function (Stage 2).

Figure 5 shows the normalized spectral components of 20 frames of received signal with
a sinusoidal variation of 36.2545 CPF (= 36.2545 ωd

2π
' 362.54Hz) and 30% fading power

variation for Tb = 1.6276× 10−4 seconds.
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Figure 5: Spectral components of received signal and the sinusoidal variation compared,
along with threshold. Stage 1 on top and Stage 2 on the bottom

The threshold for sinusoid detection was set at 75% of the maximum magnitude in Stage
2. Since the current problem is to reject a single sinusoid, a sinusoid is detected only when
a single peak satisfies this threshold criteria. The sinusoid is assumed to be in this range
and the frequency of this single peak is assumed to be corresponding to the frequency of the
sinusoid. Otherwise the frequency corresponding to the largest peak in Stage 1 is assumed
to be the frequency of sinusoid. This setup here is prescribed only as a simple solution to
facilitate the evaluation of systems performance when the frequency of the sinusoid is known.
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Once the frequency is estimated, an ideal single frequency pass filter designed at this
frequency is used to construct the correction signal pc(k) as given in equation (12).

e(k) = F−1 {F {|p(k)|} ∗Hf}
pc(k) =

√
2 ∗

√
e(k) + 0.5

(12)

Where F denotes Fourier transform operation, Hf represents the ideal single frequency
pass filter. The constant 0.5 is added to account for the DC level of the signal which is lost
due to the fact that the notch pass filter suppresses the DC component in the signal |p(k)|.
The signal e(k) is checked and corrected such that its amplitude does not cross 0.45 (or its
range 6> 0.9) to keep the square root real.

The effects of the sinusoidal variation are now removed from r0(k) and r1(k) by apply-
ing r0(k) = r0(k)/pc(k) and r1(k) = r1(k)/pc(k) before continuing with further receiver
functions. The filtering process is started only after all the frames required to be stored are
available. Data equivalent to 20 frames were chosen to be stored for this implementation to
have at least 4 cycles of the sinusoid at 0.2 CPF.

6 RESULTS
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Figure 6: BER performance of the simulated system and proposed sinusoidal variation de-
tection and correction scheme

Figure 6 shows the following results (indicated by their line style used):

• Dash-dot: This indicates the BER of original Alamouti STBC wireless system which
assumes 100% knowledge of channel coefficients.

• Dotted: This curve indicates BER of the system in question which has a mismatch
between expected Doppler frequency and actual fading Doppler frequency.
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• Dashed: This curve represents the BER of the current system when a sinusoidal
variation is introduced in the fading with a variation of 80% in fading power and a
frequency of 3 CPF.

• Solid: This shows the BER of the same system when sinusoidal variation detection
and correction scheme is employed.

Each BER value shown in the Figure 6 is shown with a 95% confidence interval denoted
by lines marked with a ‘+’ sign.

It can be observed that the BER of the simulated system was improved by more than 10
dB at an SNR of 20dB and at least 3dB at an SNR of 15dB.

7 CONCLUSION

A modular scheme to detect and correct sinusoidal variations in wireless fading channels is
proposed for wireless communication systems based on slow-fading and channel estimation.
This scheme was found to be effective in combating the performance reduction due to such
sinusoidal variations in a wireless communication system as discussed in results.

Furthermore, the proposed scheme can be modified to adopt to combating regular fading
power variations of any kind if the variations can be modeled as a sum of sinusoids, by
making required adjustments to the frequency detection system. Modifications can also be
made to the proposed scheme to be used for modulation schemes other than PSK like QAM
modulation
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ABSTRACT 
 

SOQPSK-TG is a highly bandwidth-efficient constant-envelope modulation so that it has been 
applied in airspace telemetry widely. We compare four types of coherent detectors for 
SOQPSK-TG, which are optimal detector, pulse truncation (PT) detector, standard OQPSK 
detector and modified OQPSK detector. The simulation and analysis results indicate that PT 
detector has the advantages of low complexity and good performance, so it has more practicality 
value. 
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INTRODUCTION 
 

Dapper and Hill [1] described a form of continuous phase modulation (CPM) known as shaped 
BPSK (SBPSK) in the early 1980s. This modulation evolved into the constrained, ternary, 
full-response CPM using a rectangular frequency pulse that forms the basis for the MIL-STD 
188-181 UHF Satcom standard. This modulation is also known as “Shaped Offset QPSK” 
(MIL-STD SOQPSK or SOQPSK-MIL) since it looks like an offset QPSK with smoothed phase 
transitions. An even more bandwidth efficient version of SOQPSK, called SOQPSK-TG, was 
adopted as an interoperable alternative to FQPSK in the IRIG 106 standard for aeronautical 
telemetry [2]. The family of SOQPSK waveforms, as described by Hill [3], are constant envelope 
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signals with excellent spectral containment and detection efficiency. 
 
The objective of this paper is to compare four types of coherent detectors for SOQPSK-TG, 
which are optimal detector, pulse truncation (PT) detector, standard OQPSK detector and 
modified OQPSK detector. The remainder of the paper includes a review of SOQPSK 
modulation characteristics, an introduction and comparison of four types of coherent detectors 
with simulation results, and the conclusion. 
 
 

CHARACTERISTICS OF SOQPSK MODULATION 
 

The SOQPSK signal can be defined as a CPM signal [4] 

{ }( ; ) exp ( ; )s t j tφ=α α             (1) 

where the phase is a pulse train of the form 
( ; ) 2 ( )

i

i

t h q t iTφ π α= −∑α            (2) 

and 
i

α  is an M-ary symbol, T  is the duration of each 
i

α , and h  is the digital modulation 

index. The phase pulse ( )q t  is usually thought of as the time-integral of a frequency pulse ( )f t  

with area 1/2 and duration LT.  

0
( ) ( )

t

q t f dτ τ= ∫  
            (3) 

0
( ) ( ) 1/ 2

LT

f d q LTτ τ = =∫            (4) 

 

For SOQPSK, 
i

α  is drawn from a ternary alphabet, i.e. { 1, 0,1}iα ∈ − , where M =3. The 

modulation index is h = 1/2. The SOQPSK variants differ by their respective frequency pulses. 
Figure 1 gives two typical examples: SOQPSK-TG and MIL-STD SOQPSK. 

 
Figure 1. The frequency pulses for SOQPSK-TG and MIL-STD SOQPSK 
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As shown in Figure 1, MIL-STD SOQPSK is full-response (L = 1) with a rectangular-shaped 

frequency pulse ( )
MIL

f t : 

1
, 0

2

0,

( )
MIL

t T
T

others

f t
≤ <

=
⎧⎪
⎨
⎪⎩  

          (5) 

SOQPSK-TG is partial-response (L = 8) with a frequency impulse shaping filter function ( )
TG

f t : 

( ) ( )( )
TG

n t w tf t =              (6) 

Where [2] 

1 2

2

2
1

cos ( ) sin ( )
( )

1 4 ( ) ( )

A t t
n t

t t

πθ θ

θ θ
=

−

⎡ ⎤ ⎡ ⎤
⎢ ⎥ ⎢ ⎥⎣ ⎦⎢ ⎥⎣ ⎦

          (7) 

1
( )

2

Bt
t

T

ρ
θ =               (8) 

2
( )

2

Bt
t

T

π
θ =               (9) 

1

1 1 2

1 2

1

2

1

2

1,
2

( ) ,
2

0,
2

21 cos

t
T

T

t
w t T T T

T

t
T T

T

t
T

T

T

π

≤

= < ≤ +

> +

−
+

⎧
⎪
⎪

⎡ ⎛ ⎛ ⎞ ⎞⎤⎪ ⎜ ⎟⎜ ⎟⎢ ⎥⎪ ⎝ ⎠
⎨ ⎜ ⎟⎢ ⎥
⎪ ⎜ ⎟⎢ ⎥

⎣ ⎝ ⎠⎦⎪
⎪
⎪
⎩

      (10) 

The function ( )n t  is a modified spectral raised cosine filter of amplitude A , rolloff factor ρ , 
and an additional time scaling factor B . The function ( )w t  is a time domain windowing function 

that limits the duration of ( )
TG

f t . The amplitude scaling factor A is used to normalize the pulse 

shape such that the phase shift induced by a single frequency pulse is π/2 radians, as 
1 2

1 2

2( )

2 ( )
( )

2

T T T

T T T
f t dt

π+

− +
=∫              (11) 

For SOQPSK-TG, other parameters are
1 2

0.7, 1.25, 1.5, 0.5B T Tρ = = = = . 

 
Using Hill’s article [3] for reference to a visual revelation, the top trace in Figure 2 shows that, 

for unshaped OQPSK, the frequency pulse is simply a delta function, ( ) (1/ 2) ( )f t tδ= . In each bit 
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period, the frequency pulse is either present or absent. If present, the phase will shift by π/2 
radians, but it can only go in the “allowed” direction for that bit period. Because of the offset 
between the I and Q channels, the allowed direction will depend on the current state, such that the 
signal will change in I value, or Q value, but never both at the same time.  
 

• • •
Bit Period

OQPSK

• • •
MIL-STD SOQPSK

SOQPSK-TG

 
Figure 2.  Frequency pulses for Offset QPSK variants 

 
MIL-STD SOQPSK is depicted by the middle trace in Figure 2. Again, the area of the frequency 
pulse is exactly π/2 radians, but the shape is rectangular, with a duration of one bit period. This 
has the effect of shifting the phase of the carrier by exactly one-quarter rotation over a span of 
one bit. At any instant in time, the phase is either stationary, or is moving at a constant rate of 
one-quarter of the bit rate. 
 
The bottom trace in Figure 2 represents the frequency pulse of SOQPSK-TG, which will also 
shift the phase of the signal by π/2 radians in one bit period. It is important to note that all of 
these waveforms are perfectly constant envelope; only the phase trajectory differs from one 
variant to the next. It is also significant that all of them can be demodulated with a conventional 
OQPSK detection.  
 
Figure 3 shows the power spectral density of MIL-STD SOQPSK and SOQPSK-TG. The 
primary difference between them is that SOQPSK-TG improves its sidelobes more effectively, 
which is achieved by partial-response characteristic at the expense of higher complexity. To 
emphasize the highly bandwidth efficiency of SOQPSK, OQPSK and PCM-FM are also shown 
for reference. In this paper we concentrate on SOQPSK-TG. 
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Figure 3.  Power spectral density of SOQPSK-TG and MIL-STD SOQPSK 

 
 

PRECODER FOR SOQPSK 
 

The characteristic that sets SOQPSK apart from ordinary CPM is that the ternary data 
i

α  is the 

output of a precoder, as shown in Figure 4. 
 

Precoder CPM Modulator

{0,1}ia ∈ { 1,0,1}iα ∈ − ( ; )s t α

 
Figure 4.  Signal model for SOQPSK 

 

The precoder converts the binary data {0,1}
i

a ∈  into ternary data { 1, 0,1}iα ∈ −  according to the 

mapping [5] 

1 12
1 1 2( 1) ( 1) (2 1)( )

2
i ii i

i i i i i

d d
d a a aα + +−

− − −

−
= − = − − −⎛ ⎞

⎜ ⎟
⎝ ⎠

      (12) 

Where 2 1 { 1, 1}
i i

d a= − ∈ + −  and {0,1}
i

a ∈ . 

 
The mapping in Equation (12) imposes some important constraints on the ternary data [6]. 
Therefore, SOQPSK is viewed as a constrained ternary CPM. 
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OPTIMAL DETECTOR 
 

In equation (2), ( , )tφ α  can be expressed as [7]: 

1
( , ) 2 ( ) ( , ) , ( 1)

n n L

i i i i n n
i n L i

t h q t iT h t nT t n Tφ π α π α θ α θ
−

= − + =−∞

= − + = + ≤ ≤ +∑ ∑α    (13) 

where ( , )ntθ α  denotes the instantaneous phase, which means the changing portion of the phase 

in the current symbol period; nθ  denotes the cumulative phase before the current symbol.  

nθ  can be expressed in the formulation 2 2n L

n i
i

q
Q

p p

π πθ α
−

=−∞

= =∑ , where 2 /h q p= , p and q  are 

coprime integers, 
n L

i
i

Q q α
−

=−∞

= ∑  is an integer. Then the state number of nθ  can be denoted as 

2
(2 / )

p
p

π
π

= . So, in a symbol duration t nT= , the states of SOQPSK-TG can be defined as 

1 2 1( , , ,..., )n n n n n LS θ α α α− − − += . Figure 5 shows an example of the states transfer for SOQPSK-TG. 

 
  7 6 5 4 3 2 1( , , , , , , , )n n n n n n n n nS θ α α α α α α α− − − − − − −=

(3 / 2,1,1,1, 1, 1, 1,0)π − − −

(0,1,1, 1, 1, 1,0,1)− − −

1

nα

1

1( / 2,1, 1, 1, 1,0,1,1)π − − −

( / 2, 1, 1,0,1,1,1,0)π − −

( , 1, 1, 1,0,1,1,1)π − − −

(0, 1,0,1,1,1,0, 1)− −

0

-1

-1

(3 / 2,0,1,1,1,0, 1, 1)π − − -1
 

Figure 5.  An example of the states transfer for SOQPSK-TG 
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Since SOQPSK-TG is a modulation with memory, its optimal detector must be trellis-based [8]. 
And the Viterbi algorithm can be used for recovering the modulated data [9]. The optimal 
detector has high complexity due to the memory inherent in waveform. It totally requires a trellis 
of 512 states due to the partial-response (L=8) of the waveform. 
 
 

PULSE TRUNCATION DETECTOR 
 

Instead of using the optimal detector with a 512-state trellis, one technique for reducing the 
detection complexity of SOQPSK-TG is known as pulse truncation (PT) [10] [11]. This approach 
stems from the fact that frequency pulses which are long and smooth are oftentimes near zero for 

a significant portion of their duration. This is clearly the case for ( )
TG

f t  in Figure 6. 

 
Figure 6.  The frequency pulse and phase pulse of SOQPSK-TG 

 

 
Figure 7.  Four-state time-varying trellis for the original precoder. The labels along the branches 

are for the input bit / output symbol pair ( /n na α ). 

 
Using these arguments, the PT detector bases on a frequency pulse which has been truncated to a 
duration of one bit time (full-response). Of course, the detector uses a phase pulse instead of a 
frequency pulse, so SOQPSK-TG obtains a modified phase pulse (approximatively): 
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      (14) 

The phase pulse ( )PTq t  in (14) has shortened its time-varying portion to the interval [0, T], 

which gives it full-response behavior. Now, the PT detector can use Viterbi algorithm with a 
4-state trellis, as shown in Figure 7. 
 
 

STANDARD OQPSK DETECTOR AND MODIFIED OQPSK DETECTOR 
 

As mentioned above, SOQPSK-TG can be demodulated using a standard OQPSK detector [1] [3], 
as shown in Figure 8. The detector is simple and easy for hardware implementation, whereas with 
a certain loss of detection efficiency. 

I&D filter

I&D filter

SOQPSK-TG

cos( )ctω θ+

sin( )ctω θ+

2nT

(2 1)n T+

I channel

Q channel

Demodulation bits

 
Figure 8.  Block diagram of a standard OQPSK detector 

 
To improve the detection efficiency, a modified OQPSK detector for SOQPSK-TG is 
investigated, as shown in Figure 9. The only difference between two detectors is the detection 
filter before data judgments. For standard OQPSK detector, the detection filter is just an integrate 
and dump (I&D) filter. For modified OQPSK detector, the detection filter is a modified filter, 
which can match SOQPSK-TG better, so as to improve the bit error rate performance with only 
little increased complexity. The modified filter can be a third order Butterworth filter, or an 
average matched filter, or just a half-sine filter [12]. 

Modified filter

Modified filter

SOQPSK-TG

cos( )ctω θ+

sin( )ctω θ+

2nT

(2 1)n T+

I channel

Q channel

Demodulation bits

 
Figure 9.  Block diagram of a modified OQPSK detector 
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SIMULATION RESULTS AND ANALYSIS 
 

The performances of SOQPSK-TG with four types of coherent detectors are simulated by 
MATLAB Software. The results are shown in Figure 10, along with the theoretical curves of 
OQPSK. A simple comparison between four detectors is also given in Table 1.  
 
Compared to the standard OQPSK detector with I&D filter, the modified detector with a better 
matched filter has an improvement of 0.70 dB at BER = 10−5 for SOQPSK-TG, although is still 
worse than the theoretical optimal detector about 1.21 dB. The PT detector is merely 0.18 dB 
inferior to the optimal detector at BER = 10−5. From Figure 10, we also see that at BER = 10−5, 
SOQPSK-TG is about 0.64 dB worse than OQPSK, both in theory. But SOQPSK-TG has the 
higher bandwidth efficiency than OQPSK, as shown in Figure 3. 
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Figure 10.  Performances of SOQPSK-TG with four detectors 

 
Table 1. Comparison of four coherent detectors for SOQPSK-TG 

Modulation 
Type 

Eb/N0(dB) required for BER = 10-5 
Standard 

OQPSK Detector 
Modified 

OQPSK Detector
Pulse Truncation 

Detector 
Theoretical 

Optimal Detector 
SOQPSK-TG 12.15 11.45 10.42 10.24 

 
 

CONCLUSIONS 
 

We compare four types of coherent detectors for SOQPSK-TG, which are optimal detector, pulse 
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truncation (PT) detector, standard OQPSK detector and modified OQPSK detector. The 
simulation and analysis results indicate that the PT detector has the advantages of low complexity 
and good performance, so it has more practicality value. 
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ABSTRACT 

Northrop Grumman Corporation’s B-2 Flight Test Instrumentation team is revamping its entire 
Data Acquisition System (DAS) to be an Ethernet based network (EBN) system that will provide 
simplified wiring, higher speeds, greater capacity, and control over the data. The old system 
became obsolete in terms of capability and maintainability. New on-board avionic systems also 
demand that the Flight Test Instrumentation group (INSTR) accommodate fiber and high speed 
Ethernet data. In addition, the footprint and location for INSTR systems and components will be 
moved to remote areas. INSTR engineering selected the Teletronics Technology Corporation’s 
Ethernet networked Data Acquisition Units (DAUs), known as MnDAUs, as the core system. 
Prior to the first flight utilization of the new INSTR DAS will undergo extensive lab and field 
testing to assure flight test effectiveness and the accuracy of all necessary data products. The 
goal is to acquire and employ the best system available while avoiding costly lessons. 
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INTRODUCTION 

Instrumentation data acquisition systems have been going through periodic changes as new 
technology has developed and that continues on today with changing out instrumentation 
systems to keep up with the demand for increased capability. Approximately 80 years ago, Flight 
Test consisted of pilots making observations and broadcast measurement (MEAS) readings over 
UHF radio channels and taking notes on knee boards. In the 1940s data acquisition systems were 
comprised of photo panels where the instrument gauges were recorded on film, which were 
replaced by analog systems recording data on magnetic tape in the 1950s followed by 
Proportional Band Width (PBW) in the early 1960s, Constant Band Width (CBW) in the late 
1960s, Pulse Amplitude Modulation (PAM) and Pulse Duration Modulation (PDM) in the 1970s, 
and then widespread use of Pulse Code Modulation (PCM) in the late 1970s. Each development 
increased capacity, versatility, reliability, accuracy and frequency response. Before each new 
methodology was employed it was challenged, in the lab, on the test bench on the ground and 
then during flight to prove that its capabilities would supersede those of the previous type of 
system.  Eventually PCM became the universally adapted standard. Over time, it evolved from 8 
bit to 10 bit, 12 bit and eventually to the 16 bit systems which remained the industry standard, 
with little increase in capability for 35 years, creating a prime opportunity for the most recent 
iteration of data systems, the Ethernet Based Network (EBN) system. The B2 Flight test 
instrumentation system is now preparing to undergo a major revolutionary change 

 

BACKGROUND 
To fulfill increased data requirements the INSTR team for the B-2 began researching the next 
generation of technological advances in data acquisition. Using Pulse Code Modulation (PCM) 
systems to fulfill the increased data requirements forced higher and more Real Time Telemetry 
data streams from one aircraft; while concurrently increasing bandwidths from 256 Kbps to 20 
Mbps. One aircraft test program with several instrumented airplanes could swamp out the entire 
S Band or L Band frequency allocations, imposing numerous restrictions on lower priority test 
programs. With the ongoing challenge of increasing data requirements, the INSTR team adapted 
processes to accommodate the data acquisition, monitoring, recording and telemetering of more 
information. The present B2 instrumentation system is shown in Figure 1. 
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FIGURE 1: PRESENT B2 DATA ACQUISITION SYSTEM IMPLEMENTED IN 2000 

For real time applications with a Mission Control Room (MCR), a second Telemetry (TM) PCM 
data stream was used, which could only telemeter a minimal amount of high sample rate MEAS. 
To accommodate the post test data product requirements, six additional independent PCM 
systems were used to record the required MEAS for analysis, while only a small number of all of 
the high frequency MEAS were available for the Main PCM TM to the MCR. 

Additionally, changing over for different flight disciplines such as Performance, Propulsion, 
Flying Qualities, Flutter, etc., required the INSTR engineering team to re-plan, re-patch and re-
program the on-board instrumentation system. Even on board recorder capability required 
several different recorders to be employed to handle the ever increasing number of PCM systems 
with high bandwidths along with high speed high digital video data recording requirements.  

While the INSTR team found many solutions to keep up with increasing data requirements, it 
became evident that a systematic change was in order. 

A PARADIGM SHIFT 

While PCM systems have been the mainstay for the B-2 project for 25 years, it became 
necessary to consider an Ethernet based data acquisition system. One of the main reasons an 
Ethernet Based Network (EBN) system had been overlooked for so long was its reputation for 
being asynchronous and therefore was dismissed as being incongruous and unworkable in an 
environment where exact time correlation is essential. 
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In order to assure that the Ethernet based system could operate in a time-based environment, the 
INSTR team first needed to understand how data from many various sources could be acquired, 
digitized and then placed in packets and sent through network systems and be distributed to 
cockpit displays, recorders, telemetry data streams and Mission Control Rooms without losing all 
semblance of time for each data product. The research and testing required the INSTR team to 
become familiar with new terms and technology such as: Ethernet, IP protocol and addresses, 
Networks, Switches, and Gateways. The design of the new B2 EBN system schematic is shown 
in Figure 2. 

 

	  
	  

FIGURE 2: NEW INSTR DATA ACQUISITION SYSTEM ETHERNET BASED 
NETWORK SCHEMATIC 

The Ethernet Based Network system provides extensive capability to add Data Acquisition Units 
wherever needed. The amount of wiring is greatly reduced and the selectivity of data products 
programmed for the recording and telemetering of particular ranges of sample rates increased. In 
addition, only one port is needed to program the entire system at increased speeds with a 



	  

Bill Hochner pg. 5 ITC Paper 

decreased number of airborne recorders. As shown in Figure 3 the initial instrumentation system 
has 11 DAU units identified but as the need arises many more could be simply added because of 
the advantages of having Ethernet as the foundation of the system. 

  

	  

FIGURE 3: THE B2 ETHERNET BASED NETWORK SYSTEM 

Time aligned data products are the gold standard of Instrumentation because data is referenced, 
evaluated and interpreted using essential time-tags inherent in the data acquisition unit. With 
precise data correlation time as their primary concern, INSTR engineers scrutinized how the 
EBN time tagged, aligned and mitigated delays. The study found that the EBN system utilized 
the IEEE-1588 Precision Time Protocol (PTP) and that feature of employing deterministic time 
in the packet network proved that all data was time tagged down to the micro second and delays 
going through network switches and filters were accounted for.  

The INSTR engineering design team examined the Ethernet Networking of all of the DAUs and 
Network Switches and readily saw how they were all synchronized to the same time base and all 
data was time tagged. The INSTR team’s concerns about path delays were completely addressed 
when it was shown that correlation of all data was within100 nano-seconds. 
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With the acquisition and implementation of the EBN, PCM systems are now basically thought of 
simply as just Data Acquisition Units (DAUs) and the whole emphasis is placed on Ethernet 
Based Networking (EBN). But, PCM is still the heart of the system in terms of the acquisition of 
Instrumentation MEAS and Ethernet Based Networking is merely a means of effective and 
efficient data routing.  

 

RESEARCH AND TESTING IS REQUIRED 

Before the acquisition of components for the instrumentation system INSTR design engineers 
conducted a survey to find other users within the company and out in the commercial and 
military applications field to determine lessons learned and best practices for the Ethernet Based 
Network system. With a fundamental obligation to produce accurate, reliable and maintainable 
high quality products there is no option to alpha or beta test an unproven system. The INSTR 
team had to discover, choose and employ the most reliable data acquisition system so as to not 
impact the progress of the Flight Test schedule and subsequent production delivery dates. Similar 
approaches within the company, in the field, and among other commercial and military test 
platforms confirmed the choice of an Ethernet Based Network (EBN) system. 

Fortunately, the INSTR team anticipated the necessary equipment required by the EBN, ordering 
it well in advance of its installation on the B2 Flight Test airplane so that a series of tests could 
be timely performed prior to installation. In order to obtain optimal lab results lab testing 
required thorough planning and meticulous procedures to detect any variations from the original 
instrumentation system that was presently in use. While the technical theory seemed logical on 
paper, the INSTR team challenged the EBN system in the lab on a test bench and during ground 
test.  

A lab type hot bench as shown in Figure 4 was built up with all of the data acquisition and 
Ethernet network units to perform different test case scenarios including a parallel comparison to 
existing on-board data systems to prove that the EBN works as required. 
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FIGURE 4: INSTR LAB HOT BENCH 

	  

Lab testing proved that the EBN could manage the data in all of the various commanded 
scenarios. The next step involved taking the hot bench setup out to the B2 airplane to hook it up 
and run it side by side with the existing on-board INSTR system to verify that the EBN system 
could produce the expected high quality accurate results. Anomalies that were found were 
worked out and were attributed to software programming issues that were part of learning how 
the new system was designed to work. Most of the issues were detected in the lab but some were 
found later on during the ground tests because the lab operations utilized simulated data. 
Refinements to EBN system programming and formatting along with operational procedures 
were made after comparing data products and finding out what had to be changed. 
 

The hot bench setup proved to be an essential tool and its use will continue to be employed as 
additions and modifications are made to equipment and procedures. 

• Hands-on demonstration of the Ethernet Based Network 
• A training platform for INSTR engineers 
• A test bed for new applications and new additions to the INSTR system 
• A validation tool to qualify every unit’s functionality before installation on the airplane 
• A “storage center” of line replaceable units that can be used as a qualified spare if needed  
• A trouble shooting tool to discover why a unit was not functioning as it should on the 

airplane instrumentation data acquisition system 
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CONCLUSION 

The challenge of changing over to an entirely new approach for the instrumentation data 
acquisition system for the B2 was not an easy process. Technology has advanced rapidly and in 
retrospect it is now clear that the paradigm shift away from what was a tested, proven and a 
highly reliable INSTR system that had been on the B2 for many years was in many respects long 
overdue. It took a lot of research, learning new methods, getting familiar with new equipment 
and then performing actual hands-on testing to prove conclusively that the new approach 
satisfies all requirements. The Ethernet Based Network INSTR system does provide the solution 
that the B2 Flight Test Instrumentation Engineering design and operations engineers were 
looking for. It has intrinsic beauty, unique attributes, greatly increased capability, and much 
needed flexibility to change how data is gathered, sampled, distributed, recorded and 
telemetered.  
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ABSTRACT 

IP-telemetry radios are being connected to existing ground networks, thereby integrating the air 
and ground.  While this provides full connection to Test Article (TA) networks, the mobility of 
TAs and the transient nature of test missions leave the overall experience feeling less than “real” 
networks.  We describe a toolset that extends the capabilities of integrated IP-telemetry and range 
networks through specialized routing techniques focused on mission-based data delivery needs.  
The toolset provides a configurable capability enabling packet-based best source selection, 
firewalling, multicasting, and QoS enforcement across the range on a per program basis.  The 
building blocks of the toolset allow for the creation of virtualized network components that are 
mission-based rather than infrastructure and enables seamless network operation with network 
telemetry, giving mission personnel the ability to specialize the network for their needs without 
depending upon the range IT department. 

KEYWORDS 

IP-Telemetry, Routing, iNET 

INTRODUCTION 

IP networks have been in use in flight test systems for over a decade, mostly involving the 
onboard flight test instrumentation and the ground-based data processing systems. More recently 
the telemetry link itself has begun to move toward an IP-based approach, providing two-way 
communications rather than the one-way data stream of pulse code modulation (PCM)-based 
telemetry systems. As IP-telemetry radios are connected to the existing ground network, they 
enable a fully connected network between the Test Article (TA) and the ground networks. 
However, the mobility of the TA coupled with the transient nature of test missions often leaves 
the overall network experience feeling less than “real” networks. One way to improve the overall 
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network experience is to customize and reconfigure the routers and switches in the range 
infrastructure network that the test data ultimately flows over. But as Figure 1 light-heartedly 
illustrates, making a change to the network often turns out to be a much more difficult process 
since the engineers responsible for testing typically do not have domain or authority over the 
ground (range) network.  Rather, they often feel more like they are at the mercy of staff 
responsible for ground network management.   

 
Figure 1. Range Network Reality? 

 

The challenge is that engineers responsible for the test and meeting the mission objectives are 
using network resources that are shared and basically out of their control. As a matter of aiding in 
this issue, we have developed a toolset that extends the capabilities of the integrated IP-telemetry 
and range networks through specialized routing techniques that is focused on mission-based data 
delivery needs. The toolset is highly configurable and is capable of enabling packet-based best 
source selection, firewalling, multicasting, and quality of service (QoS) enforcement across the 
range network on a per program basis. All of these capabilities can be provided without the need 
to involve the ground network Information Technology (IT) department. The toolset is based on 
building blocks that allow for the creation of virtualized network components that are mission-
based rather than infrastructure-based. These virtualized network components enable a seamless 
network operation with IP-telemetry that provides a better user experience without being 
dependent upon the range IT department. This paper discusses the toolset and some of the tools 
that can be built in order for a test engineer to maintain control of his test network. It also 
describes one deployment of such a system. 

VIRTUAL NETWORK COMPONENTS 

Adding IP-telemetry radios to a range’s network infrastructure is simple to do, but it is a whole 
different challenge when seeking to configure the radio, or any other network infrastructure 
device for that matter, to support the test mission that the radio is specifically allocated to. Much 
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of the difficulty lies within the process and/or inability to actually change the range infrastructure. 
However, by utilizing approved standard IP delivery protocols, one can essentially build virtual 
network components such as routers, switches, and hubs on top of the existing physical network 
infrastructure. Doing so gives power to the user of the virtual network component by allowing 
configuration and specialization of the component to support a particular mission. 

Consider a notional network that consists of the collection of routers, IP-telemetry transceivers, 
and switches as depicted in Figure 2. The configuration of all routers in the infrastructure cloud is 
under the control of the range’s IT department. 

 
Figure 2. Notional Network Diagram of Range Infrastructure 

 

Suppose a test engineer wants to efficiently broadcast data to multiple ground client applications 
(e.g. use IP multicast) from one of the airborne networks down into a mission control room 
(MCR), but the routers on the range are configured to discard these special (multicast) packets, 
and ground network IT staff are unwilling or unavailable to modify the overall range network 
configuration. To get the needed level of control, the test engineer can utilize a virtualized 
network component to satisfy this requirement. Figure 3 illustrates the logical view of the 
network with the deployment of a virtual router with interfaces at the key ground transceivers and 
mission control room. The virtual router routes packets between its three logical interfaces.  The 
ground network, over which the test engineer has no domain, while utilized, does not need 
modification in order to support these special packets. Rather, it is merely used for transport 
internal to a virtual router that the test engineer has instantiated for his special need. 
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Figure 3. Virtual Router Overlay of Range Infrastructure Network 

 

Besides being able to configure the special (multicast) support, another benefit that is realized by 
shaping a virtual router across the range network is in the area of QoS enforcement. QoS policies 
can be difficult to enforce across a large network since the policies must be individually 
configured on each router in the infrastructure. Yet, because the virtual router operates as a single 
router, its software can be configured to enforce QoS policies between its logical interfaces, thus 
providing the ability to span the whole range infrastructure from antenna site to MCR. 

If router functionality is not what is needed for a special test, a virtual switch can be configured 
using the approach.  This can even provide basic IP layer 2 connectivity between two airborne 
networks as well as an MCR network. Figure 4 illustrates this form of logical network diagram 
with a virtual switch. 
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Figure 4. Virtual Switch Overlay of Range Infrastructure Network 

 

Other virtual devices can be built as well to suit the needs of the mission. Virtual devices can be 
standard-compliant devices that implement the appropriate Request For Comments (RFC) 
standards, or they can be specialized to add new capabilities to help meet the mission objectives 
in ways that generic off-the-shelf devices do not work. Many specialized features are 
incorporated into the packet-based best source selector capability. 

PACKET-BASED BEST SOURCE SELECTOR 

 The virtual router or virtual switch should be coupled with a capability to be a packet-based 
best source selector. As the feature’s name implies, there may be multiple sources from which 
packets may be received. Thus, a packet-based best source selector must perform specialized data 
filtering techniques on the packets that it receives prior to making a decision whether or not to 
forward the packet on to the next hop or not. Consider once again a notional range network as 
seen in Figure 5. The diagram presents two MCR networks and two TA networks all 
interconnected through the range network. The range network can also be viewed as multiple 
interconnected networks. The range infrastructure contains several antenna sites. These antenna 
sites contain radio transceivers that are used for the two-way RF communication with the Test 
Articles. 
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Figure 5. Notional Range Network Infrastructure with Multiple Airborne and MCR Networks 

 

As a TA travels across the range, it may fly out of the range or line of sight of one ground antenna 
and into that of another. Often there is overlap in the line of sight coverage in order to prevent 
data loss during transitions from one antenna to the next. This overlap in coverage creates new 
challenges for the network. To understand these new challenges and how they can be addressed 
with the packet-based best source selector, one must first recognize the directionality of the traffic 
flows across the RF domain, differentiating between downlink traffic from an airborne TA to a 
ground system (GS) and uplink traffic from the GS to the airborne TA. There are different 
challenges for uplink traffic than for downlink traffic, but both can be addressed by a single 
virtual router that implements the packet-based best source selector capability. 

For downlink traffic, there is potential for duplicated packets when multiple ground transceivers 
are tracking the TA and receiving data from it concurrently. Duplicated data adds unnecessary 
network load while also requiring end applications to resolve duplicated packets at the application 
layer. Many of the ground-based applications are data processing and analysis applications that 
are used to provide near real-time feedback to the users, so alleviating any network congestion or 
removing the burden of duplicate packet detection is desirable. The virtual router with best source 
selection capability is a specialized router that serves as the next hop router between all ground 
transceivers and the MCRs. The radio transceivers themselves operate as routers, routing packets 
out through either a wired network interface or its wireless RF interface. All transceivers route 
packets destined for any MCR network to the virtual router, which in turn inspects all incoming 
packets. If the packet has already been received, the packet is discarded. Otherwise, it forwards it 
on to the destination MCR. Duplicate packets on the network will occur whenever there is more 
than one ground transceiver tracking the TA and receiving data from it. Figure 6 provides a 
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logical vantage point of the network when considering the presence of a virtual router with 
packet-based best source selection capability. 

 
Figure 6. Logical Network with Packet-Based Best Source Selector Operating as Overlay Virtual 

Router 
 

The virtual router performs all the functions of a traditional router but its interfaces may be 
geographically separated by hundreds of miles rather than a few centimeters within the same 
package like a traditional router. There are two main software components to establishing the 
virtual router: (1) the packet processing engine software, and (2) the remote interface software. 
The main software connects to the remote interface software to build up its list of interfaces. This 
allows for new interfaces to be added as needed. In Figure 6, the ovals represent groupings of 
ground-based transceivers that are consolidated and presented to the router as a single interface. 
These logical groupings are utilized in order to solve a potential uplink routing issue. In the case 
of Airborne Network 1, there is a group of four ground transceivers capable of communicating 
with the TA. While all may receive downlink transmissions from the TA, only one should be used 
as the active uplink participant. The virtual router directs the uplink traffic to the transceiver 
responsible for the uplink transmissions. As the TA moves about the range, the selected uplink 
transceiver may change in order to maintain the most reliable uplink to the TA. This requires 
knowledge of each transceiver’s current link statistics in order to know when it is appropriate to 
change the uplink designation of the transceivers within the interface group. The virtual router 
can retrieve this information itself, or it can receive commands from another network entity. 
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OTHER NETWORKING TRICKS 

The virtualized router allows for end-to-end QoS enforcement. The packet-based best source 
selection capability detects and removes duplicate packets from the downlink while logically 
grouping several transceivers into a single interface for uplink designation. These features alone 
provide enough capability for a deployment to be successful, but there are other “bells and 
whistles” that can be implemented as well with the framework toolset that enables the features 
already described. For instance, the virtual network components can implement their own firewall 
rules for their logical interfaces. 

Another popular topic of interest is with respect to Internet Group Management Protocol (IGMP) 
and multicast data delivery between TA and MCR. A virtual router can be implemented with 
IGMP support, even if the physical routers in the path do not support IGMP and multicast 
delivery. 

A network troubleshooting tool for remote port mirroring can be implemented which would 
forward all packets received on one logical interface out another designated logical interface. This 
is a powerful network troubleshooting tool for debugging a remote network, particularly useful 
when the remote network is not easily accessible. 

CURRENT DEPLOYMENT OF VIRTUAL ROUTER WITH PACKET-BASED BEST 
SOURCE SELECTOR FUNCTIONALITY 

The networking toolset being discussed in this paper is not just theoretical. One deployed 
implementation is the TmNS Source Selector (TSS) for use in integrated Network Enhanced 
Telemetry (iNET) flight tests. The TSS establishes direct connections with all ground-based radio 
transceivers. The remote interface software runs directly on the radios, so there is no need for 
additional hardware components. The TSS works in conjunction with the Link Manager, iNET’s 
dynamic RF transmission scheduler, in order to route traffic to the proper ground radio for uplink 
transmissions. The TSS also removes duplicate packets it receives from any of the radios within 
the interface group. 

The TSS has been used to successfully demonstrate antenna handoffs as the TA has traveled 
across the range. Recent flight tests included three ground radios, some of which were remotely 
deployed as part of mobile ground station vehicles. Duplicate packets were successfully removed 
from the network prior to routing to the MCR for data processing and analysis. Handoffs were 
successful in changing the active uplink radio, even when the data processing system inside the 
MCR was actively retrieving data from the recorder onboard the TA. 
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CONCLUSION 

IP networking for telemetry applications provides a new level of capabilities for flight tests but 
brings with it a few challenges of its own. We describe a toolset that extends the capabilities of 
integrated IP-telemetry and range networks through specialized routing techniques focused on 
mission-based data delivery needs. It provides a configurable toolset enabling packet-based best 
source selection, firewalling, multicasting, and quality of service enforcement across the range on 
a per program basis. The toolset is based on building blocks allowing for the creation of 
virtualized network components that are mission-based rather than infrastructure and enables 
seamless network operation with network telemetry, giving mission personnel the ability to 
specialize the network for their problems without depending upon the range IT department. One 
such instance of the toolset has been successfully deployed in support of the iNET program. This 
deployment enabled seamless transitions from one ground antenna to another as the TA traversed 
the range. 
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ABSTRACT 

This article defines the system design for translating burst Ethernet packetized data into a constant rate serial 
data stream suitable for transmission over standard telemetry hardware physical links.  The system supports 
both unidirectional (UDP) and bidirectional (TCP/IP, etc.) communications.  This paper will evaluate the 
capabilities and limitations of the established fielded hardware, as well as possibilities for system growth (IRIG 
Chapter 10 compatibility). 
 

KEYWORDS 
 Wireless Ethernet, EVTM 

 
 
 
 

1. INTRODUCTION 

Traditionally, telemetered test data has been restricted to one way communication, with very little flexibility in 
the data being transferred, and almost no way to change the information on the stream in real time, or change 
data feed efficiently.  Other programs have attempted to address the queuing of information issue, with limited 
success.  EVTM (Ethernet-via-Telemetry) leverages existing telemetry infrastructure and aeronautical RF 
channels to allow bidirectional transfer of packetized data over a standard serial stream RF link.  The system at 
either end of the link sees the EVTM as nothing more than a data transfer hub; basically a long distance Wi-Fi 
connection. 

2. SYSTEM THEORY OF OPERATION 

Encoding (Ethernet to serial stream) and decoding (serial stream to Ethernet) are done outside of the modulation 
and demodulation of the RF signal.  On the transmit end, information is fed into a 16 kbyte FIFO buffer, and 
clocked out at a set data rate.  On the receive end, the serial stream is fed directly into the decoder, and 
transferred to the Ethernet network.  
 

2.1 ETHERNET PROTOCOL [1] 

[Protocol designed by Metrodata Ltd] 

The encapsulation protocol works directly on the Ethernet MAC frame with no understanding of any higher 
protocol layers such as IP. The Ethernet frame definition is described in Figure 1. 

 

Preamble  7 Bytes 

SFD Start of Frame Delimiter 1 Byte 
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DA Destination Address 6 Bytes 

SA Source Address 6 Bytes 

ETYPE Ether type 2 Bytes 

Payload Payload, Including TCP/IP 1 to 1500 Bytes 

Pad Padding to Minimum Packet Size 0 to 45 Bytes 

FCS Frame Check Sequence 4 Bytes 

IPG Inter-packet Gap 12 Bytes 

Figure 1: Ethernet Frame Definition 

The protocol is used to transport the information carried in the frame, meaning the information from DA, up to 
and including any padding.  Preamble, SFD and IPG are discarded at ingress and regenerated at the remote 
egress point. 
 
2.1.1 ENCAPSULATION PROTOCOL 

The encapsulation protocol is based on HDLC (High-level Data Link Control) standard, which is a bit-oriented, 
code transparent synchronous data link protocol. An example HDLC frame is shown below: 

<FLAG>< Data Frame (60 to 1514 bytes)><FCS><FLAG> 

2.1.2 FRAME DELIMITING FLAG 

Frames are delimited with a flag. The flag is a byte with value 0x7E (01111110).  At a minimum one flag is 
inserted between frames; however, to provide a rate adaption function, multiple flags may be inserted between 
frames when real data is not available. 

2.1.3 DATA FRAME BIT STUFFING 

As the data frame may well include the flag character, bit stuffing is used to prevent strings of more than five 
zero’s occurring and replicating a flag.  Bit stuffing works by inserting a ‘0’ whenever five ‘1’s are detected. At 
the receiver, the ‘0’ is removed following reception of five ‘1’s. A bit stuffing example is shown below: 

Input Data   01010111100111111111111001001 

Bit Stuffed   0101011110011111011111011001001 

Stuff positions                                                                  ^                    ^ 

A consequence of bit stuffing is that for a particular serial bit rate, the link capacity is indeterminate since bit 
stuffing is pattern dependent. 

 

2.1.4 DATA FRAME 

The data frame comprises the following elements of the Ethernet MAC frame 



 3 

DA, SA, ETYPE, PAYLOAD, PAD 

The data frame is subject to bit stuffing to ensure that the flag pattern is not replicated. 

 

2.1.5 FRAME CHECK SEQUENCE 

To enable error detection, rather than calculating a new FCS, the Ethernet frame CRC-32 MAC FCS is used 
directly and transmitted following the data frame. 

The receiver checks the CRC-32 and if an error is detected the frame is discarded. 

A frame with a good FCS is de-capsulated ready for transmission on the LAN. 

If necessary, the FCS is also bit stuffed. 

The CRC-32 polynomial is as below: 

X32+X26+X23+X22+X16+X12+X11+X10+X8+X7+X5+X4+X2+X 

2.1.6 BIT ORDER 

HDLC Data is transmitted un-encoded over the serial port in the order that it is received on the LAN port. 

2.2 PHYSICAL LAYER 

The serial interface is very similar to standard telemetry serial signalling.  The synchronous clock and data 
streams are rising edge transition and falling edge data read.  There is an additional signal on the transmit side, 
that sets the data rate of the transmitter, rather than auto-scaling from the synchronous clock as in a standard 
SST (Serial Streaming Telemetry) system.  The use of an IRIG randomizer is recommended, as HDLC idle 
patterns are not random enough to keep the RF signal symmetric.   

Additionally, because the Ethernet-to-serial encoding and decoding is done at the serial stream level, it does not 
preclude the use of any signalling technique.  Any approved modulation can be used (PCM/FM, SOQPSK-TG 
and Multi-h CPM).  In addition, any of the standard modifiers (LDPC Forward Error Correction, Space Time 
Coding, etc.) can also be used. 

2.2.1 SYSTEM BLOCK DIAGRAM 

The system shown in Figure 2 shows the signalling for a bi-directional, dual simplex, frequency diverse EVTM 
data link.   
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Figure 2: System Block Diagram 

Please note, that while the downlink and uplink streams themselves are unidirectional at the HDLC level, higher 
level protocols may not be.  TCP/IP for example, is completely dependent on a bi-directional link to work 
correctly.  Because the two directions operate independently, they can operate at different bit rates, based on 
need.  For example: a HD video downlink at 20 Mbps, and a 200 kbps uplink for command and control. 

The system was originally designed to operate only in bi-directional mode, but there is some evidence to 
suggest the possibility of use in a unidirectional mode. 

2.2.2 SYSTEM DATA FLOW 

The outer bounds of the data link are the actual Ethernet devices that feed the information onto the network 
(cameras, networked storage, etc.) and the devices that process the data (video decoder, computer, camera 
controller, etc.). 

The next level is the Ethernet to Serial encoder/decoder.  It is at this point that the packetized burst traffic of 
Ethernet is converted to constant data rate SST.  As shown in the diagram, the information is fed to the RF 
transmit side of the transceiver, at a rate controlled by the Bit Rate Clock.  This is part of the transmitter 
settings, just like setting the transmit frequency and the modulation mode. This setting is the maximum amount 
of encoded data that can be transferred.  This clock sets the rate at which the Main Data Buffer is emptied and 
the information transmitted.  If there is nothing to transmit (no network traffic), HDLC idle patterns are created 
to maintain the link.  At the RF receiver end, the information is pushed into the buffer at the same rate is was 
fed into the transmitter.   

Setup of the system requires two available RF channels for bi-directional communication.  Occupied bandwidth 
should be estimated at actual data transfer rate +10%.  If the traffic is highly bursty, then additional margin in 
the RF transfer rate should be assigned; otherwise buffer overflow may result in loss of data.  For example, a 
standard PCM/FM signal, at a transfer rate of 10 Mbps would require a channel assignment with an occupied 
bandwidth of 11.4 MHz.  In order to transfer 10 Mbps of actual data, the transfer rate of the system must be set 
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10% over to account for the encoding.  This would bring the required RF rate to the equivalent of 11 Mbps, 
with an occupied bandwidth of 12.54 MHz. 

3. FIRST ARTICLE EVALUATION AND FLIGHT TESTING 

The first systems were delivered and evaluated by two installations.  The system delivered to NASA Armstrong 
Flight Research Center was thoroughly evaluated for functionality in a lab environment.  Experiments were 
performed to determine system capabilities and shortfalls, and will be described later in this document.  The 
second system was evaluated, and flown with live data at Redstone Army Test Center.  The test conditions and 
results from this installation will also be presented. 
 
3.1 LAB EVALUATION PERFORMED AT NASA ARMSTRONG FLIGHT RESEARCH CENTER. 
 
3.1.1 LAB SETUP 
 
The lab set up of EVTM can be seen in Figure 3: 
 

 
Figure 3: NASA EVTM Lab Setup Diagram 

 
The Airborne Transceiver was connected to a bench power supply and a laptop.  The laptop connections were 
two serial ports for configuration of the transmitter and receiver, and an Ethernet connection for IP packetized 
data (via jperf v2.0.2 & iperf3 v3.0.11). 
 
The ground station transceiver was powered from 110V AC power (it is a fully contained system).  It was also 
connected to the Ethernet port of a laptop, also running jperf and iperf3. 
 
The RF connections were established through two Delta Microwave diplexers, two Haigh-Farr power 
combiners and two Fairview Microwave 30 dB attenuators. 
 
The channels were set up at as follows: 
 
Downlink (Airborne to ground station) 
1750.0 MHz 
SOQPSK-TG 
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Uplink (Ground station to airborne) 
2217.5 MHz 
SOQPSK-TG 
 
Tests were performed at six different data rates: 
1 Mbps (1.3 Mbps transfer rate) 
4 Mbps (5 Mbps transfer rate) 
8 Mbps (10 Mbps transfer rate) 

12 Mbps (15 Mbps transfer rate) 
15 Mbps (18.75 Mbps transfer rate) 
16 Mbps (20 Mbps transfer rate) 

 
3.1.2 FIRST ATTEMPT TEST RESULTS 
[From Ethernet via Telemetry (EVTM) Lab Report] 
 
“EVTM was first tested using procedure #1 without diplexers and power combiners, then repeated the same 

procedure except both laptops reversed their roles (i.e. airborne laptop changed from server to client and 

ground laptop changed from client to server) in order to see if the role of client/server on the airborne laptop 

and the ground laptop have any significant impact on performance. 

 
 

Airborne	  –	  Server,	  Ground	  
–	  Client	  (Dec	  18)	  
link	  rate	  
in	  Mbps	  

1200	  
B	  

4	  KB	  

1	  (1.3)	   0.45%	   0%	  
4	  (5)	   0%	   0.027

%	  
8	  (10)	   0.048

%	  
21%	  

12	  (15)	   21%	   47%	  
15	  

(18.75)	  
24%	   44%	  

16	  (20)	   28%	   47%	  

The graph along with the data above is from the test performed on December 18, 2014, with the 

airborne laptop acting as server and the ground laptop acting as client.  The number inside the parenthesis in 

“link rate in Mbps” section is the bandwidth specified in EVTM while the number outside of parenthesis is the 

link rate specified in jperf.  The number outside of the parenthesis is 80% of the bandwidth and the remaining 

20% left is to account for the overhead.  Packets with the size of 1200B have higher loss percentage at the rate 

of equal to or greater than 12 Mbps link rate, and the packet size of 4KB have higher loss percentage at the rate 

of equal to or greater than 8 Mbps link rate. 
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Airborne	  –	  Client,	  Ground	  
–	  Server	  (Dec	  22)	  
link	  rate	  
in	  Mbps	  

1200	  B	   4	  KB	  

1	  (1.3)	   0%	   0%	  

4	  (5)	   0.16%	   0.14
%	  

8	  (10)	   0.45%	   21%	  

12	  (15)	   18%	   46%	  

15	  
(18.75)	  

27%	   43%	  

16	  (20)	   23%	   47%	  
 

And the graph along with the data above is from the test performed on December 22, 2014.  In this test the 

airborne laptop acted as client instead of server and the ground laptop acted as server instead of client.  The 

data above follow similar trend as the data in test from December 18, indicating that the role of client/server on 

the airborne laptop and the ground laptop makes no significant difference in performance.  However, the packet 

loss percentage is still very high (from 21% to 47%).  From a quick research online, an acceptable loss rate 

seems to be 1 - 2.5%.  The highest packet loss percentage is 47%, much higher than an acceptable packet loss 

percentage.  Using Wireshark, the traffic flow shows that packets with size of 1200B do not induce 

fragmentation while with size of 4KB do induce fragmentation.  This would explain the packet loss percentage 

for packet size of 4KB being higher than size of 1200B.”[2] 

 

When troubleshooting to identify the high packet loss issue, it was discovered that the burst rate overwhelmed 

the buffer, causing some packets to be dropped.  The decision was made to reallocate the buffer memory, 

increasing its capacity to 32k 

 

3.1.3 SECOND ATTEMPT TEST RESULTS 

[Ethernet via Telemetry (EVTM) Lab Report, cont.] 

“…With the firmware update, we performed procedure #1 twice to compare the before and after performance:  

without diplexers and power combiners, and with diplexers and power combiners. 
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W/o	   diplexer	   and	   power	  
combiner	  
link	  rate	  
in	  Mbps	  

1200	  B	   4	  KB	  

1	  (1.3)	   0%	   0%	  
4	  (5)	   0%	   0.055

%	  
8	  (10)	   0.26%	   0.56%	  
12	  (15)	   0.13%	   0.47%	  
15	  

(18.75)	  
0.76%	   0.33%	  

16	  (20)	   0.46%	   0.86%	  

 

  

With	   diplexer	   and	   power	  
combiner	  
link	  rate	  
in	  Mbps	  

1200	  B	   4	  KB	  

1	  (1.3)	   0%	   0%	  
4	  (5)	   0.056

%	  
0.027

%	  
8	  (10)	   0.24%	   0.082

%	  
12	  (15)	   0.33%	   0.45%	  
15	  

(18.75)	  
0.43%	   0.16%	  

16	  (20)	   0.62%	   0.61%	  

The data from test without diplexers and power combiners shows that the packet loss percentage decreased 

greatly (less than 1%), and the performance improved greatly.  In order to ensure that diplexers and power 

combiners do not affect performance significantly, test was performed with diplexers and power combiners.  

The result is very similar to the result from test without diplexers and power combiners, meaning performance 

was not affected significantly. 

In order to use test automation, jperf was changed to iperf3.  Tests were conducted following procedure 

#2 including diplexers and power combiners. 
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Airborne	   –	   Server,	   Ground	  
–	  Client	  
link	  rate	  
in	  Mbps	  

1200	  B	   4	  KB	  

1	  (1.3)	   0.16%	   2.6%	  
4	  (5)	   35%	   43%	  
8	  (10)	   58%	   72%	  
12	  (15)	   62%	   78%	  
15	  

(18.75)	  
61%	   82%	  

16	  (20)	   60%	   84%	  

 

 
 

Airborne	  –	  Client,	  Ground	  –	  
Server	  
link	  rate	  
in	  Mbps	  

1200	  B	   4	  KB	  

1	  (1.3)	   3.7%	   0.77%	  
4	  (5)	   34%	   43%	  
8	  (10)	   58%	   71%	  
12	  (15)	   65%	   78%	  
15	  

(18.75)	  
61%	   82%	  

16	  (20)	   61%	   84%	  

The packet loss percentages were high (from 34% to 84%) for any speed at and above 5 Mbps specified in 

EVTM for both packet size of 1200B and 4KB.  They were drastically different from the results performed with 

jperf.  Wireshark was used to investigate how data was sent differently from jperf and iperf3 and the results are 

displayed in graphs below: 
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In jperf was bursting at a speed typically less than 30 Mbps, with shorter break interval while iperf3 was 

bursting at a speed as high as 330Mbps with longer break interval.  This speed overwhelmed the buffer, causing 

some packets to be dropped, which is why iperf3 had much higher packet loss percentage compared to jperf. 

 In an attempt to control this bursting issue, traffic control from Linux was used, specifically token bucket 

filter (TBF).  TBF shapes the traffic, ensuring that the interface does not send data that exceed the configured 

rate.  Before performing procedure #2, implement TBF on client laptop by entering “tc qdisc add dev [interface 

name] root tbf rate [rate] mbit burst 10000b latency 50ms” in terminal, where 

• Interface name – the name of interface which is connected to EVTM 

• Rate – the bandwidth specified on EVTM 

Procedure #2 was performed twice, first with 10 Mbps as rate for TBF setting and then with 20 Mbps as rate 

for TBF setting (when changing the rate for TBF setting, use “replace” instead of “add”). 

 

 

TBF	  with	  rate	  of	  10	  Mbps	  
link	  rate	  
in	  Mbps	  

1200	  B	   4	  KB	  

1	  (1.3)	   0%	   0%	  
4	  (5)	   1.6%	   9.8%	  
8	  (10)	   0.032

%	   0%	  
12	  (15)	   0%	   0%	  
15	  

(18.75)	   0%	   0%	  
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TBF	  with	  rate	  of	  20	  Mbps	  
link	  rate	  
in	  Mbps	  

1200	  B	   4	  KB	  

1	  (1.3)	   0%	   0%	  
4	  (5)	   21%	   34%	  
8	  (10)	   26%	   55%	  
12	  (15)	   19%	   64%	  
15	  

(18.75)	   3.7%	   15%	  
16	  (20)	   0.044

%	  
0.055

%	  
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According to the results above, traffic control using TBF did reduce the packet loss percentage for the rate 

established in TBF implementation, however, there are still some packet loss percentage at speed less than the 

rate.  This issue is still being investigated.  The results above suggest that using switch to shape traffic may be 

one of solutions for reducing dropped packets.”[2] 

 

3.2 FLIGHT TEST PERFORMED AT REDSTONE ARSENAL 

 

3.2.1 TEST SETUP 

Aircraft antenna: Haigh-Farr Model 6130 (omnidirectional) 

Base Station antenna: Antenna.us model UL-235A-498 (directional) 

Data Rate: ≈9.0 Mbps 

Link Distance: 4 km and 8 km 

Modulation: SOQPSK-TG 

Frequency: S-band 2.2 to 2.5 GHz 

 

3.2.2 TEST RESULTS 

On the 4 km link, a file transfer speed test was performed, which peaked at around 9 Mbps.  There was also a 

monitoring of remote equipment which maintained a consistent link.  On the 8 km link, only the monitoring of 

remote equipment was performed, with very similar results.  Both links were encrypted at the Ethernet input 

(before transfer to the EVTM system). 

 

 

4. LESSONS LEARNED/FUTURE DEVELOPMENT 
 

4.1 PACKET LOSS EVALUATION 
 
Two major elements contributed to the high packet loss rates measured at NASA.   
 
First was the under-sized data buffers.  The total available memory for data buffering was only 16 kB in each 
direction.  The first implementation actually had the memory split between transmit and receive paths on the 
encoder/decoder boards.  The design was originally supposed to be one board that handled bi-directional traffic 
with one device.  The final hardware configuration actually split the encoding/decoding to two boards; one on 
the transmitter and one on the receiver.  The firmware was updated to push all the memory to the used 
(transmit/receive) side, effectively doubling the available memory for each direction. 
 
Second, it was observed that a standard connection does not default to enable flow control.  It will attempt to 
transfer all the data in as short a period as possible.  Attempting to enter data into the buffer at a rate greater 
than the encoder drains it will result in data overflows for sufficiently large files.  Most Windows-based 
machines do not allow for flow control.  A Linux-based machine will allow for a flow control, causing the 
machine to meter out the data at a more digestible rate. 
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4.2 REDSTONE FLIGHT OBSERVATIONS 
 
Much of the information about the actual flight and the data transferred is still restricted to official use.  With 
the information that is able to be released, there are a few conclusions to be made.  The encoding/decoding had 
zero issues dealing with encryption.  For as long as the RF link is maintained, a TCP/IP data stream will operate 
normally. 
 
4.3 NEXT GENERATION IMPROVEMENTS 
 
Currently the second generation EVTM encoder/decoder is in redesign.  There have been changes made to the 
hardware to account for manufacturability, as well as flexibility.  One of the biggest changes directly addresses 
the buffer size.  New hardware will expand the buffer from 32 Kbytes to 1 Mbyte.  This should be enough space 
to handle data rates up to 46 Mbps, the current maximum achievable rate for SOQPSK. 
 
Another desirable change will come in the form of changing the RF link from frequency diverse system to a 
time diverse system.  A time diverse system will reduce the required bandwidth by eliminating the need to 
assign a separate uplink and downlink channel.  The time diverse capability is expected to be available late 
2016/early 2017. 
 
The only live flight scenario that has been performed to date (Redstone) has been done with antennas not 
connected to LNAs and not connected to tracking systems.  It is assumed that other established programs (iNet) 
may have requirements for running time division multiplex two-way links.  These requirements necessitate the 
establishment of a method of a return RF path through tracking antennas, technology that can be leveraged for 
the operation of EVTM hardware.  We anticipate compatibility with auto tracking ACUs, as the receiver and 
demodulator hardware is unmodified from current fielded hardware.  The major unresolved issue is the return 
RF path.  Equipment designed to support bi-directional RF links will need to have this addressed, as well as 
where the T/R switch is controlled. 
 

5. CONCLUSION 
By adding another layer between the transmitter and receiver at the data input or output point, it is possible to 
transfer Ethernet packetized data with existing aeronautical telemetry hardware.  Early testing has shown the 
technology to be viable, but has revealed shortcomings.  These shortcomings are not unsurmountable, and some 
are already being addressed. 
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ABSTRACT 
 
The deployment of network-based airborne instrumentation is leading to cost efficient replacement 
of legacy systems.  One application of airborne instrumentation systems that has to this point been 
developed and maintained separately from traditional avionics and orange-wire data acquisition 
systems is video and imagery.  The development of network-based video and imagery systems has 
led to an opportunity to unify these two previously distinct airborne data acquisition activities 
using standards for plug-n-play interoperability across airframes and organizations.  This paper 
describes standards based network-based video and imagery instrumentation systems which, are 
being implemented to replace existing proprietary systems. 
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INTRODUCTION 
 
In the late 90's the Central Test and Evaluation Investment Program (CTEIP) funded the Airborne 
Separation Video System (ASVS) whose goal was to utilize digital imaging cameras as a 
replacement for existing 400 frames per second (fps) film cameras in the airborne environment.  
Although there were many different Major Range Test Base Facilities (MRTFB) requirements, a 
specification was written and funding allocated for the development and procurement of the ASVS 
system.  The goal of this CTEIP task was to create a de-facto standard for digital image collection, 
storage, and evaluation by developing and procuring a single vendor designed system. 
 
ASVS was comprised of electronically-shuttered, high-speed, high-resolution digital imaging 
cameras, a high-density digital data storage device and associated electronics, reference Figure 1.  
Although the ASVS program yielded components that are still in use today, the hardware systems 
were built to a specification that was proprietary to the manufacturer.  These systems cannot be 
replaced with commercial equivalent products since the interfaces, command and control are 
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proprietary.  Even if the specification and intellectual property was made available, another 
outdated de-facto standard would be created with outdated technology. 
 
A more telling limitation with ASVS was the lack of utilizing standards leading to a proprietary 
solution and barrier to entry for camera and ground station manufacturers.  The existing ASVS is 
disk based and its data format, command and control does not adhere to any known standard. 
 

     
 

Figure 1.  Legacy ASVS Components and Modification 
 
 

A NEW APPROACH TO AN OLD REQUIREMENT 
 
Using experience gained from the legacy ASVS, a new system is being implemented which is 
based on industry and Range Commanders Council (RCC) Standards.  The key objective of this 
approach is to implement component and data interoperability for Networked Airborne Video 
Systems (NAVS) driven by open standards.  For example, one requirement is that cameras from 
different manufacturers be utilized in an on-board Ethernet network with implementation of the 
existing GigE Vision® (GEV), reference Figure 2, and IRIG-106 Chapter 10 Digital Recording 
Standards.  The infrastructure of this video network would be based on existing airborne hardware 
that is already in use in various programs.  This new approach would also leverage existing 
technologies for a generic non-intrusive instrumentation package.  The goal is to adopt a system 
such that it can provide network-based cameras and that can be backwards compatible (in form 
and fit) with the existing legacy ASVS. 

 
Figure 2.  GigE Vision® Architecture 
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Existing ASVS systems are being replaced with cameras and other devices compliant with a new 
RCC Optical Systems Group (OSG) Airborne Network Camera Standard (ANCS) for NAVS 
implementations.  The ANCS is comprised of the following sections: 
 

• System Devices and Operation Requirements; which define the types of on-board cameras 
and capabilities within the ANCS standard. 

• GEV Operational Requirements; bootstrap registers and device discovery. 

• GenICam Features; derived from the European Machine Vision Association (EMVA) 
standard for exposing generic camera and device control attributes.  These consist of but 
are not limited to device control of image format, acquisition, exposure, buffers, local 
media, events, analog, transport layer, user set, time sources and file access. 

• GEV Control Protocol (GVCP); which is a protocol to configure devices, instantiate stream 
and message channels. 

• GEV Streaming Protocol (GVSP); provides a mechanism for GVSP transmitters (i.e. 
cameras) to send image data, image status and other data to GVSP receivers. 

• Camera On-Board Acquisition Storage; for video or imagery In Accordance With (IAW) 
the IRIG 106 Chapter 10 Digital Recording Standard. 

 
NAVS and the standards that it adheres to establishes and promotes vendor independent plug-n-
play implementation of network devices (i.e. controllers, switches, cameras, strobe lights and 
recorders) in an airborne platform.  The same wiring that was utilized for legacy ASVS cameras 
can be utilized for new Ethernet based NAVS implementations. 

 
Figure 3.  Example NAVS Topology 
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Since the same Gigabit Ethernet (GigE) wiring is utilized, the legacy ASVS system can be quickly 
replaced.  Internal to the aircraft, a pallet will be utilized to replace the existing ASVS controller 
and install NAVS components.  The NAVS replacement pallet consists of a systems controller, 
integrated Ethernet switches, network Internet Protocol (IP) transceiver, and IRIG-106 Chapter 10 
solid state recorder, reference Figure 3 and Figure 4. 
 
The systems controller and integrated Ethernet switches are utilized to provide IEEE‐1588 time to 
all the network components and provide command and control from the ground over an 802.11a 
link.  The aircraft interface and camera management is provided by the systems controller which 
interfaces to the instrumentation control system.  The controller also provides NTSC real time 
video preview from cameras and monitors the weapons release and manual run inputs. 
 
The use of bi-directional connectivity allows real time mission configuration and data analysis, a 
capability never realized by ASVS.  Data from the cameras is stored IAW IRIG‐106 Chapter 10 
on either local or remote media storage.  Different types of cameras can be utilized in the 
networked system as long as they are compliant with the RCC OSG ANCS Standard. 

 
Figure 4.  Example NAVS Implementation Using AIM-120 Shape (SKYNet Pod) 

 
 

AIRBORNE CAMERAS 
 
Cameras compliant with the ANCS Standard may operate in stand-alone or as an integral 
component of NAVS.  In NAVS you may have a single or multiple cameras.  Strict adherence to 
the GEV and ANCS Standards is required to facilitate interoperability of cameras from different 
manufacturers, reference Figure 5.  With “on-board” cameras such as with an aircraft platform, it 
is critical for NAVS to be automated with minimum operator assistance.  In its most basic form, 
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the requirement for an on-board ANCS camera is to trigger, capture the data of interest, and store 
the captured data to nonvolatile storage.  

 

 

 

Figure 5.  GEV and ANCS Compliant Cameras 
 
There are (4) types of camera architectures defined in the ANCS Standard: 
 
Type I Camera, Live Streaming Only:  These cameras provide live streaming of images at a 
programmable rate utilizing SCP0 IAW the GEV standard. 
 
Type II Camera, Live Streaming with Buffered Storage:  These provide live streaming of images 
utilizing at a programmable rate utilizing SCP0 IAW the GEV standard with multiple buffers.  This 
type of camera provides multiple sequential acquisitions to multiple memory buffers.  Transfer of 
data from the buffers is accomplished utilizing SCP1 IAW GEV and ANCS Standards. 
 
Type III Camera,  Live Streaming with Buffered Storage and Data Acquisition Storage:  These 
cameras provide live streaming of images at a programmable rate utilizing SCP0 IAW the GEV 
standard and acquisition data storage to removable memory IAW the ANCS Standard. 
 
Type IV Camera, Live Streaming with Buffered Storage, Data Acquisition Storage and Stored 
Data Transfer:  These cameras provide live streaming of images at a programmable rate utilizing 
SCP0 IAW the GEV standard and acquisition data storage to local or removable memory IAW the 
ANCS Standard 
 
 

NAVS CONTROLLER 
 
The NAVS controller is an airborne ANSC compliant GigE Vision receiver and primary control 
application with triggering, time source and multiplexed video encoder.  With multiple Ethernet 
interfaces the NAVS controller provides a streaming GigE Vision video imagery receiver to 
NTSC/H.264 output conversion for pre/post trigger monitoring of cameras in selectable single, 
dual or quad views.  Control of the cameras is accomplished via GVCP with automated setup from 
internal configuration files or external commands.  Camera triggering is provided via external 
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trigger discretes, Mil-Std-1553 bus message monitoring or external commands via UART or 
Ethernet. 
 
The NAVS controller can also be configured as a Grand Master time source via a high accuracy 
internal GPS receiver and IEEE-1588v2 time engine.  An internal IRIG Time Code Generator 
(TCG) is used to drive the IRIG time outputs to cameras which can be seeded from GPS, IEEE-
1588v2 or IRIG/1PPS. 
 
 

INTEGRATED ETHERNET SWITCHES 
 
The NAVS integrated Ethernet switches are airborne 6 and 12 port layer 2/3 managed carrier 
Ethernet switches with integrated end node timing and discrete signal capabilities.  Programmable 
or data driven discrete outputs can be used to control end node devices on or off the network as 
well as feedback into the switches from discrete inputs. 
 
The 12 port switch also contains a Field Programmable Gate Array (FPGA) tied directly to the 
switch backplane for user defined Ethernet traffic processing, filtering, logic or data driven 
discretes.  Both the 6 and 12 port switches contain a Central Processing Unit (CPU) for switch 
management, content aware processing and responding to GEV device discovery protocol.  This 
allows a GEV primary application to discover and control the switches like any other GEV device. 
 
With multiple time sources and outputs these switches provide end node device time signals.  The 
12 port switch contains a high accuracy internal GPS receiver and both switches contain a 
hardware based IEEE-1588v2 time engine able to drive an internal IRIG-A/B/G TCG for time 
outputs.  The 12 port switch IEEE-1588v2 time engine can be seeded from the GPS time to act as 
a grand master clock or configured as a boundary clock, ordinary clock or transparent clock.  The 
GigE Vision Standard V2.0 implements and requires IEEE-1588v2 to be a compliant device. 
 
 

REAL-TIME FULL DUPLEX COMMAND, CONTROL AND DATA 
 
The flexibility and capability achieved in creating NAVS is augmented by using low latency IP 
transceivers to interconnect the airborne instrumentation system with a ground network.  NAVS 
uses Tactical Targeting Network Technology (TTNT) radios, reference Figure 6, which utilizes 
an ad hoc mesh network capable of supporting up to 200 users at any given time.  These 
transceivers act as a full duplex wireless router for communicating IP packets between NAVS and 
the ground network infrastructure.  While in line-of-sight range of another TTNT node, the radio 
will automatically enter the network, with no user action or preplanning required.  Total network 
range is capable of covering up to 300 miles.  A Statistical Priority-Based Multiple-Access 
(SPMA) protocol is used to maximize data traffic flow by limiting the transmission of lower 
priority data until needed, ensuring critical information is transmitted as quickly as possible. 
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Figure 6.  TTNT Radios 

 
Communicating with the ground station via telnet and the NVSC, individual cameras can be 
managed, allowing preview of the current image, adjustments to exposure, color, and illumination, 
and field of view can all be made in real-time during the actual flight plan.  Status from NAVS can 
be accessed using GVCP, and real-time displays used to convey this information to the operators 
on the ground.  Once a triggered event has been captured by the camera system, individual cameras 
can be queried and frames download to the ground for review and analysis.  Events can repeat if 
feasible, or changes to operating parameters can be made if environmental conditions change. 
 
 

GROUND SUPPORT SOFTWARE 
 
As with all airborne instrumentation systems NAVS requires ground support software.  This 
software will be operated by technicians, engineers, systems operators, and analysts.  Therefore 
the critical architectural requirements are disciplined implementations, tight integration of the 
main requirements and ease of use by all different levels of operators. The main requirement areas 
consist of: 
 

• Network Configuration Management 

• Pre-Flight Checkout 

• In-Flight Command, Control and Real-Time Display 

• Post Flight Replay and Processing of Recorded Data 
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Figure 7.  NAVS Software 

 
As a networked based system all of these software functions can take place on different host 
computers on the network each having its own function and operator or; just one or two host 
computers that combine functions under a single operator.  The same software components and 
functions that a pre-flight technician used on the flight line can be used by an engineer during the 
test to make adjustments to the system, reference Figure 7.  The same software components and 
functions that a test engineer or analyst uses to view the data can be used by the pre-flight technical 
during systems setup. 
 
For NAVS totally new software architectures and bottom up development have been implemented.  
This removes the inefficiencies normally encountered when new approaches and requirements are 
tacked onto older software programs which end up in layered and disjoint code base.  The result 
is less than desired software execution that causes problems in overall operations for the life of the 
system.  The NAVS program is providing an environment of new innovation in software 
development such as the NetView Data Fusion application providing combined time aligned 
processing and display of video, imagery, instrumentation and avionics data. 
 
ANCS simulation and validation software has also been developed which allows engineers to 
independently implement the requirements of the NAVS systems and standards then perform 
compliancy testing to ensure interoperability, reference Figure 8.  This removes all in-house and 
tightly coupled integration efforts which can be costly and time consuming.  Systems development 
and integration can now take place at dispersed geographical locations and manufactures.  If the 
standards have been complied with, the simulation and validation software used then when the 
NAVS components are integrated onto a test article the result is known operability, performance 
and ground support. 
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Figure 8.  ANCS Simulation and Validation Software 

 
 

CONCLUSION 
 
By using the ANCS and IRIG 106 Chapter 10 standards along with Ethernet based network 
technologies NAVS is providing long sought after plug-n-play interoperability in replacing legacy 
ASVS implementations.  Cameras, controllers, network switches and ground software that are 
compliant with these standards ensure the network, command and control and data systems all 
work together seamlessly with known performance metrics. 
 
With the ground support software developed for NAVS the concept of “Data Fusion” between 
test data acquisition systems, platform avionics and on-board video and imagery systems has 
become a reality.  This provides end users the ability analyze data in a manner never attempted 
before in legacy systems with time aligned data from different systems in single integrated 
processing and display environment. 
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ABSTRACT

This paper describes the use of scattering functions to characterize time-varying multipath radio
channels. Channel Impulse responses were measured at Edwards Air Force Base (EAFB) and a
process is outlined for generating scattering functions from the impulse response data . From the
scattering function we compute the corresponding Doppler power spectrum and multipath intensity
profile. These functions completely characterize the signal delay and the time varying nature of the
channel in question and are used by systems engineers to design reliable communications links. We
observe from our results that flight paths that had ample reflectors exhibited significant multipath
events.

INTRODUCTION

Wireless communications channels are usually characterized by multipath fading. This multipath
phenomenon is mostly attributed to objects that scatter or diffract propagating waves. Time vari-
ations occurring in the channel are usually caused by mobile transmitters and receivers coupled
with changes in the wireless medium itself (tropospheric and ionospheric effects).

Statistical models that take these effects into consideration are very useful to radio systems design-
ers. The scattering function, which is the Fourier transform of the autocorrelation function of the
representative channel, is perhaps the most widely used function for characterizing time varying
multipath channels. This function helps us understand 2 things:

• how fast the channel is changing,

• channel power as a function of multipath delay.
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This paper outlines a process for generating scattering functions for impulse response data. We
make two fundamental assumptions before proceeding with our process:

1. The multipath channel may be correctly modeled as a wide-sense stationary (WSS) random
process.

2. The scattering (multipath delays) are statistically uncorrelated.

In general, the first assumption is observably untrue. But perhaps over a sufficiently short temporal
window, this assumption is approximately true. The second assumption is also untrue. But we
will temporarily forget that we know this and see what the results give us. We will be cautious in
drawing any firm conclusions but in the final analysis, some general trends can be observed in our
results.

STATISTICAL BEHAVIOR OF LINEAR-TIME-VARIANT CHANNELS

The material from this section is adapted from Hashemi [1] and Chapter 13 of Proakis and Salehi[2].

A. Impulse Response

The linear-time-variant model, a model that characterizes the multipath wireless channel is repre-
sented by its complex-valued impulse response h(τ ; t). The two-dimensional impulse response is a
function of the delay and time variables τ and t respectively. One fixes the time variable t at t = t0
and observes the impulse response h(τ ; t0). In this model, the channel can be characterized as a
set of path arrival times τk(t) path amplitudes ak(t) and path phases θk(t) . The impulse response
of the channel is given by :

h(τ ; t) =
∞∑
k=0

ak(t)e
jθk(t)δ(τ − τk(t)). (1)

B. The Autocorrelation Function

With the channel impulse response h(τ ; t), we are ready to compute the autocorrelation function.
We define the autocorrelation function as :

Rh(τ1, τ2; t1, t2) = E{h(τ1; t1)h∗(τ2; t2)}. (2)

The autocorrelation function is the expected value of the product of the impulse response with its
conjugate at different times. Because h(τ ; t) is WSS, the autocorrelation can be written as :

Rh(τ1, τ2; ∆t) = E{h(τ1; t)h∗(τ2; t+ ∆t)}, (3)

2



where ∆t = t1 − t2. Additionally, because h(τ1; t1) is uncorrelated with h(τ2; t2), the autocorrela-
tion function can assume the form:

Rh(τ1; ∆t) = Rh(τ1, τ2; ∆t)δ(τ1 − τ2). (4)

This is because if h(τ1; t1) and h(τ2; t2) are uncorrelated, then

E{h(τ1; t)h∗(τ2; t+ ∆t)} = 0 (5)

since τ1 6= τ2. We drop the subscript associated with τ and simply write

Rh(τ1, τ2; t1, t2) = Rh(τ ; ∆t). (6)

Channels with autocorrelations as defined above are called wide-sense stationary uncorrelated scat-
tering (WSSUS) channels in the open literature.

C. The Scattering Function

With the computed autocorrelation function, we can now find the scattering function by taking the
Fourier transform of the autocorrelation function with respect to the ∆t variable. The scattering
function is

S(τ ;λ) =

∫ ∞
−∞

Rh(τ ; ∆t)e−j2πλ∆td∆t. (7)

The scattering function estimates the average output power of the channel as a function of the time
delay τ and the Doppler frequency λ. From this function, we obtain four other useful functions as
illustrated in Figure 1:

• Doppler power spectrum, a function obtained by integrating across the τ axis and expressed
as

S(λ) =

∫ ∞
−∞

S(τ ;λ)dτ ; (8)

• spaced-time correlation function, a function obtained by taking the inverse Fourier transform
of the Doppler power spectrum and expressed as

s(∆t) =
1

2π

∫ ∞
−∞

S(λ)ejλ∆tdλ; (9)

• multipath intensity profile, a function obtained by integrating across the Doppler frequency
axis and expressed as

ρ(τ) =

∫ ∞
−∞

S(τ ;λ)dλ; (10)

• spaced-frequency correlation function, a function obtained by taking the Fourier transform
of the multipath intensity profile and expressed as

R(∆f) =

∫ ∞
−∞

ρ(τ)e−j∆fτdτ. (11)
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Figure 1: The scattering function “family tree”. Adapted from [3].

APPLICATION TO THE EAFB DATA SET

We analyze impulse responses corresponding to three flight paths at EAFB for L-band (1824 MHz)
and C-band (5124 MHz) transmissions :

• Black Mountain East-West run

• Cords Road East-West run

• Taxiway North-South run

The Black Mountain flight path is illustrated in Figure 2 .

For each of the 3 areas above, Nt consecutive channel impulse responses were extracted. In sum-
mary, the processed data gives Nt impulse responses from which we estimate the scattering func-
tion. We use the double index notation - the n-th sample of the k-th impulse response is represented
as h(n; k) - in our analysis. We illustrate this in terms of the matrix H.

H =


h(1; 1) h(2; 1) · · · h(Nt; 1)
h(1; 2) h(2; 2) · · · h(Nt; 2)
h(1; 3) h(2; 3) · · · h(Nt; 3)

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

h(1;Lh) h(2;Lh) · · · h(Nt;Lh)

 . (12)
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The rows of this matrix represent the t axis. The interval between row elements is ∆T = 800 µs.
The columns represent the τ axis. The interval between column elements ∆τ = 5 ns.

The unbiased estimator for R(τ ; ∆t) is [4]

R̂(n∆τ ;m∆T ) =


1

Nt−m

Nt−m∑
l=1

h(n; l +m, l)h∗(n; l) m ≥ 0

1
Nt+m

Nt∑
l=−m+1

h(n; l +m, l)h∗(n; l) m < 0
(13)

for −Nt < m < Nt. The scattering function estimate is computed using the length-N DFT of
R̂(n∆τ ;m∆T ) with respect to the second index:

Ŝ(n∆τ ; ∆Tk/N) =
Nt−1∑

m=−Nt+1

R̂(n∆τ ;m∆T )e−j2πkm/N (14)

for 0 ≤ k < N . Close examination of (9) shows that for a given delay (i.e. fixed n), the scattering
function is an estimate of the power spectral density of the sequence

h(n; 1), h(n; 2), . . . , h(n;Nt). (15)

Consequently, well-known estimation techniques for the power spectral density, such as those
described in [3,4], may be used. The estimation technique requiring the fewest assumptions about
the structure of the power spectral density is the windowed periodogram approach. We however
opt for Welch’s method for averaging modified periodograms [4]. In our computations, we applied
a Blackman window and a length N = 512 FFT with 50% overlap.

RESULTS

As mentioned earlier, the Doppler power spectrum S(λ) quantifies the channel output power as a
function of the Doppler frequency λ. The range of Doppler frequencies for which S(λ) is nonzero
is the Doppler spread Bd. A large Doppler spread results from rapid variations in the channel.
Likewise, a small Doppler spread results from slow variations in the channel. The inverse Fourier
transform of the Doppler power spectrum is the spaced-time correlation function s(∆t). This
function quantifies how correlated the channel at time t is to the channel at t + ∆t. The amount
of time for which |s(∆t)| is nonzero is called the coherence time (∆t)c. Because S(λ) and s(∆t)
constitute a Fourier transform pair, (∆t)c is approximately the reciprocal of Bd. Figures 4 and
5 are examples of typical plots for the Doppler power spectrum and the spaced-time correlation
function obtained during our simulations.

The multipath intensity profile ρ(τ) quantifies the average power output of the channel as a function
of delay. The maximum value of τ for which ρ(τ) is nonzero is called the multipath spread Tm.
A large multipath spread means there are long powerful delays in the channel. Figure 6 represents
a multipath intensity profile corresponding to one of the test runs in our simulations. The Fourier
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Figure 2: The 12 multipath events for the Black Mountain East-to-West run at EAFB using 1824 MHz. The
yellow thumb tack markers indicate the multipath event locations. Event 1 is the rightmost marker and Event
12 is the left-most marker.

Figure 3: The 3 multipath events for the Black Mountain East-to-West run at EAFB using 5124 MHz.
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Figure 4: Doppler power spectrum corresponding to a typical multipath event in the Taxiway area.
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transform of the multipath intensity profile is the spaced-frequency correlation function R(∆f).
The spaced-frequency correlation function is a measure of how correlated the channel transfer
function is at two frequencies separated by ∆f . This might be a useful guide in designing an
OFDM system such as the OFDM mode proposed for iNET [5]. The values of ∆f over which
|R(∆f)| is non-zero is the coherence bandwidth (∆f)c of the channel. Two OFDM subcarriers
separated by more than (∆f)c experience uncorrelated fading. Frequency-selective fading results
when (∆f)c is small in comparison to the signal bandwidth. Likewise, frequency-nonselective
fading results when (∆f)c is large in comparison to the signal bandwidth. Because ρ(τ) and
R(∆f) are Fourier transform pairs, (∆f)c and Tm are reciprocals of each other.

In analyzing the multipath intensity profile, we find it useful to look at three useful statistics that can
readily be computed from ρ(τ) [6] - the mean excess delay, the rms delay spread and the maximum
excess delay. The mean excess delay is the first moment (or mean delay) of the multipath intensity
profile. i.e. the mean excess delay is given by

τ̄ =

∑
k

ρ(τk)τk∑
k

ρ(τk)
, (16)

where τk represents the delay index and ρ(τk) is the multipath intensity value at τk. The rms delay
spread is the square root of the second central moment of ρ(τ). ie.

στ =

√
τ 2 − (τ̄)2 (17)

where

τ 2 =

∑
k

ρ(τk)τ
2
k∑

k

ρ(τk)
. (18)

The maximum excess delay (X dB) of ρ(τ) is defined to be the time delay during which the
multipath energy falls X dB below the maximum energy. The value of X used in our computations
is 30 dB.

We now analyze the results connected with the areas listed above. Because of the different power
levels and gains of our receivers, some engineering judgment was used in estimating the time dis-
persion parameters particularly for our C-Band results. We summarize our findings in the following
tables.
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Black Mountain East-West Test Run using 1824 MHz
Event Doppler Spread

(Hz)
Notes Mean Excess Delay

(ns)
RMS Delay Spread (στ )
(ns)

Notes

1 4.8828 0 252.3624
2 4.8828 1.7570 233.3433
3 4.8828 1713.1 5594.5 LPD
4 4.8828 0 241.6653
5 4.8828 0.9493 197.7197
6 4.8828 1.4116 214.1087
7 4.8828 2234.1 9573.1 LPD
8 7.3242 R 5757.3 22786 LPD
9 4.8828 10.8828 170.5217
10 4.8828 21.3571 230.5146
11 4.8828 1.3889 241.9988
12 4.8828 0 159.9216

Table 1: Key: R- rapidly changing channel, LPD - long powerful delays in the channel.

Black Mountain East-West Test Run using 5124 MHz
Event Doppler Spread

(Hz)
Notes Mean Excess Delay

(ns)
RMS Delay Spread (στ )
(ns)

Notes

1 4.8828 11.3168 137.7124
2 4.8828 0 79.0817
3 4.8828 11.3190 108.0595

Table 2: Key: R- rapidly changing channel, LPD - long powerful delays in the channel.

Cords Road Test Run using 1824 MHz
Event Doppler Spread

(Hz)
Notes Mean Excess Delay

(ns)
RMS Delay Spread (στ )
(ns)

Notes

1 4.8828 1.1788 231.4082
2 4.8828 3.4955 326.6298
3 4.8828 20.8736 395.9343
4 4.8828 3.8106 284.0733
5 4.8828 8.1251 266.5758

Table 3: Key: R- rapidly changing channel, D - long powerful delays in the channel.

Cords Road Test Run using 5124 MHz
Event Doppler Spread

(Hz)
Notes Mean Excess Delay

(ns)
RMS Delay Spread (στ )
(ns)

Notes

1 4.8828 11.3259 153.0260
2 4.8828 11.2822 157.9379

Table 4: Key: R- rapidly changing channel, LPD - long powerful delays in the channel.
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Taxiway Test Run using 1824 MHz
Event Doppler Spread

(Hz)
Notes Mean Excess Delay

(ns)
RMS Delay Spread (στ )
(ns)

Notes

1 9.7656 R 2055.4 7453.5 LPD
2 56.1523 R 2601.0 3560.9 LPD
3 4.8828 2218.5 4671.9 LPD
4 4.8828 10967 17521 LPD
5 68.3594 R 1682.4 5733.0 LPD
6 4.8828 43.2144 173.4
7 4.8828 2259.0 8173.8 LPD
8 4.8828 318.0603 1687.2

Table 5: Key: R- rapidly changing channel, LPD - long powerful delays in the channel.

Taxiway Test Run using 5124 MHz
Event Doppler Spread

(Hz)
Notes Mean Excess Delay

(ns)
RMS Delay Spread (στ )
(ns)

Notes

1 9.7656 7.3976 106.7365
Table 6: Key: R- rapidly changing channel, LPD - long powerful delays in the channel.

CONCLUSION

We have reviewed a method for generating scattering functions for the WSSUS mobile channel
by first structuring our data as described in (12) and using Welch’s periodogram to obtain the
scattering function. Applying this technique to analyzing impulse response data from EAFB, we
observe that because the choice of windowing function (Blackman window was used in our case)
and the number of FFT points used in our simulations, we were somewhat constrained in our
frequency resolution. As a result the Doppler spreads for the Black Mountain and Cords Road
runs show no variability. However, when we assess the Taxiway run using L-Band we notice a
rapidly changing channel for events 1,2 and 5 largely because of the nature of the reflectors in this
area: because the Taxiway area has a lot of buildings compared to the other areas in which we
conducted our channel sounding experiments. As a result we see significant multipath events for
the Taxiway flight path as illustrated in Figure 6. This accounts for why we see long powerful
delays for this test run as should be expected.
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Abstract

This  paper  looks  at  the  migration  paradox  from a  holistic  perspective,  revisits  the  Smarter 
Antenna concept and looks for synergetic solutions.  The architecture presented also builds on 
the momentum of the relentless migration to network technology (that has already transformed 
telemetry  data  centers)  and pushes  it  to  the  the  vehicle.   The results  are  reduced costs  and 
exciting new functionality, such as better situational awareness for mission conduct and range 
safety.  Spatial and temporal domains are harnessed as aggressively as the frequency domain to 
enable denser spectral utilization and other exciting benefits. Imagine a Test Range no longer 
reliant on tracking systems (almost)! 

Introduction

The current architecture is mature and has carried the industry for quite some time.  The ample 
fruits of immense investment over the years.  We look at two pillars of the architecture, the first 



is the practice of using an isotropic antenna on the test vehicle, and the second is the practice of 
using continuous Pulse Code Modulation (PCM).   As in any paradigm, it is inconceivable that 
we might  part  ways with these two loyal  friends.   However  the current  architecture is  now 
backed into a corner, by link margin requirements vs the transmitter limitations.  The data quality 
of  the  C  Band  products  will  at  best  be  on  par  with  historical  S  Band  components,  no 
improvements  in  spectral  utilization,  and the cost  of  the technology is  greater.   The current 
architecture approaches the point of diminishing returns and the time for a refresh has come.  The 
following account is an example of the significant effort required to move the bar up an inch.  
That effort is key to a creative new architecture.

Background

The Army Theatre High Altitude Area Defense System (THAADS) Program levied stringent 
requirements for flight testing at White Sands Missile Range.  Sweeping changes in WSMR’s 
Telemetry System architecture culminated in a range wide, space diversity solution.  Quite a feat, 
post-detection combining of receiving stations more than 40 miles apart.  The results were a 
thousand fold  reduction in  data  drops,  two years  later.   Yes,  a  1000 times.   Post  Detection 
combining was performed in real time by correlating multiple sources such as: tracking, staring, 
reradiated sources then correcting latency, temporal aberrations and finally removing errant bits 
to  build  a  “best  source  composite”.   A bonus  was  that  ground  multipath  degradations  are 
significantly mitigated by this same technique.  At any given moment, one source out of several 
might not be affected by multipath and one is all you need.

Build it and they will come

The challenge is to lay out an architecture preserving or improving these achievements, ideally at 
a significantly lower cost.  On top of that deliver an order magnitude improvement in spectrum 
utilization so as to not outgrow the frequency band before occupying it.  For good measure also 
mitigate the transmitter efficiency plaguing C Band technology.  If this can be done, migration to 
C Band will cease to be anemic.  An order of magnitude improvement in performance at a lower 
cost compels adoption of the architecture at the earliest opportunity.  

When issues are solved holistically, the whole will be greater than the sum.  This architecture 
will lay the groundwork for an inertia less tracking array that delivers space diversity and n-
station position.  Supporting a larger number of vehicles delivers more realistic engagements and 
better testing.  Limitations are raised well beyond the one on one or one on two engagements that 
normally  make  up  the  diet  of  testing.   This  system  operates  unmanned  for  the  most  part, 
effectively using existing investments made in network infrastructure.
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Breaking up paradigms is hard to do

Arithmetic  tells  us  that  supporting  50  simultaneous  vehicles  is  impractical.   Needed are  50 
tracking stations, and if space diversity is required (3 or more stations per vehicle) that number 
soars.  To achieve the equivalent data quality without as many resources, we must break some 
classical  paradigms.   One  paradigm  maintains  vehicles  must  radiate  isotropically,  so  as  to 
maintain acquisition regardless of orientation.  Receiving antenna gain must then be large for 
adequate acquisition of the vehicle.  It doesn’t have to be this way.

Revisiting the receiving antenna, for adequate acquisition the test vehicle must be kept in the 
beam center,  away from antenna’s  nulls  or  side  lobes.   From the  vehicle’s  perspective,  the 
receiving antenna appears isotropic, no matter the geometry.  Consider the vehicle antenna, it 
does not maintain the receive site in any particular beam so variations in the pattern must be 
accommodated in the link design.  Link margin must be sufficient to overcome the majority of 
these variations.  Figure 1 is a simulated link model of a common trajectory, the data isn’t real, 
but  suitable  for  this  discussion.   This  particular  model  exhibits  the  characteristics  of  a  roll 

stabilized  vehicle  flying  away  from  a  receiver  and  so  the  vehicle  antenna  variations  (data 
degradations) are periodic throughout the flight.  A non-roll stabilized vehicle might assume an 
attitude that maintains the receiving site in a degraded zone.  If the received signal is below 
threshold,  all  acquisition  is  lost  until  the  vehicle  changes  orientation.   For  this  reason  best 
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Figure 1 Simulated Link Model of a Roll Stabilized environment

Threshold  0 dB

Satisfactory 10 dB

Excellent 20 dB



practice is to employ additional receiving sites.  However, if the vehicle antenna always points 
the main lobe center at the receiving site, that site is precluded from observing the nulls or large 
degradations.  Within reason, as some are caused by the vehicle body.  The margin needed might 
be reduced to just 5 dB, similar to a static scenario and the link exhibits satisfactory acquisition 
throughout the trajectory.

Trackers in the sky

Receiving sites are able to keep beam center on vehicles because they track, but the vehicle 
can’t?   Using an inertial instrument the vehicle can track where the earth is, and if the vehicle 
only radiates out of the element(s) pointed at the earth the same end is reached.  Why radiate half 
of the energy  above the horizon where there are no receiving sites.  Inertial Measurement Unit 
(IMU) or Attitude Heading Reference System (AHRS) and common microwave switching can 
select the proper element to radiate from.  IMU or AHRS hardware is now quite plentiful, small, 
cheap and rugged. 

Now  we  have  a  vehicle  antenna  that  doesn’t  exhibit  large  variations  and  link  margin 
requirements drop by some 10 dB nominally.  Radiating from only one element, the transmitter 
power  doesn’t  have  to  be  divided  amongst  all  of  the  other  elements.    Switches  have  low 
insertion losses, vehicle Effective Radiated Power (ERP) picks up 6 dB by not radiating into the 
sky.  No additional heat or other problems associated with poor C Band transmitter efficiency.  
Transmitter modulation sections can also be eliminated, see the fresh new antenna techniques 
presented in the paper: Direct Spatial Antenna Modulation for Phased Array Antenna, ITC2009.   

Post  Detection Combining via Correlation technology became the core architecture at  White 
Sands.  Equipped with data bridges these correlators radically changed the signaling architecture.  
A serial PCM signal is converted to a UDP packet and fed to the rest of the telemetry data center.  
Gone are hardware decommutators, TTL switches, digital or analog Recorders and patch boards 
that were the heart of these data centers.  THAADs and Navy Standard Missile (SM) missions 
were conducted sans hardware decommutators or chapter 10 recorders.  They are not needed.  A 
detailed discussion is given in the paper Look Ma, No Hardware,  ITC Proceedings 2009.

Legacy Missiles

Why not move the data bridge onto the vehicle.  Migrating legacy missiles becomes almost too 
easy.  Most legacy vehicles transmit an encrypted serial stream.  The data bridge diagram is 
shown in Figure 2.  The bridge performs clock recovery and places the encrypted serial stream in 
a buffer.  Housekeeping data like time (if available), vehicle ID and packet count complete the 
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packet to be transmitted.  No matter what the legacy bit rate is, packets will be transmitted at 20 

Mbps or whatever the packet rate is.  If the vehicle nominally transmits 2 Mbps, then there will 
be a 10% transmit duty cycle.  Finally a win against the dark side of power efficiency.  When 
using packets the vehicle antenna switching requirements are easy peasy, just switch between 
packets.  Deploy these items inside the existing transmitter footprint and secure power issues are 
gone.   Replace  the  existing  antenna with  the  just  described ground staring  antenna and the 
migration is complete!  When practical add GPS.

There are great economies realized with this architecture as devices on the ground need only one 
bit rate and corresponding bandwidth. No need to handle bit rates from 10 bps to 30 Mbps, no 
need for tunable IF filters, demodulators, bit synchronizers etc. Cost goes down, reliability goes 
up. There is no need for Chapter 10 recorders.  UDP packets are computer friendly, just write 
them to the disk.  An acquired packet can be sent anywhere so long as there is a network to take 
it there.  To process a legacy vehicle packet present it to a data bridge again where the encrypted 
data is extracted from the packet and the serial PCM is regenerated. 

No way Jose !

This is exciting stuff, as we shift a little gain onto the vehicle side, the entire paradigm is now on 
its ear.  Take that 15 dB of margin we’ve recovered and apply that to the receiving side as is 
normally  done.   To  achieve  satisfactory  link  performance  over  32  kilometers  with  this 
architecture, we would only need an antenna with around 5 dB gain.  This is a small antenna, 
with a very large beam.  If you had a grid of such antennae you would be able to cover all 
trajectories under 100,000 ft. and no tracking needed.  This seems so implausible, do the link 
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Figure  2  Data Bridge for Legacy Missiles



calculation yourself, it does add up.  The antenna is cheap because no tracking is needed.  Do not 
send those massive tracking systems to salvage yet, we shall get to those directly.

Behold the Staring Array shown in Figure 3, as might be realized at White Sands.  46 elements or 
nodes  cover  the  entire  Range  up  to  an  altitude  of  100Kft.   Elements  are  separated  by  16 
kilometers and there is sufficient coverage overlap for space diversity purposes.  Elements will 
require modest power and may be powered by solar arrays.  Data may be provided to the nearest 

Range test net via optical links.  A subset of the array about a vehicle is shown.  Nominal link 
margin is sufficient to link to four or more sites,  achieving a spatial  diversity solution.  For 
ground  vehicles,  multipath  will  be  mitigated.   The  probability  that  all  four  sites  could  be 
degraded  by  multipath  simultaneously  is  greatly  reduced.   If  the  vehicle  maintains  a  time 
standard,  each packet  may be time stamped,  range to the receiver  resolved and an n-station 
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solution falls out. Position accuracy would not match GPS or Radar, but is sufficient for Range 
Safety situational awareness purposes and would still function in GPS Jamming environments.  
In the case of bi-directional links, only the ground site need maintain a time standard.  If GPS is 
used accurate position is readily available.  System capacity will be significantly larger than the 
present  day  capacity.   Multiple  vehicles  may  use  the  same  frequencies,  as  long  as  packet 
transmissions are “scheduled” for temporal discrimination.  Space diversity is accomplished with 
the same correlation techniques used to generate best source composites at the Data Centers.  
Redundant packets are removed, network traffic remains manageable supporting greater numbers 
of vehicles.  Because each packet maintains identification tags, Track Files may be automatically 
associated.  This is critical, a safety destruct order on the wrong vehicle never goes well.   Track 
file inter-designation to other range instrumentation is a button push away.

Don’t salvage that tracker

High performance vehicles like THAADS fly well above the capabilities of the array.  Classical 
tracking assets with their huge apertures serve well here.  Existing S Band assets may be outfitted 
with Smarter Antenna  feed conversions for C band, much cheaper than replacing a complete 
tracker yet providing similar performance.   The smarter antenna feed electronically switches 
elements,  adding inertia  less  performance.   Tracking faults  occur  when a  vehicle  leaves  the 
antenna main beam usually because the tracker can’t keep up.  The Smarter Antenna feed cants 
the main beam to keep the vehicle in the track window.  As the tracker catches up, the cant is 
removed, normal tracking restored. 

Figure 4 depicts a spatial discrimination scenario.  Spatial Discrimination is accomplished using 
a left  and right staring antenna, both transmitting the same frequency.  Normally this would 

!7
Figure 4,  Spatial Discrimination, Two Vehicles, Two Trackers



corrupt both receiver sites.  Each vehicle radiates at a single ground site, precluding corruption.  
The geometry and vehicle patterns must support 25 dB of isolation for this to work.  Easily 
attainable for two vehicles,  a large number of vehicles requires tighter antenna pattern’s and 
better IMU systems.

Conclusion

All  of  the pieces needed for  this  architecture already exist,  leaving very little  risk.   Legacy 
vehicles are not left out, they get to play, with nominal investment.  The architecture headroom 
provides spectral capacity for scenarios well into the foreseeable future and opens dialog towards 
harnessing optical  technology.  Applications that  require 30 mbps or above may use inverse 
packet multiplexing, there is headroom.  The Staring Array improves safety, need not be manned, 
automatically  tracks  all  vehicles  that  are  instrumented.    A low rate  data  bridge  transmitter 
installed on every range support vehicle (i.e. security vehicle, etc) gives the Range Controller 
and Flight Safety Officer unprecedented situational awareness.   Range instrumentation may play 
too, easily accessing the data net via any element of the Staring Array.   An array element may be 
equipped with multiple antenna and receivers to increase range and capacity of that particular 
element,  support  polarization  diversity  or  to  increase  the  number  of  sites  simultaneously 
acquiring a vehicle.  There is a lot of latitude in this architecture.  
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ABSTRACT 
 
The US Army Yuma Proving Ground (YPG) utilizes telemetry in several critical ways.  Data, 
video, and voice from test aircraft provides YPG the information necessary to effectively execute 
missions.  This information must be displayed real-time for efficient use of available flight time, 
making a robust telemetry link vital.  In seeking an increased telemetry downlink capability, YPG 
considered three new technologies:  Space Time Coding (STC), Adaptive Equalization (EQ), and 
Low Density Parity Check (LDPC).  These technologies have shown reduced multipath and 
increased datalink reliability on fixed-wing aircraft; however, YPG’s concern was the 
technology’s benefits on rotary wing aircraft tested here.  To assess potential benefits of these 
technologies, YPG conducted flight tests using representative flight profiles and vendor-supplied 
equipment to collect quantitative and qualitative data. 
 
 

KEYWORDS 
 

1. Space Time Coding 
2. Adaptive Equalization 
3. Low Density Parity Check 

 
 

INTRODUCTION 
 
YPG is a subordinate command of the Army Test and Evaluation Command and is one of the 
largest military installations in the world.  Located in southwestern Arizona, it encompasses 1,308 
square miles.  YPG personnel conduct tests on nearly every weapon system or piece of military 
equipment in the ground combat arsenal.  With a mission to provide premier test services to the 
U.S. Government and her allies, YPG conducts, reports, and supports developmental tests, 
experiments, production tests, integrated developmental/operational tests, as well as provides 
training support.  In 2014, YPG fired over 287,000 rounds of artillery, mortar, missile, and small 
arms munitions, flew over 2,400 aircraft sorties, drove over 484,000 test miles, and conducted over 
1,200 airdrops.  These numbers more than double when events conducted in support of training 
are counted, and for the last 5 years YPG was the busiest Army proving ground. 
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The Aviation Systems and Electronic Test Division at YPG is responsible for testing of aviation 
ballistic weapons and missiles, unmanned aerial systems, aircraft systems, precision guided and 
unguided air delivered systems, personnel parachutes, sensors and surveillance systems, and 
electronic warfare systems.  As a developmental test activity, the goal is to help the developer field 
their systems and provide the Soldier with the safest, most lethal equipment. Instrumentation is a 
critical part of meeting this goal, and is used to either capture the reported information from the 
item under test or capture the "true" performance of the system.  In either case, it is critical that the 
instrumentation accurately capture the necessary data. 
 
Regardless of the test mission being conducted, the ability to display critical information from the 
system under test real-time in Mission Control greatly benefits the test team.  The ability to make 
decisions based on current and relevant data allows the test team to maximize their efforts and 
ensure that necessary data is being collected.  If the data from the system under test can be 
combined with truth data from range instrumentation, then system performance can be assessed.  
Flight time is not cheap, so the ability to quickly and efficiently assess flight test objectives is 
critical to mission success. 
 
The best way to achieve this is a robust data delivery system.  Range instrumentation is generally 
ground based and utilize the range fiber backbone to transport data where it needs to be.  
Transmitting radio frequency (RF) data from aircraft is more complex and susceptible to RF 
interference, multipath, or other losses.  The key components of YPG’s RF infrastructure are the 
same as other ranges, but the aircraft are different.  YPG primarily tracks rotary-wing aircraft rather 
than fixed-wing planes, which presents unique challenges that are not realized in some other test 
communities. 
 
The transmitters, receivers, and antennas that make up a telemetry link are only part of the data 
delivery system—the performance of the RF link is critical.  A robust telemetry link can greatly 
enhance the overall performance of the data delivery system.  At the 2014 International 
Telemetering Conference (ITC), YPG researched new technologies not currently in use on the 
range in an effort to increase the RF link reliability during typical missions at YPG. 
 
New technologies and hardware were identified at ITC and a plan was developed to test them at 
YPG.  Those technologies were STC, Adaptive EQ, and LDPC.  YPG put a plan together to test 
those capabilities with loaner hardware and a rotary-wing aircraft that belonged to the range. 
 
 

DEMONSTRATION SETUP 
 
YPG partnered with the members of Range Commanders Council (RCC) Telemetry Group and 
the Telemetry community in a mutually beneficial effort to make the demonstration a reality.  YPG 
did not have the either the hardware or trained personnel available to conduct the demonstration.  
Conversely, our partners had no data from rotary-wing aircraft, despite a plethora of data from 
fixed-wing systems.  The people helping YPG are acknowledged by name at the end of this paper. 
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One of the long-standing issues with any helicopter testing conducted at YPG is aircraft 
orientations that masks the transmitting antenna.  There are multiple reasons for this, including 
antenna placement on the aircraft and the rotary-wing aircraft’s typically low flight altitude. 
Perhaps the most significant issue is that helicopters can remain in a masked orientation for an 
extended period of time while hovering.  Based on prior experience, YPG’s usual approach is to 
locate antennas on the top and bottom of the aircraft and use a power divider to split the transmitter 
output to feed both antennas.  This configuration minimizes the chance that both antennas will be 
masked at the same time in flight.  This 2-antenna configuration was the baseline that YPG would 
use to during the demonstration to compare the various technologies. 
 
The original plan was to execute demonstration flights using only the video output from a 
stabilized camera.  This is a common configuration for many support missions flown at YPG and 
it could be easily implemented on the UH-1H.  After discussion with colleagues, it was decided 
use bit error rate test set (BERT) as the data source for a portion of the demonstration, since it 
could be used to quantify the quality of the telemetry links. Two days of flight testing were 
planned, with BERT being the primary data source on the first day and video output being the 
primary data source on the second day.  Results from the first day would be used to determine any 
configuration changes for the second day.  The other important outcome of the discussion with our 
colleagues was the configuration is shown in figure 1. 
 

 
 

Figure 1.  Demonstration Configuration 
 
This configuration for the demonstration would allow us to maximize the amount of data gather 
during a particular flight, and would allow for direct comparison for the two technologies being 
utilized on a particular flight.  In addition, the STC Transmitter and the Reference transmitter could 
be configured in multiple ways, which allowed the various configurations required for the 
Demonstration to be enabled without any hardware changes other than cabling. Our partners 
agreed to provide all the components shown in figure 1 except for the transmitting antennas and 
the video data source.  YPG would provide the transmitting antennas, the video data source, and a 
helicopter.  Other equipment to receive the signal would also be provided as need by various 
partners. 
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A UH-1H helicopter was used as a test platform and, to emulate other helicopter testing at YPG, 
an antenna was mounted on the upper wire strike protection assembly of the UH-1H.  The second 
antenna was mounted on the lower aft portion of the aircraft belly.  This configuration minimized 
the chance of masking both antennas at the same time in flight.  In addition, the upper antenna 
location produced some very interesting results during the demonstration.  Figure 2 shows the 2-
antenna configuration utilized for this demonstration and figure 3 shows the actual installation of 
the upper antenna for the demonstration. 
 

 
Figure 2.  UH-1H Antenna Configuration

 
Figure 3.  Upper Antenna 

 
Two equipment racks were installed on the aircraft.  The instrumentation rack (shown in figure 4) 
had the following equipment:  loaned instrumentation pallet that contained transmitters, power 
splitters, BERT source, and instrumentation recorder.  The other rack contained the sensor 
interface hardware (shown in figure 5). 
 

 
Figure 4.  Instrumentation Rack 

 
Figure 5.  Sensor Interface Rack 

 
The V14 sensor (shown in figure 6) was used during Flights 4 and 5. 
 

 
Figure 6.  V14 Sensor 
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YPG Test Officers with experience conducting helicopter testing on the range were asked to 
determine a flight path for the demonstration.  The flight path was chosen to utilize areas on the 
range where helicopter testing is commonly performed and to emphasize profiles that have caused 
telemetry dropouts in the past.  In order to make the best use of the available flight time, no hover 
flights were included and one flight pattern was used for all test flights.  The flight profile is as 
follows and an aerial map is shown in figure 7.  In order to maintain consistency, all test flight 
profiles were monitored by a Mission Controller on a real-time vector map. 
 

a. UH-1H flew north along Rocket Alley at 1,000 ft above ground level (AGL), 328 degrees 
(deg) magnetic (mag). 

b. Turned NE at center of LA drop zone; descended to 300 ft AGL, 023 deg mag. 
c. Flew from Met 10 to Target 23 on 328 deg mag at 300 ft AGL, 328 deg mag. 
d. Climbed to 5,000 ft mean sea level (MSL) and orbited at CM-1 (could orbit while in the 

climb) - right hand orbit. 
e. Descended to 1,000 ft MSL fly NW to abeam Red Hill, 328 deg mag. 
f. Turned left and arced back to CM-4, then flew toward Site 14 at 300 ft AGL, 020 deg mag. 
g. Continued through Site 14 on same heading to vic NE corner P. Square at 300 ft AGL. 
h. Turned left and arced back to western edge of Prospect Square. 
i. Flew south along west edge of Prospect Square direct to Site 14 at 300 ft AGL, 169 deg 

mag. 
j. Turned 90 deg east and flew along Target Boundary Road to East Target Road at 300 ft 

AGL, 079 deg mag. 
k. Diverted through Indian Wash, climbing to 1,500 ft MSL to North Pad, 121 deg mag. 
l. Made one orbit at North Pad at 1,500 ft MSL - left hand turn. 
m. Returned west through Indian Wash to Middle Mountain Road descending to 500 ft AGL. 
n. Returned to Laguna Airfield southbound along Middle Mountain Road at 500 ft AGL. 

 

 
 

Figure 7.  Vector Map Display 
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A total of 5 flights were conducted on June 4-5, 2015.  Each of the flights was flown in a different 
configurations with respect to transmitter and receiver set-up; however, the same flight profile was 
used for each flight.  For Flight 4, the aircraft did not complete the entire flight profile due to poor 
performance of the configuration for that particular flight.  The vendor supplied both the 
transmitters and receivers, and was responsible for implementing to desired configuration.  For 
configurations designed to emulate YPG's traditional configurations, the transmitter(s) were set-
up to transmit in either PCMFM or SOQPSK only modes.  A 50/50 power divider was used on the 
reference transmitter to feed both antennas on several flights, which is also part of YPG’s 
traditional configuration.  YPG’s 6-foot diameter tracking antenna and associated hardware 
located at Telemetry Site-4, Cibola Range was used to track the aircraft for all flights.  The RF 
feed from this tracking antenna was provided as input into the vendor's reference.  The 
demonstration flight configurations are listed in tables 1 through 5. 
 
Flight 1 was designed to be a direct comparison of the new Space Time Encoding technology to 
YPG’s traditional (legacy) PCMFM/SOQPSK downlink.  For this flight, both the reference and 
STC/Dual transmitters were utilized, and the data source was a BERT with pseudorandom binary 
sequence 15 data. 
 

Table 1.  Demonstration Flight 1 Configuration, PN15 Data 
Transmitter  Receivers 

Legacy SOQPSK 
Frequency = F2 
Antenna = Top & Bottom  
Power Divider = Yes 

 

R1 Channel 1 = F1, SOQPSK-STC 
Channel 2 = F2, SOQPSK-STC 
Equalization = No 

Demo SOQPSK - STC 
Frequency = F1 
Antenna = A&B 

 
R2 Channel 1 = F2, SOQPSK-EQ 

Channel 2 = F2, SOQPSK-STC 
Equalization = Yes CH 1 

 
The second flight was flown in YPG's most common form of TM transmission, PCMFM, but 
employed frequency diversity by transmitting the same BERT data on two different frequencies.  
The top antenna was configured to transmit on F1 while the bottom antenna was configured to 
transmit on F2.  For this flight, the vendor utilized the STC/Dual transmitter as two separate 
transmitters while the receivers were set-up with and without adaptive equalization.  Although 
there was no difference in the transmitted signal for this flight, this configuration was interesting 
because it could be implemented almost immediately at YPG with existing equipment (minus 
adaptive equalization).  Frequency diversity had been tried at YPG many years before but had 
fallen out of favor due to logistics and spectrum availability concerns.  Although the concerns are 
still valid, the advantages from frequency diversity may outweigh these concerns in certain 
applications; hence, the interest in this configuration. 
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Table 2.  Demonstration Flight 2 Configuration, PN15 Data 
Transmitter  Receivers 

Legacy PCMFM  
Frequency =F1  
Antenna = Top  

 R1 Channel 1 = PCMFM F1 
Channel 2 = PCMFM F2 
Equalization = No  

Legacy PCMFM  
Frequency =F2  
Antenna = Bottom 

 R2 Channel 1 =  WB F1+F2 
Channel 2 = PCMFM F2-EQ  
Equalization = Yes CH 2 

 
The remaining flights (3, 4, and 5) were conducted on the second day of flight testing and video 
from the stabilized camera was used as the data source.  The configurations flown on the second 
day incorporated lessons learned on the first day. 
 
Flight 3 configuration was very similar to the configuration flown on Flight 1.  For this flight, both 
the reference and STC/Dual transmitters were utilized.  The STC technology was employed again 
but for this flight the LDPC mode was also enabled.  The reference transmitter was set-up for 
PCMFM.  Both of these transmission modes were chosen to minimize drop outs in the video 
transmission.  The decision for these configurations was based both on the demonstrated flights 
conducted the previous day and the team's observation of an actual test program video 
transmission.  Although the set-up for this test program was different than the set-up that was being 
used for the Demonstration, the video encoding and transmission portions were similar.  The team 
observed during this flight that small RF dropouts tended to result in a significantly longer loss of 
video signal in Mission Control. 
 

Table 3.  Demonstration Flight 3 Configuration 
Transmitter  Receivers 

Legacy PCMFM 
Frequency = F1  
Antenna = Top & Bottom 
Power Divider = Yes 

 R1 Channel 1 = PCMFM1 
Channel 2 = SOQPSK-STC/LDPC 
Equalization = No 

Demo SOQPSK-STC/LDPC 
Frequency = F2 
Antenna =  Top & Bottom 

 R2 Channel 1 = PCMFM-EQ 
Channel 2 = SOQPSK-STC/LDPC  
Equalization = Yes CH 1 

 
Flight 4 configuration was similar to Flight 2 as frequency diversity and PCMFM were once again 
used.  For this flight, the vendor again utilized the STC/Dual transmitter as two separate 
transmitters, with the receivers’ set-up with and without adaptive equalization.  Once the flight 
began, however it became immediately apparent that this flight would not produce any usable 
results.  The quality of the video data from the top antenna was so poor because of its proximity 
to the main rotor caused RF signal losses, which in turn required the video to resynchronize.  Due 
to the amount of time required for the video to resynchronize and the frequency of RF signal losses, 
there was no usable video data being displayed from the top antenna.  Consequently, the only 
usable data was collected from the bottom antenna, which was a configuration 
(video/PCMFM/single antenna) that was already commonly used at YPG.  The flight was quickly 
terminated and a 5th ad hoc flight was added to the day’s events. 
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Table 4.  Demonstration Flight 4 Configuration 
Transmitter  Receivers 

Demo PCMFM 
Frequency =F1  
Antenna =Top  
Power Divider = No 

 R1 Channel 1 = PCMFM1  
Channel 2 = PCMFM2 
Equalization = No  

Demo PCMFM 
Frequency =F2  
Antenna = Bottom 

 R2 Channel 1 = WB F1+F2  
Channel 2 = PCMFM F2  
Equalization = Yes 

 
For Flight 5, the stabilized camera video remained as the data source but only the bottom antenna 
was utilized.  The team quickly decided on a configuration that allowed a comparison of SOQPSK 
and SOQPSK-LDPC for the transmitted signal.  The receivers were configured to also compare 
the effect of the adaptive equalization on only the SOQPSK signal. 
 

Table 5.  Demonstration Flight 5 Configuration 
Transmitter  Receivers 

Legacy SOQPSK-LDPC 
Frequency = F2 
Antenna =Lower  
Power Divider = No 

 R1 Channel 1 = SOQPSK-LDPC  
Channel 2 = SOQPSK 
Equalization = No  

Demo SOQPSK 
Frequency =F2  
Antenna = Lower 

 R2 Channel 1 = SOQPSK-LDPC  
Channel 2 = SOQPSK-EQ  
Equalization = Yes CH 2 

 
 

RESULTS 
 
Since the flight test occurred in early June, and the deadline for ITC paper submission followed 
shortly thereafter, no quantifiable results were available at press time.  Analysis of the available 
data is ongoing and will be presented at ITC in 2015. 
 
This demonstration was conducted to look at some new telemetry technologies in an effort to 
improve the quality of the data on display to our customer in Mission Control.  Throughout the 
demonstration, there was much discussion amongst the team about the results, but all agreed that 
there were more factors involved than just the new transmitters and receivers.  However, there was 
an attempt to drill down and look only at the new equipment and the following are some qualitative 
observations made during the demonstration: 
 

a. There was improvement seen when using STC capability. 
b. There was improvement seen when using LDPC capability. 
c. Further investigation is required to determine if Adaptive EQ improved the data link 

reliability. 
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From an overall view of improvement to the data displayed in Mission, Flight 4 and 5 were the 
most informative.  In Flight 4 we saw that in trying to prevent antenna masking by including a top 
antenna, we ended up with an overall configuration (video compression/decompression and TM 
equipment) that produced no usable data in Mission Control.  In fact, since a power divider was 
used to split the transmitted signal, a case could be made that because the 2-antenna configuration 
reduced the power to the lower antenna that it was actually worse to have an upper antenna. 
 
Flight 5 was performed to see if this was indeed the case and for much of the flight, the video was 
available and of sufficient quality for use in Mission Control.  During this flight, improvements 
provided from LDPC were also apparent as it seemed to provide more usable video data than the 
SOQPSK only link.  There was, however, an extended period of time when the helicopter entered 
a specific portion of the flight profile where there was no usable video in Mission Control due to 
lower antenna masking.  Since the flight profile flown was a composite of many common flight 
profiles flown antenna, masking remains a real issue.  With no other changes, the new 
transmitter/receivers cannot overcome the issues. 
 
Based on these flights, Flight 3 results became very interesting.  Flight 4 showed how unfavorable 
the upper antenna location on the UH-1H was for video transmitted as PCMFM.  Similar to Flight 
4, both upper and lower antennas were used, but STC/LPDC was enabled, which produced more 
periods of usable video data in Mission Control.  A qualitative estimate is that the video was 
available 50% of the time during this flight.  A quantitative assessment will be made in the future 
but the observed results show a dramatic improvement with STC/LPDC. 
 
The actual upper antenna location on the UH-1H was chosen largely because it was available for 
the demonstration.  There were likely better locations on the UH-1H, but whether a better location 
is truly available for use is always an issue since other RF devices that are part of the aircraft’s 
mission equipment package usually end up in these locations.  For example, the top of the tail rotor 
on an Apache would be an excellent location for the TM antenna because it would be located 
outside of the path of the main rotor and offer good visibility; unfortunately, the GPS antenna for 
the aircraft navigation systems is located there.  The Demonstration showed that masking is still 
an issue, and past instrumentation efforts have shown the availability of good antenna locations 
can be challenging; however, for instrumentation efforts that require a 2-antenna configuration, 
STC/LDPC could provide some noticeable improvements in performance. 
 
The biggest non-TM related factor that impacted the video data quality was the video 
compression/decompression robustness.  There are two areas of concern based on this 
Demonstration.  The first is the ability to absorb small RF dropouts and remain synchronized.  The 
second is the amount of time required to resynchronize after synchronization is lost.  Further 
analysis of the data and perhaps some follow on lab characterizations will be needed to characterize 
the impact of either of these areas; however, the results from the demonstration led the team to 
believe that the amount of time to reacquire a usable video signal after a loss was too long, which 
is detrimental to the mission.  YPG will address this issue with the video decoder vendor to see if 
reacquisition delay can be reduced.  This may be a bigger issue if the test requires the data link to 
be encrypted. 
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Analysis of the data collected still needs to be performed to verify that our observations match the 
actual results.  Initial efforts will focus on the last 3 flights as these configurations most closely 
emulate the typical test programs conducted at YPG.  Additional input from the rest of the team 
will also be solicited to help ensure that the best pathway can be planned as we go forward. 
 
 

CONCLUSION 
 
Whether or not to implement some or all of the technologies tested is the ultimate question.  New 
technology comes with additional cost.  Some of these capabilities are more costly than others 
since they require both a new transmitter and receiver, like STC, while others only need a new 
receiver as existing transmitters are sufficient, like Adaptive EQ.  Still others, like the use of 
frequency diversity during missions, can be implemented at virtually no cost by utilizing existing 
equipment; however, to get the full benefits of right and left hand circular polarization, more 
receivers and combiners will be required to receive polarizations and frequencies off test aircraft. 
 
Although not available at the time of the Demonstration, YPG has been working towards being 
able to track a test aircraft from multiple antenna locations on the test range.  The tracking antennas 
located in geographically different locations are at different elevations and separated by at least 
several miles.  This spatial diversity should help in many ways, especially with respect to antenna 
masking.  The plan is to utilize antenna pointing and some type of best source selector with this 
implementation to maximize the benefits.  Similar to the frequency diversity, more receivers would 
be needed.  Combine both frequency and spatial diversity on a test program and the requirement 
for equipment grows rapidly. 
 
Regardless of the path taken, it will take years in this current fiscal climate to implement all of the 
desired improvements.  Demonstrations like this provide a tremendous amount of data for a small 
cost when compared to equipment cost plus the help from the community. 
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ABSTRACT 

 

Typical aeronautical telemetry instrumentation for a fighter aircraft comprises of multiple 
antennas on the aircraft, with typical placement of one antenna on the spine of the aircraft and 
the other on the aircraft belly. Complimentary to the aircraft instrumentation, is the fixed ground 
station equipped with a tracking antenna. Air to ground channel for this telemetry link is 
considered as line of sight propagation. But there is a link loss observed at the ground station for 
a certain instant of time. Possible causes of link loss/attenuation in the case are due to aircraft 
manoeuvring. The main objective of this paper is to study and analyze masking patterns of the 
aircraft instrumentation scheme. Polarization diversity combining at the RF receiver and 
frequency diversity combining at the tracking receiver were explored at the ground station to 
mitigate the effect of RF fading due to antenna masking. The RF signal levels at the ground 
station are analyzed with respect to different aircraft attitudes. This paper also brings out the 
possible causes of the RF level drop and the solutions which can be explored to overcome it. 
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I  INTRODUCTION 

 

Aeronautical telemetry Flight Testing is carried out for health and performance monitoring of the 
developmental aircraft. In this scenario, the quality of the telemetry data is important as it is 
critical for ensuring flight safety. The air to ground telemetry link is a key component of test and 
evaluation of airborne systems such as aircrafts and missiles. Historically, aircraft links were 
comprised of a transmit antenna mounted on the underside of the fuselage and fixed ground 
station equipped with a tracking antenna but certain manoeuvres of the aircraft might block the 
required line of sight propagation path. The traditional solution has been to use two antennas on 
the aircraft radiating same signal, with typical placement of one antenna on spine and the other 
on the aircraft belly.  The shadowing effect is discussed with coordinates (pitch, roll and yaw) 
related to aircraft manoeuvring as shown in Fig 1(a). 

 

Fig 1(a) 

 

This paper investigates the shadowing effect induced by a fighter aircraft during manoeuvring 
for air to ground communication at L- Band for Aeronautical Telemetry. A typical variation of 
RF level w.r.t aircraft coordinates is shown in Fig 1 (b). The red colour in the flight path 
indicates an RF level below -60dBm, blue indicates RF level between -59 dBm and -50 dBm and 
green indicates an RF level above -39dBm. Measurements were carried out across multiple 
flights across various flight paths and the results were analyzed. It is found that the 
communication link can be easily shadowed by the aircraft body and the transmitted signal 
undergoes significant attenuation due to shadowing. 
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Fig 1(b) 

 

 

II INSTRUMENTATION SCHEME 

 

The typical RF transmission chain on the aircraft is as shown in Fig. 2(a). L Band FM transmitter 
with 12W transmitted power is used for modulating the data signal on designated L Band carrier. 
Two vertically polarized omni-directional blade antennas are used on the aircraft. Blade Antenna 
1 is located on the aircraft belly and blade antenna 2 is located on spine of the aircraft. The 
output from the transmitter is fed to the two antennae through a power divider and power 
amplifier. As given in Fig 2(a). 

 

Fig.2 (a) 

The power split between the antennas is typically 10 to 20 percent on the spine and 90 to 80 
percent on the aircraft belly to reflect the fact that ground based telemetry receiving stations are 
generally looking at the belly of the aircraft during level flight.  The top antenna comes into play 
when the aircraft is rolling or banking, causing the bottom antenna to be masked by the fuselage 
or the wings of the aircraft. In certain attitudes of the aircraft, both the antennas will be in line of 
sight of the ground station antenna. For this reason 50/50 power split is avoided in order to lessen 
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the likelihood of having signal cancellation caused by both signals combining 180 degree out of 
phase at the ground station.  

 

 

 

 

Fig 2 (b) 

The typical ground instrumentation scheme is as shown in Fig. 2(b). It comprises of an auto track 
antenna system, L band FM Receiver and PCM Decommutation system. The antenna used for 
the measurement is 1.8 meter parabolic reflector antenna, whose gain is 24dbi with a beam width 
of 4.7 X 4.7. The RF signal is demodulated at the L band receiver and de-commuted, processed 
and acquired at the PCM decommutation system. To eliminate possible multipath effects and 
ground reflections E-Scan technique was used to track the aircraft and the tracking antenna was 
placed 50 feet above the ground level for the measurement. Detailed instrumentation scheme is 
given in [1]. 
 

MEASUREMENT SETUP 

 

To study the shadowing effect by the aircraft at the ground station, during manoeuvring, data 
was collected from 25 flight sorties of the airborne platform.The data from the aircraft which 
includes aircraft parameters like pitch, roll, yaw, distance, pressure altitude, aircraft coordinates 
were acquired. Also antenna parameters throughout the flight were acquired from Antenna 
Control Unit (ACU) like received RF- levels, azimuth and elevation position of the tracking 
antenna. The data from the PCM Decommutation system and the ACU were combined to study 
and analyze the shadowing effect from the aircraft.  
 
 
 

III RESULTS AND DISCUSSIONS 

 

The data collected from different flights were analyzed and the behaviour of the RF signal levels 
at ground station based on the position and attitude of the aircraft were broadly classified into the 
following: 
 
Aircraft heading (yaw) matching with ground station antenna azimuth-  
When aircraft heading and the tracking antenna azimuth are matching, it indicates that the 
aircraft is moving away from the ground station. The acquired data was plotted and analysed. 
From the plot it was observed that, as the aircraft roll varies from 0 to -180and -180 to 180 
degree, no significant variation was observed on the RF-Level. But when the aircraft does a 
positive pitching a RF level drop of 14 to 16dB was observed,while negative pitching does not 
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The impact of RF-Level drop out is also observed using the analysis and is listed below: 

• Video signal degradation- The Signal to Noise Ratio required for a good quality analog 
video is approximately 20 dB. The decrease in received RF level causes decrease in the 
SNR, there by degrading the overall video quality. 

• Data intermittency-The Eb/No threshold value for PCM BiΦ-L signal as per IRIG 106 
standards to maintain the bit error to 1x10e-5 is 14 dB. The decrease in RF level results in 
reduction in Eb/No from 14 dB thus increasing the BER. 

• Link margin effect-The decrease in the received RF level will reduce the effective 
available link margin. 

• Tracking Loss-The autotrack tracking antenna controller at the ground station tracks the 
aircraft from the tracking errors generated from the received signal. When the aircraft 
antenna gets masked completely the signal level reaches close to noise floor and the 
generated tracking errors will be noisy resulting in tracking loss. Fig.4(a) show a Noisy 
AM error and perfectly formed AM error during the aircraft tracking. As given in Fig 
4(a). 
 

 

 
 
 

 

Fig 4(a) 

CONCLUSION 

The study indicated that when aircraft is moving away or towards the ground station antennae at 
right angles, the pitch of the aircraft plays a key role in the RF level drop. While the roll factor of 
the aircraft is the main cause of RF drop in a manoeuvring flight path when the aircraft moves in 
clockwise or anticlockwise direction from the ground station antenna. At a distance of more than 
25 km from the ground station, the masking of the belly antenna causes a significant RF level 
variation. The impacts of this decrease in the RF signal strength on the video signal, the PCM 
data, the decrease in the link margin and the resultant tracking signal lose has been brought out. 
This problem can be mitigated by the following: 

1. Modification of the antenna mounting scheme on the aircraft 
The relocation of the vertically polarized omni directional antenna on the spine of the 
aircraft to the fin may lead to significant improvement in the RF signal strength 
during manoeuvres.  Theoretically the placement of the antennas on the fin will avoid 
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the masking irrespective of aircraft movement and may thus lead to increased RF 
signal.  
 

2. Polarization diversity combining at the ground station 
Fig. shows the received RF signal at RHCP and LHCP with respect to the aircraft 
attitudes. It is observed that in certain conditions of the flight, when there is a 
considerable decrease in signal strength in one polarization, the signal strength in the 
other polarization is upto 15 db higher. Thus by using polarization diversity 
combining at the ground station, the overall RF level at the ground station can be 
increased thus mitigating the effects due to the same. As given in Fig. 5(a). 
 

 
Fig.5 (a) RF level Plots with polarization diversity 
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USING C# AND WPF TO CREATE A DYNAMIC 3D TELEMETRY 

THEATER AND TRAJECTORY VISUALIZATION TOOL 

 

By Mark Reff and John O’Neal 

Raytheon Missile Systems 
 

ABSTRACT 

Telemetry data from flight tests are normally plotted using MatLab™ or other third party 

software.  For most of the trajectory and flight parameters, a static 2D or 3D line graph does not 

provide the proper data visualization that can be accomplished with 3D software.  Commercial 

3D software can be expensive and difficult to customize, and writing custom software using 

Direct3D or OpenGL can be complex and time consuming.  These problems were overcome 

using C# and Windows Presentation Foundation (WPF) to quickly and easily create a 3D 

Telemetry Theater and Trajectory Visualization Tool to dynamically display actual and 

simulated flight tests. 

Keywords: Telemetry, Data Visualization, Flight Test, C#, WPF, 3D 

 

INTRODUCTION 

Many organizations perform real-time hardware-in-the-loop (HIL) and computer-in-the-loop 

(CIL) simulations in conjunction with actual flight testing to validate flight hardware and 

software.  The resulting telemetry data from these tests are commonly plotted on line graphs 

using MatLab™ or other third party software.  For most of the trajectory and flight parameters, a 

static 2D or 3D line graph does not provide the proper data visualization that can be 

accomplished with 3D software.  Unfortunately, existing commercial 3D software can cost 

thousands of dollars, be difficult or impossible to customize, and contain many unnecessary or 

unwanted features.  Alternatively, writing custom software using Direct3D or OpenGL can be 

complex and time consuming.   

For these reasons, the option selected for this project was the creation of a custom 3D application 

that included only those features requested by the users.  This paper describes how C# and 

Windows Presentation Foundation (WPF) were used to quickly and easily create a lightweight 

dynamic 3D Telemetry Theater and Trajectory Visualization tool, including the processes 

developed for dynamic display. 

 

INTRODUCTION TO WPF 3D GRAPHICS 

Microsoft’s Windows Presentation Foundation (WPF) contains functionality to draw and 

manipulate 3D objects.  WPF contains a Viewport3D class which is the background on which the 

3D scene is rendered.  A Camera class defines the viewpoint in 3D space.  As such, this class 

contains properties to set the field of view, the look direction, and the near and far plane 
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distances.  WPF also has four light source classes that illuminate the 3D scene:  AmbientLight, 

DirectionalLight, PointLight, and SpotLight.  AmbientLight illuminates objects 

evenly, regardless of location.  DirectionalLight illuminates from a specified directional 

vector.  PointLight illuminates from a specified 3D position and contains a Range property to 

specify the light’s distance.  SpotLight illuminates a specified cone-shaped area.  These classes 

can be used separately or in combination with one another. 

WPF also contains classes that represent the models that are moved and manipulated in 3D 

applications.  The GeometryModel3D class, which inherits from the abstract Model3D base 

class, is used to display 3D objects.  Multiple models can be combined into a single model using 

the Model3DGroup class.  GeometryModel3D and Model3DGroup objects must be attached to 

a Visual3D subclass, either ModelVisual3D or ModelUIElement3D. 

3D models contain vertices, with X, Y, and Z coordinates representing their position in 3D 

space.  A collection of vertices is known as a mesh, and meshes are usually comprised of 

triangles (i.e., 3 connected vertices).  Meshes are used to form the shape of the models.  

Depending on their level of detail, 3D models can contain thousands of vertices. 

 

GENERATING 3D MODELS IN WPF 

In WPF, XAML (Extensible Application Markup Language) is used to render visual UI 

components including 3D models.  XAML is an XML, tag-based language.  XAML files are 

connected to C# files known as “code-behind” that contain partial class definitions.  For anything 

other than basic 3D shapes, building 3D models directly in XAML is a laborious process.  

Usually, the models are created using commercial 3D computer graphics software. 

Once the 3D models have been created, they must be converted to XAML.  Commercial and 

open source applications exist that import the major 3D file formats (.x, .fbx, .3ds, .obj, .blend) 

and convert them to compliant XAML files. 

XAML 3D model files can be quite large, depending on how intricately the model is drawn, and, 

therefore, the number of vertices that must be included in the file.  Figure 1 shows a fragment of 

XAML code for a 3D model of a mock missile, containing the first vertex: 

     
<ModelUIElement3D x:Name="MissileUIElement"> 
    <Model3DGroup x:Name="MainBody"> 

        <GeometryModel3D> 

            <GeometryModel3D.Geometry> 
                <MeshGeometry3D Positions="-0.101014533313053, -0.0709033921942744... 

                  TriangleIndices="0 1 2 3... 

                  TextureCoordinates="0.0800293162465096, 0.941046416759491.../> 

            </GeometryModel3D.Geometry> 
        </GeometryModel3D> 

    </Model3DGroup> 

</ModelUIElement3D> 

Figure 1: XAML for a 3D Model 
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Rendering 3D models in WPF has a built-in advantage over other 3D frameworks:  hardware 

acceleration.  WPF renders graphics through the graphics card, which allows the CPU to perform 

other processing and accelerates graphics performance.  Using Windows 7 or 8, a WPF 3D 

application can load and process multiple XAML models with significant detail quickly (within a 

few seconds).  Running the application in Windows XP, however, can take up to one minute to 

load the same models. 

For this project, the models were created using commercial 3D modeling software.  The models 

were then converted to XAML using an inexpensive conversion application.  Four different types 

of models are used in the 3D Telemetry Theater:  missiles, launch platforms, targets, and 

backgrounds.  The missile models are actually composites comprised of separate models (and 

therefore different XAML files):  the main body, the fins, and possibly a booster.  The separate 

sub-models are necessary so that each section can move independently.  During a missile flight 

run in the 3D Telemetry Theater, the fins move based on the fin position telemetry values, and 

for missiles equipped with boosters, the booster drops from the missile body when the booster 

separation telemetry signal is received. 

 

DESIGN OF THE DYNAMIC 3D TELEMETRY THEATER AND 

TRAJECTORY VISUALIZATION TOOL 

The remainder of this document details the classes and processes that were used and developed 

to create the dynamic 3D Telemetry Theater and Trajectory Visualization Tool. 

Dynamic Movement 

The 3D Telemetry Theater accomplishes dynamic movement in two ways:  by using a slider 

control to manually control movement and by using play/pause buttons based on a timer to 

automatically control movement.  The slider’s increments are represented by the individual 

major frames of the flight run’s telemetry; each click on the slider’s forward arrow button 

advances one major frame in the telemetry data (and vice-versa for the slider’s backward arrow 

button).  The slider can be manually scrolled forward and backward, which moves all the model 

objects forward and backward through the flight run. 

For the play button, the models are moved based on a timer synchronized to the telemetry frame 

rate of the missile.  For example, if the missile frame rate is 10 Hz, the timer starts and stops 

every 100 milliseconds.  In order to automatically move the WPF 3D objects via the play button, 

the IncrementFrame method in the 3D Telemetry Theater is registered as the Rendering 

event handler for the C# CompositionTarget class.  This method contains an instance of the 

C# Stopwatch timer class that is used to control the frame rate based on milliseconds.  At a 

missile frame rate of 10 Hz, the Stopwatch timer object fires an event every 100 milliseconds; 

this event calls the IncrementFrame method, which increases the telemetry major frame 

counter by one.  This results in the 3D Telemetry Theater automatically displaying 10 telemetry 

frames per second.  The pause button simply stops the Stopwatch timer until the play button is 

pressed again. 
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3D Line Class 

The ScreenSpaceLines3D class is part of the 3D Tools for WPF package.  The 3D lines are 

created by drawing interlocking triangle meshes, which to the naked eye appear as smooth lines.  

The ScreenSpaceLines3D class requires a collection of 3D points that represent the points on 

the line, and it uses 4 x 4 matrix transformations to determine the dimensions and orientation of 

the line that's drawn.  The color and the thickness of the lines can also be modified. 

This class is used in the 3D Telemetry Theater to draw the XYZ axes and the 3D trajectory lines 

for the missiles and targets.  In WPF 3D, as in most 3D software, the Y axis is up, the X axis is 

to the right, and the Z axis extends out from the screen.  In the 3D Telemetry Theater, the 

ScreenSpaceLines3D class is also used to draw distance marker lines on the three axes. 

For the trajectory lines, the XYZ coordinates of the missile and target are used.  These lines are 

constructed and displayed dynamically, with two new XYZ position points added for every 

major frame in the flight run (whether the frame slider or the play/pause buttons are used to 

dynamically progress through the run).  When the frame slider is moved backward, the collection 

of XYZ points passed to the ScreenSpaceLines3D object is reduced, which triggers the trajectory 

lines to be redrawn, thereby visually erasing the trajectory lines as the slider moves backward.   

An important consideration when drawing trajectory lines is how to handle dropouts in the 

telemetry data.  Plotting dropouts causes jagged trajectory lines.  Since the users of the 3D 

Telemetry Theater wanted smooth trajectory lines, all dropouts were removed from the trajectory 

points. 

Separate colors are used for each axis line and missile and target trajectory lines.  A checkbox on 

the 3D Telemetry Theater window allows these lines to be turned on and off, which is 

accomplished by simply setting the thickness property in the ScreenSpacesLines3D object to 

0 for off and 1 for on.   

Camera Class 

In WPF 3D, the Camera class encapsulates the 3D point of view (i.e., the positioning of the 

camera).  It contains the Position, FieldOfView, LookDirection, and UpDirection 

properties.  The Position property is the XYZ point of the camera in 3D space.  The 

FieldOfView vector contains the camera’s horizontal field of view in degrees.  The 

LookDirection vector specifies the direction the camera is aimed.  The UpDirection vector 

specifies which direction is “up” from the camera’s perspective.  Each model can have its own 

camera and every camera created must be added to the WPF Viewport3D instance. 

In the 3D Telemetry Theater, the AbstractCamera class is the base class for the theater’s 3D 

cameras (and it contains an instance of the WPF 3D Camera class).  The subclasses are the 

specific camera perspectives used in the application, such as the MissileCamera, 

TargetCamera, and LaunchCamera classes.  Cameras in WPF 3D can be movable or 

stationary. 

MissileCamera is a movable camera and can be thought of as a “chase” or tracking camera, 

following alongside the missile model as it moves through 3D space.  As a result, every time the 
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missile moves (i.e., its XYZ position changes), the position of the MissileCamera must be 

updated with the missile’s position coordinates added to the MissileCamera’s distance from 

the missile model.  LaunchCamera is a stationary camera and although its position does not 

change, its LookDirection changes to allow the camera to continue aiming at the missile as it 

moves.  The LookDirection for this perspective is simply the inverse of the missile’s current 

position.   

Rotating, Zooming, and Panning 

The 3D Telemetry Theater’s CameraPerspective class allows mouse movements to perform 

rotation, pan, and zoom functions on the 3D camera.  For rotation, the camera is rotated around 

its focused object (i.e., the missile or target), which has the visual effect of rotating the entire 3D 

scene.  In 3D programming, the camera can fully rotate at any angle.  Full camera rotation with a 

single mouse movement works well when the 3D world is small and encompasses a single object 

because it is easy to visually re-orient the camera back to any position.  But the authors 

discovered that for a large world with multiple objects, like this application’s missile flight run, it 

is difficult to visually re-orient the camera using full camera rotation with a single mouse 

movement.  As a result, the 3D Telemetry Theater uses two mouse movements to separate the 

horizontal and vertical rotation. 

Full horizontal rotation is performed by dragging the mouse horizontally left or right while 

pressing the left mouse button.  This rotation is around the Y (i.e., up) axis and the rotation 

amount is based on the amount of movement in the mouse’s X position.  Using that amount, the 

camera’s X and Z values are calculated with sine and cosine in C# as shown in figure 2. 

 

double CameraPositionX = MissilePositionX + (CameraDistance * Math.Cos(RotationAmount)); 

double CameraPositionZ = MissilePositionZ + (CameraDistance * Math.Sin(RotationAmount)); 

 

Figure 2: Camera rotation calculations 

 

Instead of full vertical rotation, the 3D Telemetry Theater performs a 180 degree rotation by 

moving the camera over and under the missiles/targets by increasing and decreasing the camera’s 

height (Y position), while simultaneously decreasing the camera’s X and Z positions to position 

the camera directly above or below the missile or target.  This is accomplished by dragging the 

mouse vertically up or down while pressing the right mouse button. 

The 3D Telemetry Theater has two zoom modes.  The first is a near distance zoom, controlled by 

moving the mouse scroll wheel up and down.  This zoom simply moves the camera forward and 

backward by increasing and decreasing the camera’s X and Z positions by a small amount.  For 

longer distances, the 3D Telemetry Theater has a quick zoom option.  This is controlled by two 

WPF buttons on the main Window, one button for zooming in and one for zooming out.  These 

buttons control the camera in the same manner as the mouse scroll wheel, except the X and Z 

positions are increased by a larger amount.  The height (Y position) of the camera is also 

increased and decreased, due to the longer distances covered.  In addition, since this zoom is 
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controlled by GUI buttons and not the mouse, the camera position additions and subtractions 

must be performed on a background thread so the UI thread does not become locked.   

Panning is accomplished using the left, right, up, and down arrow keys.  Pressing the up and 

down arrow keys performs a calculation that increases or decreases the Y (up) value of the 

camera’s position by adding or subtracting the product of the UpDirection vector and a fixed 

key press amount from the camera’s position.  This causes the camera to pan up and down.  

Correspondingly, pressing the left and right arrow keys causes the camera to pan left and right.  

This movement is performed by computing a right vector, which is calculated as the product of 

the camera’s LookDirection and UpDirection vectors, multiplied by the fixed key press 

amount.  This value is then added or subtracted from the camera’s position.  

Model Class 

Model is the abstract base class for the 3D Telemetry Theater models.  The base constructor, as 

shown in figure 3, instantiates the model with a container object, viewport object and 6DOF (Six 

Degrees of Freedom) data interface.  The 6DOF data interface provides methods for accessing 

the telemetry data for the positions and rotations of the model in 3D space over time. 

 

public Model(ContainerUIElement container, Viewport3D viewport, ISixDOFData iSSixDOFData) 

 

Figure 3: Model Base Constructor 

 

 

Movement of objects in the viewport is accomplished via the virtual Move method.  Here, a 

Transform3DGroup variable is created, which represents a collection of the three matrix 

transformations:  rotate, translate and scale.  A code snippet is shown in figure 4 below. Note that 

the order in which the transformations are applied is important.  For example, rotation about X, 

then Y, then Z will have a different orientation than rotation about Y, then X, then Z.  This is 

because the Transform3DGroup class is an ordered collection, and matrix multiplication is 

not communicative (i.e., XYZ rotation ≠ YXZ rotation). Also note that transforms in the 

collection are applied from first to last. 
 

 

Transform3DGroup transformGroup = new Transform3DGroup(); 

 

// Can also use vectors 

ScaleTransform3D scaleTransform = new ScaleTransform3D(scaleX, scaleY, scaleZ); 

TranslateTransform3D translateTransform = new TranslateTransform3D(posX, posY, posZ); 

 

RotateTransform3D xRotate = new RotateTransform3D(); 

RotateTransform3D yRotate = new RotateTransform3D(); 

RotateTransform3D zRotate = new RotateTransform3D(); 

 

// rotx, roty and rotz must be in degrees, not radians. 

// rotations about x, y and z 

xRotate.CenterX = x; 
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xRotate.CenterY = y; 

xRotate.CenterZ = z; 

xRotate.Rotation = newAxisAngleOrtation3D(new Vector3D(1, 0, 0), rotx); 

 

yRotate.CenterX = x; 

yRotate.CenterY = y; 

yRotate.CenterZ = z; 

yRotate.Rotation = newAxisAngleOrtation3D(new Vector3D(0, 1, 0), roty); 

 

zRotate.CenterX = x; 

zRotate.CenterY = y; 

zRotate.CenterZ = z; 

zRotate.Rotation = newAxisAngleOrtation3D(new Vector3D(0, 0, 1), rotz); 

 

transformGroup.Children.Add(scaleTransform); 

transformGroup.Children.Add(translateTransform); 

transformGroup.Children.Add(zRotate); 

transformGroup.Children.Add(xRotate); 

transformGroup.Children.Add(yRotate); 

 

… 

 

((ModelUIElement3D)GetVisualModelElement()).Transform = transformGroup; 

 

… 

 

MoveChildren(moveParameters); 

 

 

Figure 4: 3D Transformations 

 

 

MovableText Class 

In the 3D Telemetry Theater, movable text is used to denote the missile and target types, to label 

the X, Y, and Z axes, and to mark the axes distance lines.  This class allows 2D text to move in 

conjunction with 3D objects.  Because the text is displayed in 2D, it, like any text, remains 

parallel to the screen surface and is therefore easier to read than 3D text.  Because it is a 2D 

component, the WPF TextBox used to display the text cannot be added to the Viewport3D 

which contains the 3D objects.  Instead, it must be added to a transparent WPF Canvas, which is 

overlaid on the Viewport3D. 

The MovableText class accomplishes movement of 2D text in 3D space by computing the 

transform from 3D space to the inner 2D space of the Viewport3D.  In 3D computer graphics, 

three matrices make working with these transformations easier:  the World matrix, the View 

matrix, and the Projection matrix.  The World matrix represents where the models are 

located in 3D space, the View matrix represents where the camera position is located, and the 

Projection matrix represents the location on the 2D display screen.  The MovableText class 
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multiplies the World matrix, the View matrix, the Projection matrix, and the 3D point 

position of the model object or 3D line to determine the 2D point position for the TextBox.  

Background Class 

Background is a subclass of Model and contains the sky and surface backgrounds for the 3D 

Telemetry Theater.  This class creates a sky dome, which is a half sphere and contains thousands 

of vertices.  The sky dome uses image texture files that contains artifacts (sun, clouds, stars, etc.) 

and allows sky options that represent different times of the day:  daytime (with the sun and 

clouds), evening (with darker clouds) and nighttime (with stars).   

The surfaces drawn for the 3D Theater are separate image files and represent land or water.  The 

Background class contains options for a desert or an ocean surface.  These image files contain 

artifacts such as hills or waves.  Figure 5 shows the 3D Theater with the sky dome background 

and a mock missile in flight. 

 

 

Figure 5: Sky dome background 
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This class also contains a background option that displays the X, Y, and Z axes on an off-white 

background.  The three axes are drawn using the ScreenSpaceLines3D class discussed earlier.  

Each axis is drawn with a different color and is clearly marked with movable text that move with 

the axes when the users rotate the 3D scene.  The axes also contain movable text distance marker 

lines.  Figure 6 shows the XYZ Axes background with a mock trajectory line. 

 

 

Figure 6: XYZ Axes Background 

 

When the sky background is selected, the sky model rotates and moves up and down as the 

missile and target models move.  Because the sky artifacts, such as clouds, stars, etc. rotate and 

move with the sky model, the user is given a sensation of the missile and target models moving 

through the sky.  When the missile and target models move upwards (i.e. their Y position 

increases), the sky moves downwards, and vice-versa.  When the missile and target models move 

forward (i.e., their X and/or Z positions increase), the yaw of the sky model is increased, which 

causes the sky to rotate around the Y axis. 
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CONCLUSION 

This paper has demonstrated that using C# and WPF 3D is an excellent option for creating a 

dynamic 3D Telemetry Theater and Trajectory Visualization Tool.  As opposed to purchasing 

commercial 3D software, developing a 3D application in C# and WPF can be done quickly for 

little cost.  In addition, WPF 3D Graphics is easier to use and understand than attempting the 

steep learning curve involved with DirectX, OpenGL, and GPU shaders.  Finally, WPF allows 

seamless blending of 3D and 2D content.  Using C# and WPF allowed the authors full control to 

create a lightweight dynamic 3D Telemetry Theater application.   
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ABSTRACT 

This paper describes a new way to look at telemetry data. Northern Arizona University (NAU) 
students are researching a new approach to apply virtual reality (VR) to evaluate data from a 
collection of stored signals. Each signal will have limits attached which we will use to view the 
parts of the waveform which contain abnormalities. A program to illustrate the technique is being 
developed by NAU students. Initially, we were working with Vizard 5, using the Python language. 
However, there is another program, Unity, which will perhaps be more useful for the application 
we wish to achieve. Additionally, we are examining a technique to accurately access the telemetry 
data collected. The amount of telemetry data collected has increased over the years resulting in 
difficulties in identifying the relevant information. We are searching for a better approach to store 
and access big data and will demonstrate this approach by utilizing Oculus Rift and Microsoft 
Kinect.  
Keywords – telemetry, virtual reality, augmented reality 

INTRODUCTION 

For years, the amount of telemetry data has increased almost exponentially. The era of “Big Data” 
is here and many industries are struggling to access the specific bits of data. The technique to be 
introduced here could be used for several different types of big data; however, the technique has 
been optimized for use where there is a large collection of data files. This particular technique has 
brought us to the field of telemetry. 

Virtual Reality (VR) has been around for several decades now – nonetheless, it has not progressed 
much further than its utilization for entertainment. There remains untapped resources for scientific 
use. A head-mounted display can be used to represent a three dimensional virtual world to the user. 
The early versions of head-mounted displays were expensive and had very narrow fields of view. 
Fortunately, the prices have lowered considerably and the fields of view have increased over the 
last ten years. Though virtual reality was envisioned as a tool for analyzing large amount of data 
in the early evolution of head-mounted displays, this field of research has disappeared over the 
years. Some early developers said that data could be visualized as a forest of trees where each tree 
represent a collection of information. A user could wander through the forest looking for clues 
from the trees that contained information about the data sets. The height of the tree, the color of 
the bark, the amount of leaves and their color could all represent various parameters of interest to 
the user. Due to the unusual method of looking at the real data, this technique never caught on 



although it has merit and only need to be adjusted for its purpose. This paper will demonstrate an 
attempt to make that adjustment.    
 
In addition to representing three dimensional virtual worlds, virtual reality could model the 
interaction between the senses of the user and the outside world. There are several instruments that 
could be used in order to complete this specific purpose such as a head tracker, data glove, and 
body suit. A head tracker follows the movement of a user’s head and allows the computer to model 
what happens to the user’s points of view. A data glove allows the user to point to and grasp items 
in the virtual world and feel something as he picks it up with a haptic feedback feature. A body 
suit puts the user into the picture of the world he is looking at. Another way to track movements 
of the body would be to use a system like Microsoft’s Xbox Kinect which uses sensors to track the 
physical movements of the users. 
 
 

THE VIRTUAL WORLD OF TELEMETRY AND BIG DATA 
 
The first part of this problem is to design a way for a person to find the specific set of already 
stored data that s/he desires to explore. Though this process could be done easily without VR, it is 
better to approach the entire process with VR. In the original design of the virtual world, the user 
would see a set of virtual boxes forming a three dimensional cube; see Figure 1. However, the 
team thought that an actual virtual world would look more attractive to the user. In the second 
design of the virtual world, the user would enter into a virtual office with a desk, blackboard, and 
bookshelves, Figure 2. The second design was designed in Vizard 5 where we first started to work 
with the virtual world. 
 

 
 

Figure 1. The first design without VR with a set of virtual three dimensional boxes.  
 

 



 
 

Figure 2. A virtual office with desk, blackboard, chair, and bookshelves. 
 

The first design with cubes was designed without VR. In theory, each layer of cubes will be 
representing different types of data. For instance, the vertical dimension represents different kinds 
of test vehicles. The first horizontal dimension represents specific programs—AMRAAM, EKV, 
and TOW—while  the last dimension represents different types of tests—hover, flight, and range. 
In this design (see Figure 3), the upper blocks disappear so the user can see the other dimensions 
relevant to the specific test vehicles you choose. The user can then select a specific block they 
want the information from and pull it out. Once the user has chosen it, a square of blocks with 
years as the vertical dimension and specific tests written on each block, grouped according to the 
test sponsors, appears. 
 

 
 

Figure 3. A set of blocks after the user has chosen to explore the data in aircraft. 

 



 
 

Figure 4. A bookcase with books representing the different signals. 
 
Next you see a bookcase with books representing the different signals that have been captured 
during a specific test, Figure 4. The first book is an index listing where in the bookcase a specific 
signal is located. Each book jacket is a specific color depending upon the information contained 
in that particular signal. For example it would be green if the signal had no anomalies or red if it 
did contain anomalies. The color could also represent the type of anomaly. It might be red if the 
signal amplitude exceeded some predetermined limits, or blue if the frequency was out of bounds, 
or orange if a digital pattern was incorrect, etc. The organization of these data signals is similar to 
those of a library but in the virtual world. 
 
Now, the second design in Vizard 5 using an office design, is illustrated in Figure 2, where the 
user can wander around the office and pick up things they are interested in. There could be different 
types of test vehicle models gathered on the desk and the user can pick the model up if they want 
to explore the signals produced by the test vehicles. However, Unity—another three dimensional 
virtual reality software—was found to be more useful for the application we are hoping to achieve.  
 
Nonetheless, using Unity, the team has decided to start working with the first design in order to 
illustrate how the program would work; see Figure 5. The user interface is the integration between 
the computer and the head-mounted display, Oculus. In this application, the user can explore the 
virtual world by utilizing the keyboard to walk around and move their head in order to look around 
the world. In addition, the team is working on the utilization of Microsoft Kinect within the Unity 
program so that the user can fully interact with the virtual world. At this point, no progress has 
been made on the actual data display system, but we hope to demonstrate this aspect of the program 
at the conference. 
 

 



 
 

Figure 5. A first design implemented in Unity. 
 
 

CONCLUSION 
 

A system has been proposed to display large amount of data output from a typical telemetry set of 
tests. It allows the user to get inside the data and also to view it using color coded graphics which 
quickly tell the user where the errors have occurred. A sample program has been written in Python 
and CS for Vizard 5 and Unity, respectfully, to illustrate how the program would work. 
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ABSTRACT 

This paper describes a method in which users realize the benefits of a standards-based method 
for capturing and evaluating verification and validation (V&V) rules within and across metadata 
instance documents. The method uses a natural language based syntax for the T&E metadata 
V&V rule set in order to abstract the highly technical rule languages to a domain-specific syntax.  
As a result, the domain expert can easily specify, validate and manage the specification and 
validation of the rules themselves. Our approach is very flexible in that under the hood, the 
method automatically translates rules to a host of target rule languages. We validated our method 
in a multi-vendor scenario involving Metadata Description Language (MDL) and 
Instrumentation Hardware Abstraction Language (IHAL) instance documents, user constraints, 
and domain constraints. The rules are captured in natural language, and used to perform V&V 
within a single metadata instance document and across multiple metadata instance documents. 

KEYWORDS 

Instrumentation configuration, XML, rule-based validation, metadata, controlled natural 
language, IHAL, MDL, TMATS, verification and validation (V&V) 

 
INTRODUCTION 

Several efforts to define eXtensible Markup Language (XML) standards for the representation of 
test and evaluation (T&E) metadata have reached maturity. The Range Commander’s Council 
(RCC) data sciences group (RCC-DSG) adopted the Data Display Markup Language (DDML) 
XML schema standard for describing data display metadata in IRIG 1061. The iNET program 
promoted a family of standards for capturing network telemetry descriptions, including the 
Metadata Description Language (MDL). The RCC telemetry group (RCC-TG) adopted multiple 

                                                
1  Specific versions of IRIG 106 (i.e. IRIG 106-05, IRIG 106-07, IRIG 106-09, IRIG 106-11, IRIG 106-13, etc.) are omitted. 
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standards for telemetry metadata: the TMATS ASCII standard was transliterated into XML, and 
the Instrumentation Hardware Abstraction Language (IHAL) XML standard for describing the 
details of telemetry hardware was adopted.  

The objective of these efforts was to promote multi-vendor, multi-range standards for describing 
T&E metadata and facilitating interoperability. The adoption of these standards looks very 
promising. However, these standards only capture the syntax of the respective metadata and 
support minimal, if any, verification and validation (V&V). Existing XML libraries can support 
very primitive syntactic validation. The next level of interoperability involves semantic V&V 
within XML metadata standards as well as V&V across XML standards. A solution that achieves 
the next level of interoperability must include a way to easily capture the rules, a standards-based 
format for storing the rules in a machine interpretable way, and open source inference engines 
for evaluating the rules. 

 
RULE REPRESENTATION AND CAPTURE 

There currently exist generic standards for representing rules for V&V (some of which are XML-
based); for example, the W3C Rule Interchange Format (RIF) [1] and the de facto Drools [2] 
standard for business logic. There is no reason to introduce yet another custom standard for the 
T&E community that must be approved by a standards committee. The role of the standards 
committee(s) will be to help identify the requirements for rule categories that must be 
implemented in an existing standard. The available standards have varying degrees of inferential 
support, so care must be taken to define the requirements for a rule representation standard and 
select the standard that best meets the T&E community requirements.  

However, rules written in these standards are not accessible to the typical instrumentation 
engineer--the rules are often described only in XML. Few authors and users in the T&E 
community have the time, inclination or interest in learning XML. To address this, a controlled 
natural language (CNL) will be used to capture the rules in an intuitive, domain specific way. 
This will allow those that know the rules most intimately--the engineers--to define the rules 
without having to learn or even know about the underlying standard.  

Controlled natural languages (CNLs) are subsets of natural languages that are obtained by 
restricting the grammar and vocabulary in order to reduce or eliminate ambiguity and 
complexity. Since the language has a restricted vocabulary and defined grammar, it would be 
very difficult to write a statement without Intellisense2 editor support. In essence it is a normative 
process to write a specification in CNL because it prescribes how to effectively communicate 
using a language to achieve a particular goal. An intelligent interface can make this writing 
process unobtrusive and effortless. Use of error messages, domain term highlighting, predictive 
feedback and conceptual authoring were some of the techniques that were found to support the 
CNL writing process. 

                                                
2  http://en.wikipedia.org/wiki/Intelligent_code_completion 
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Figure 1 shows a screen capture of a tool for intelligently capturing V&V rules using CNL. As 
the user begins typing, the tool suggests possible terms and phrases to complete the rule. These 
suggestions are context-aware; that is, they take into account what has already been captured. 

 

Figure 1 – Intelligent CNL Rule Editor 

Some sample rules captured in CNL for this demonstration include the following: 

• Every IHAL-instrumentUse requires a IHAL-analogSignalConditioningCard or IHAL-
busMonitorCard or IHAL-card with the same name. 

• The measurement named "SYNC_Master_Format 1:Sub-Format 1:" has MDL-
DataLength in the range [8 8]. 

• The measurement named "SYNC_Master_Format 1:Sub-Format 1:" has MDL-
SampleRate in the range [240 240]. 

• The total IHAL-baseWeight for IHAL-instrumentationGraph identified by 
"iNETValidation" is no more than 20 pounds. 

• Every R-Group-Characteristics R-Group-Manufacturer required-when R-Group-Type 
value is "Analog." 

• Every R-Group-Characteristics R-Group-ExternalRMMBusSpeed required-when R-
Group-Type value is "Analog." 

Once the CNL is captured, it is transformed into a target rule representation language that can be 
used to perform V&V against an XML instance document. 

RULE DEVELOPMENT AND MAINTENANCE ARCHITECTURE 

Figure 2 shows the layered architecture for the rule maintenance capability. The top layer shows 
the capabilities that will be provided to the user as a dashboard. The dashboard provides the 
following capabilities to the user: 

• A T&E Metadata Standards Browser for browsing the supported schemas. Using this 
capability, the user will be able to browse a schema for context in creating rules. 

• A CNL rule editor for creating and editing rules. 
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• A rule browser for finding existing rules to apply to a given validation task. 
• A V&V analysis results capability for reviewing the results of applying rules to an 

instance document. 
• A rule browser for finding existing rules to apply to a given validation task. 
• A rule consistency editor for identifying and resolving inconsistent rules (rules that are in 

conflict with one another). 
• A de-confliction / optimization capability for optimizing a schema and performing rule 

de-confliction. 

The middle layer shows the data / knowledge base information utilized by the architecture and 
consists of a repository or database for supported schemas and instance documents and a 
repository that stores CNL rules. 

The lowest layer shows the analytics used to support the validation and includes rule-based 
inference engines, rule consistency engines, constraint satisfaction engines, optimization engines, 
semantic reasoning and workflow engines 

 

Figure 2 – Rule Maintenance Capability Layered Architecture 

Figure 3 shows the preliminary component architecture that highlights the information flows 
among the components.  

The capabilities are accessible via a User application (rule capture) installed on the user desktop 
or available on the web. In this application, the user defines the rules in CNL format and selects 
one or more XML instance files to validate against the rules. The captured CNL and selected 
XML instance files are information flows to the Schematron Translator and Drools Translators 
components. The Intellisense editor of the user application is smart enough to understand the 
approved structures of the CNL and able to look-ahead within the grammar defined. The author 



5 
 

gets immediate feedback while writing the text and the editor prevents the author from entering 
sentences not allowed in the CNL grammar. While writing, the analyst can request suggestions 
from the editor. The suggestion provided to the user is context aware: i.e., the editor provides 
suggestions based on cursor position and the applicable grammar rule. 

  

Figure 3 – CNL Processing 

One of the most obvious ways to support writing in restricted languages like CNL is error 
highlighting. Initially users are trained in the syntax of the CNL and then asked to formulate 
specifications in the learned language. As the users type, the CNL interface parses the text and 
validates the text against the CNL grammar rules. If the validation fails, the interface will try to 
identify the cause of the error and provide suggestions for fixing the error.  

The Grammar / Parser component transforms the captured CNL into a target-rule representation 
(i.e., Schematron or Drools). This component receives the CNL information flows from the User 
application (rule capture) component and sends the rules to the respective validation services.  

The Schematron Translator and Drools Translator components translate the parsed CNL into the 
Schematron and Drools target rule representation. These components receive the CNL 
information flow from the Grammar / Parser component and send the rules information flow to 
the validation service components.  
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The Schematron Validation Service and Drools Validation Service components validate an XML 
instance document against a collection of rules originally captured in CNL. These components 
receive the rules information flow from the translator components and send the XML validation 
error information flows to the Error Reporting Service component.  

The Error Reporting Service component collects the error reports from each validation service 
and presents them in a format for the end user. This component receives the XML validation 
errors information flow from the validation components and sends the report information flow to 
the user client components. 

DEMONSTRATION ARCHITECTURE 

Figure 4 shows the demonstration architecture with L3-Com and Curtiss-Wright as the 
equipment vendors3. The key components of this demonstration are: 

• User Validation Tool is a software application for capturing V&V rules in CNL and 
transforming the captured rules into a target rule execution language; currently supported 
target rule languages include Drools [2] and Schematron [3] (XPath expression for rule 
logic).  

• L3 Com Configuration Service is a service provided by L3-Com that implements the 
IHAL API and a similar API for accessing MDL data and capabilities. 

• Curtiss-Wright Configuration Service is a service provided by Curtiss-Wright that 
implements the IHAL API and a similar API for accessing MDL data and capabilities.  

  
Figure 4 – Demonstration Architecture 

 
                                                
3  There is no public MDL API, so L3-Com and Curtiss-Wright implemented an API to provide the capabilities required for this 

demonstration scenario. 
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MDL / IHAL MULTI-VENDOR DEMONSTRATION SCENARIO 

Figure 5 shows an outline of a demonstration sequence diagram. Starting with an MDL instance 
file that contains only requirements, the user validation tool calls the vendor validation service 
(L3-Com service or Curtiss-Wright service). These services return the MDL inventory, the IHAL 
Pool and the IHAL Configuration. The user validation tool then performs cross-validation on the 
MDL and IHAL instance documents. Next, the user manually details the MDL configuration and 
uses the vendor validation services to validate the MDL requirements against the detailed MDL 
file using internal vendor validation logic. The vendor validation services return a validated 
MDL file that includes updated configuration settings. The user then uses the user validation tool 
to validate the original MDL requirements against the newly-validated MDL and also validates 
the validated MDL against the IHAL configuration.  

  

Figure 5 – Demonstration Scenario Outline 

TMATS VALIDATION DEMONSTRATION SCENARIO 

The final demonstration shows the use of the User application (rule capture) for validating the 
semantic TMATS rules as documented in IRIG 106-15 Chapter 9. Figure 6 show the User 
application. The user selects a TMATS XML file and a rule file containing G Group rules from 
the left panel. The XML file is validated against the G Group rules by selecting the rule file and a 
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TMATS XML file, right-clicking and selecting “Run Rules.” The rules in CNL format are shown 
in the right panel. Figure 7 shows the results of the G Group validation rules. The program name 
length rule is violated as shown. 

 

Figure 6 –TMATS G Group Validation 

 

Figure 7 –TMATS G Group Validation Results 

 

Figure 8 – TMATS R Group Validation 

Figure 8, shows a similar scenario for validating a TMATS XML file against the R Group rules. 
The user selects the rule file and an XML file, right clicks and selects “Run Rules.” 
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BENEFITS / CONCLUSION 

The rule-based validation and verification approach presented in this paper has the primary 
benefit that it uses a natural language based syntax for the T&E metadata V&V rule set in order 
to abstract the “computer science”-heavy rule languages to a domain-specific CNL-based syntax.  
As a result, the domain expert can easily specify, validate and manage the specification and 
validation of the rules themselves. Our approach is very flexible in that under the hood, the 
framework automatically translates CNL rules to a host of target rule languages, including 
Schematron, Drools, and semantic web rule languages (SPARQL, SWRL).   

Additional benefits anticipated from this approach include: 
• No need for committee approval of a new standard, minimizing the time to adopt the 

approach; 
• A catalog of commonly-used rules provides a way for new users to boot strap into the 

framework without having to write new rules from scratch; 
• An architecture that protects the intellectual property (IP) and proprietary nature of 

vendor configuration logic; and 
• Distributing rules along with metadata reduces errors and inconsistencies in the shared 

T&E package. 

For T&E ranges, our approach supports: 
• Correctness and coverage of required measurements; 
• Correctness at the instance level; 
• Instrumentation vendor neutrality; and 
• Best practices (e.g., safety, range operation directives, etc.). 
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ABSTRACT 
 

Due to the quick change of business processes in organizations, software needs 

to adapt quickly to meet new requirements by implementing new business rules. In 

Research and Development (R&D) scenario, the research is highly non-linear and 

changes are inevitable.  

In this context, it is known that traditional methodologies (e.g. waterfall) may 

lead to the detection of failures late, increase the time and cost of development and 

maintenance of software. On the other hand, agile methodologies are based on Test-

Driven Development (TDD), maintain the technical debt under control, maximize the 

Return on Investment and reduce the risks for customers and companies.  

In this paper, we show the use of Scrum and TDD in the development of an 

experimental tool that aims to make the calibration in real time of the rudder of a fighter 

aircraft. The preliminary results allowed to increase the coverage testing of the software 

and hence the quality of the tool.  
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INTRODUCTION 
 

In Research and Development (R&D) scenario, when it comes to the beginning 

of a research, often there is the difficulty of performing accurate estimate of the effort to 

be used in the development of research because the requirements are high level. 

Besides, according to [1], the research is highly non-linear. As research and product are 

developed, the requirements become more refined and changes are inevitable.  

Besides, sometimes, our meetings became inefficiently and ineffectively. The 

time required for each Project meeting can vary significantly: a status report can take 30 

minutes, while working solutions to a technical problem can take more than one hour. 



Another problem in this context is when the team members only have status to report, 

the meeting slot could be too long, and even if we ended quickly it was hard to make 

use of the remaining meeting time for work. Furthermore, when the members had a 

technical issue to explore, there was not enough time, and a follow-up meeting might 

have to wait some days or even some weeks, slowing progress and increasing overhead. 

Another problem was to know what every one was really doing in the project. There 

wasn't a way to centralize the to do list of each member. Thus, a task could be done, at 

the same time by  more than one member. 

Many technologies have been created in the field of software development, to 

accelerate the production and maintenance of software products. In addition to the 

technologies used, the software development methodology also impacts on productivity 

and meeting deadlines while developing software. According to [2], a software 

development methodology is a set of activities that assist in the production of software. 

The result of these activities is a product that reflects the way the whole process was 

conducted. 

It is known that traditional methodologies (e.g. waterfall) may lead to the 

detection of failures late, increase the time and cost of development and maintenance of 

software, once an application is in the testing stage, it is very difficult to go back and 

change something that was not well-thought out in the concept stage, no working 

software is produced until late during the life cycle, high amounts of risk and 

uncertainty, not suitable for the projects where requirements are at a moderate to high 

risk of changing [3, 4]. On the other hand, agile methodologies are based on Test-

Driven Development (TDD), maintains the technical debt under control, maximize the 

Return on Investment (ROI) and reduce the risks for customers and companies [3]. 

According to [6], software applications developed through the agile methodologies have 

higher success rate and lower risk than traditional waterfall methodology. 

This paper is organized as follows. Agile methods concepts and fundamentals 

are described briefly in section 1. The tailoring agile methods to IPEV are described in 

section 2. The experiment and results are considered in section 3 and the final 

considerations are presented in last section. 

 

1. AGILE METHODS 

 

The definition of an agile methodology was created in 2001 that defined the 

Agile Manifesto [16]. This manifesto is a simple and concise declaration that seeks to 

change the traditional lens that has been used to see software development. The agile 

manifesto works with some values, that are: i) individuals and interactions over tools 

and processes; ii) working software over detailed documentation; iii) client 

collaboration over contract negotiation; and iv) change adaptation over plan following. 

Furthermore, the agile manifesto has 12 principles [16]. 

Nowadays, there are dozens of agile software development methodologies (e.g. 

Scrum [7], XP [8], Crystal [9]), and all these methodologies are based on the Agile 

Manifesto [10]. The Scrum methodology and their variances (e.g. Scrumban, Scrum 

with other methodologies) is the agile methodology most used in software development 

projects [11]. 

 

 



1.1. SCRUM 

Scrum is used in projects with uncertain requirements and unpredictable risks 

resulting from the implementation of new technologies and strategies [3, 12]. This 

methodology has three key roles:  

● Product Owner (PO) that is the customer. He is the one with the 

responsibility on the software functionality specification and to solve any 

doubts that might arise during development. He is the client’s representative 

that must watch the project closely and help in the construction of a 

software that answers completely to the client’s needs; He  also needs to 

have financial autonomy for decision making. 

● Scrum Master (SM) like project manager in traditional development 

process. He is the responsible to lead the team and to avoid any hurdles that 

might arise during the process. A hurdle is something that might impede a 

member from performing his work; and 

● Team Members that are composed by developers, database administrator 

and testers in which each member has a specific skill. Nevertheless, 

members are not banned from performing task different from their expertise. 

Thus, the team will become more integrated and teams members will know 

better the software. 

Scrum is based in practices represented by: 

● Daily meetings: are performed with the team members standing in front of the 

kanban, which is a set of cards (post-it) that indicate the status of a specific 

task, such as, To Do, Doing or Done (Figure 1). Meetings last approximately 

15 minutes, and in them, we discuss questions from team members, what 

everyone intends to do and what were the hurdles found during that day. 

 

Figure 1 - Kanban example 

● Sprint planning meetings: A sprint corresponds to a development cycle and 

must last from one week and will not take more than 30 days [3] (Figure 2). 

The goal of the sprint planning meeting is to present the backlog items (i.e. 

requirements or user stories) and to estimate the tasks.  The backlog is a list 

of software requisites sorted according to their priority, allowing the 

requisites to be put into development according to their importance. The 

backlog sorting is performed according to the priority of each item that is 

calculated from the importance of the functionalities for the client. That way, 

items with higher priority are implemented before the lower priority ones 

increasing client satisfaction. 



 

Figure 2 - Scrum methodology. Adapted from [5] 

● Estimating product backlog: One of the methods used to estimate tasks is the 

planning poker (Figure 3), whose goal is to allow each member to choose a 

card with the task length estimative. The members that choose the smallest 

and the biggest estimative discuss the reasons why their estimative differ and 

then there are some rounds until team members come-to a consensus. 

 

Figure 3 - Planning poker cards example 

● Sprint review meeting: at the end of the Sprint, the Sprint Review happens, 

which is a meeting for the delivery of user stories implemented for PO. Thus, 

the PO gets a software release in which he can evaluate and suggest 

improvements and changes. A release is a function software version that can 

be delivered to the client for homologation. For each release, a presentation of 

the functional part is made to the client. This way, the client can keep up with 

the project and validate the systems in parts.  

● Sprint retrospective meeting: it is a meeting where a retrospective of the 

sprint is performed, in its positive and negative points identified and 

analyzed. Hence, it is possible to keep the strong points and create strategies 

to improve the weaknesses. This way we have feedback from the 

development team, improve and evolve all team members. 

 

 

 



1.2. TEST DRIVEN DEVELOPMENT (TDD) 

Currently, there is a recommended technique for software quality assurance that 

is Test-Driven Development (TDD). TDD is based on short cycles repeated. First, the 

developer writes an automated test case that defines a desired improvement or a new 

functionality. So, a code is produced, which can be evaluated by the test. After this, the 

code should be refactored under acceptable standards [13]. According to [14], TDD 

encourages simple designs and inspires confidence code. Through TDD, programmers 

can apply the concept to improving and debugging legacy code developed from ancient 

techniques [15]. 

In this case, testing must be an unavoidable aspect of development. From the 

integration of development and testing, quality is improved [17]. Therefore, testing is a 

cross-functional activity that involves the whole team and should be continuously done 

from the beginning of the project [18].  

In agile development, two kinds of teams are usually identified: customer team 

and developer team [3]. The customer team includes business experts, product owners, 

product managers, and other persons related to the business side of the project. This 

team communicates and collaborates with the developer team throughout iterations, 

writing stories, drawing examples, and reviewing finished stories [3]. 

Everyone involved in delivering code is a developer and is part of the developer 

team. Agile principles encourage team members to take multiple activities. However, 

each team needs to decide what expertise its projects require [3]. Testers are integral 

members of the customer team, gathering requirements, helping the customers to 

express their needs, and advocating for quality on their behalf. They are also part of the 

developer team, collaborating with developers to automate tests and assisting them in 

delivering the maximum business value [3][18]. 

Nevertheless, testing should not be subservient to development. Testers must 

have technical and business knowledge, as well as acting autonomously, based on the 

priorities, complexities, and product needs [17].  

 

2. TAILORING AGILE METHODS  
 

Scrum is not a process or a technique for product development, but an iterative 

and incremental framework [19]. This framework may be used with different processes 

and techniques working well in an environment of constant changes [20]. Scrums 

reveals what might be corrected in the team and its essence is strongly connected to the 

personality of the team members. This way, one must constantly validate the decisions, 

practices and process according to the principles and values the team holds dear.  

Scrum was adopted because: 

● Could be adapted and would answer better to constant change from the client; 

● Frequent deliveries could be made with more value to the client, with a focus on 

the maximization of the return on the investment; and 

● Avoid waste and prioritize communication and the visibility of the projects 

progress, so that team members would always know what needed to be done and 

what was being done. 



Nevertheless, we felt the need to adapt it to IPEV scenario, in order to adequate 

it to reality and to provide the best return to projects.  

Before the Scrum adoption the projects follow up were not done daily. There 

were only delivery schedules between members and when one deadline was about to 

expire, the responsible would come and ask for results. In case of danger to the 

deadlines and subsequent delaying of activities, team members had to do overtime in 

order to fulfill the deadlines.  

In the IPEV, the team is composed of 6 to 12 members, an amount that has been 

efficient in improving communication. Each project has a PO which is the main 

researcher of the project. He must have the availability, at least for the meetings. 

Besides, each project has one SM. The others members make up the team and can be 

developers, testers, database administrator, professionals dedicated to system 

documentation and so on. All members in each project are computer science bachelor, 

engineers or researchers and have at least four years experience in flight tests. One 

important consideration to improve quality of projects is the amount of person of the 

software quality. The projects should have one person in software quality to each 

developer. For example, in small project, the members of the project could be PO, SM, 

2 developers, 2 persons in software quality.  

The project scope is reviewed at each sprint planning so that the team can 

dedicate itself to the highest priority tasks. At each review, the client is free to adjust 

and review the priority of each function.  If the main researcher (PO) is in another city 

or country, the activity planning is done in a conference room. Usually, activity 

planning includes all team members and least close to four hours, considering a sprint of 

one month. This activity has three parts: 

● The moment when team members decide what is going to be done.  

● To debate how the activities will be developed and for the development team to 

list the necessary tasks to implement the planned activities.  

● To estimate each task length, based on a team consensus on values between 1 

and 4 hours for each task at hand.   

Estimation is done by team members using planning poker cards. Each team 

member selects a card that he thinks corresponds to the task length and after all cards 

are chosen, they are exposed. The members that chose the highest and smallest lengths 

discuss the reasons that took them to make that choice and the cards are played again 

until the team comes-to a consensus. 

During development the team meet daily and each member reports what he did 

and how he intends to do the next task. In case a member reports on a hurdle, technical 

issues are discussed briefly after the daily meeting. The idea is to steer the member with 

the hurdle towards a possible solution.  

The place of the daily meeting is in the development environment itself, where 

the information on project progress is stuck to the walls, such as burndown, product 

backlog, sprint backlog and error report. Furthermore, all information about the project 

progress are available in Trello. It allows to manage project and to give visibility for all 

members of the project. The artifacts and documentation are available in a file server 

also all members. This plain sight management intends to make available all necessary 

information in a simple and easy to understand way. This way, work becomes less 

arduous and the quality of the software created increases.   



Daily meetings do not happen at a fixed time, alternating between mornings and 

afternoons. The time is a consensus between developers that have flexible work hours in 

order to have all members in all meetings.   

In spite of the team and the environment being self managed (or self organized), 

there are some small attributions and task delegation. Control function belongs to all 

team members, which choose the best way to work and to fulfill the project goals. In 

case a member finds a difficulty in a task or encounters a hurdle, he can ask for the help 

of the team, which can help him if available. The group member that knows about the 

domain at hand can help him on the specific technical issue.   

 

3. EXPERIMENT AND RESULTS  

In this paper, we show the use of Scrum and TDD in the development of an 

experimental tool that aims to make the calibration in real time, of the rudder of a 

fighter aircraft. The calibration operations are based on a comparison of standard 

instruments in order to determine their accuracy and correctness check if this continues 

according to the specification of the manufacturer. From the calibration, it is possible to 

know the behavior of the instrument or device, quantifying the systematic errors that it 

presents, and thus can reduce and achieve more reliable results from the same already 

calibrated. The figure 4 contains a partial structure of the aircraft. 

This tool was developed using Matlab environment and C++ programming 

language with OpenCV [14]. Trello was used to manage of project progress. In 

addition, we used a version control software (VCS) that enabled collaborative software 

development and retention of historical changes in files. For this, Subversion was the 

tool selected. The bugs found during the development cycle of the software were 

reported in JIRA. At the start of each sprint, the shippable software used the agile 

testing quadrants [3]. The members automated unit tests using Matlab unit testing 

framework and Google C++ Testing Framework. 

Communication among team members is constant and iterative, according to the 

Scrum methodology. That means that meetings are scheduled daily in non fixed time 

slots with all team members in a single room, with all members standing.  

Communication is performed preferably face to face instead of using written documents 

and the project team works in a single room, in order to increase interaction among its 

members.   

Given the integration between development and testing teams, it was not 

necessary to wait does Sprint functions release for the testing to begin. In a single 

project the testing team used the TDD (Test Driven Development) technique. Hence, as 

soon as a system function was finished, the test ran and in case of problems, the 

correction was requested. 

https://code.google.com/p/googletest/


 

Figure 4 - Partial structure of the aircraft 

This tool was developed using Linux operating systems and algorithms 

implemented in OpenCV. This tool makes reading frames of a video camera, using 

techniques of image processing and pattern recognition to allow calibration in real time 

of the rudder. The figure 5a contains the markers on the aircraft used to calibrate the 

rudder and figure 5b contains a frame processed by the application, showing the 

diagram used to calculate the slope.  

 
       (a) 

 
                                         (b) 

Figure 5 - (a) Original image (b) Frame processed by the application 

In this project we had 45 user stories, totaling 186 story points. This product 

backlog was divided into 3 sprints with 18, 15 and 12 user stories in each sprint, 

respectively. Each sprint had 64, 60 and 62 story points, respectively. Normally, each 

sprint should have the same quantity of story points and the same quantity of days to 

measure the team productivity. The quantity of user stories can be different because 

each story point can have a value (story point), complexity, effort and uncertainty 

different. The each sprint had 22 days of work and we estimated 72 story points per 

sprint. Thus, the first and second sprint had 72 story points and the third had 42 story 

points. The burndown chart of sprint #1 is shown in Figure 6.  The first day of sprint 

was used to sprint planning and the last day was used to sprint review.  

 

Figure 6 - Burndown Chart of Sprint #1 



We can observe in figure 6 that the actual line (red line) is above of the ideal 

line. It shows that in the first sprint, the team was in debt (i.e. the team failed to deliver 

all user stories). Three user stories have not been completed in sprint #1. This happened 

because of the error in the estimation of some user stories. In the second sprint the debt 

was one user story. In the last sprint, debts of the sprints #1 and #2 were accumulated by 

the amount of story points had not yet been completed. In the sprint #3, initially, we had 

42 story points, however, rose to 64 story points. That was enough to complete all the 

user stories in three sprints. 

CONCLUSION 

The use of TDD and Scrum allowed to understand the coverage testing of the 

software and hence the quality of the tool. This calibration process was never realized 

by the PO, thus, in research and development activities the changes are frequently and 

acceptable. Furthermore, we observed a higher customer satisfaction because it allowed 

his participation next to team members and visualization of the intermediate versions of 

the tool. This brought great advantage because changes requested by the client were 

accommodated during the development of the tool.  

In conclusion, we can state that the adaptations we performed were flexible 

schedule for the daily meeting and the integral presence of a team member (the product 

owner) in the client, as a consequence of having a representative of the client involved 

in the project. 

The next steps include the consolidation of the adopted practices, for adaptations 

and corrections of the deviations identified during development in other projects. We 

also need to use metric to evaluate formally the gain achieved by using the agile 

methodology Scrum. 
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ABSTRACT 
 
The U.S. Army Research Laboratory developed an on-board telemetry instrumentation system to 
obtain measurements of the in-flight dynamics of medium caliber projectiles.  The small size, high 
launch acceleration, and extremely high spin rates of these projectiles created many design 
challenges.  Particularly challenging were the high spin rates, necessitating the development of a 
data compression scheme for solar sensors.  Flight tests successfully captured data for spin rates 
exceeding 1000 Hertz (1 kHz). 
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INTRODUCTION 
 
Tasked with measuring the in-flight dynamics of the 30mm MK310 projectile, the U.S. Army 
Research Laboratory (ARL) has designed an on-board telemetry instrumentation system for 
medium caliber projectiles.  The small size, high launch acceleration, and extremely high spin rates 
of these projectiles posed many design challenges.  Components were carefully selected, G-
hardened, and experimentally evaluated to ensure survivability.  A new data compression scheme 
for solar data was implemented to accommodate high spin rates.  The project culminated in 
successful spin and flight tests, validating the design at roll rates exceeding 1000 Hertz (1 kHz). 
 
Although various aspects of this project have already been published (1, 2), this paper will focus 
on three aspects of the design that have not been presented in detail.  After a general system 
overview, the power supply design will be discussed.  Next, aspects of the solar sensor G-
hardening and evaluation will be presented.  Finally, the solar data compression will be explained 
and the results from the spin and flight tests shown. 
 
 

SYSTEM OVERVIEW 
 
A model of the instrumentation system is provided by Figure 1 and Table 1.  The round is divided 
into two sections.  The front section houses the antenna, transmitter board, and two solar sensors.  
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The back section contains the instrumentation boards and battery power.  21 pin Micro-D style 
(MDM) connectors link the two sections together, providing signal routing when connected, as 
well as an external interface when the sections are separated.  The instrumentation board stack 
shown in Figure 2 is housed in a space of 0.856 inches diameter (D) and 0.9 inches height (H). 
 

 
Figure 1.  Model of the instrumentation system 

 
Table 1.  Model item descriptions 

Label Item Description 
1 Batteries (x3) 80mAh Lithium Ion Polymer cells
2 Configuration Board High-G Accelerometer, Battery Monitor, A/D, Signal Conditioning
3 Encoder Connector (x2) Combines configuration and encoder into a standalone unit
4 Encoder Board FPGA based PCM encoder, SRAM
5 Side Boards (x4) Axial Accelerometer, Radial Rate, 3-Axis Mag, Power Regulation
6 Accelerometer Board Low-G & High-G Radial Accelerometers, Axial Rate Sensor
7 Connector Board Battery Protection, G-Switch, Enable Circuitry 
8 Connectors (x2) Male and Female 21 pin MDM Connectors
9 Solar Sensors (x2) ARL Solar Sensors (SLITs)
10 Antenna/Transmitter Custom monopole antenna, 2255.5 MHz FM transmitter 

 
 

      
 
 
 

POWER SUPPLY 
 

Power supply options were very limited due to a number of restrictions.  The final projectile design 
allocated a space of 22mm D and 28mm H for the power source.  The power source also had to 
provide enough energy to power the onboard electronics which had a minimum operating voltage 
of 3 volts (V) and current draw of 500 milliamps (mA).  Additionally, the power source had to be 

1 
9

2 3 4 5 6

8 10 

7

Figure 2.  Instrumentation board stack 
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secondary (rechargeable) and operate within a ballistic environment.  Rechargeability was a 
necessity since the power source would be embedded within the projectile and could not be 
replaced once the unit was assembled.  Projectile launch accelerations were estimated to be 
anywhere in the range of 60,000G’s (60kG) to 85,000G’s (85kG).  Any power source integrated 
into the projectile needed to be able to survive these levels of acceleration and remain operational 
throughout the projectile flight.  
 
Most of these requirements were met by several commercial cells chosen for evaluation based on 
size, capacity, and chemistry.  A CR2 model lithium-ion (Li-Ion) rechargeable cylindrical cell was 
the first choice since its standard size of 15.6mm D by 27mm H was well within the projectile 
space restrictions.  These cells also have a standard 3.6V nominal voltage and were available in 
400 milliamp-hour (mAh) capacity and 600mAh capacity models that would meet the given power 
requirements of the on-board electronics.  Initial system design concepts incorporated a single CR2 
model cylindrical cell mounted vertically within the base of the projectile.  The only major concern 
for these cells was high-G survivability.  Cells of this nature are often mounted in a flat or 
horizontal orientation in order to improve high-G survivability.  In this case, the cell would be 
mounted vertically which could potentially lead to a reduction in performance due to effects from 
the high-G acceleration.  A previous study conducted by ARL evaluated the high-G performance 
of similar CR2 lithium primary cylindrical cells.  Results from this study showed that the lithium 
primary CR2 cells, mounted in a vertical orientation, survived acceleration levels up to 30kG, but 
significant reductions in performance were noted at levels around 65kG and above (3).   A new 
study was conducted to assess the performance of the selected CR2 Li-Ion cylindrical cells, 
mounted in a vertical orientation, at acceleration levels of 50kG and above. 
 
Several models of Lithium Ion Polymer (LiPo) rechargeable pouch cells were also chosen for 
evaluation, but once again, available options were limited due to the required space and power 
specifications.  Pouch cell models with capacities of 80mAh, 125mAh, and 200mAh were selected.  
As opposed to the single CR2 Li-Ion cylindrical cell solution, the smaller capacities of the LiPo 
pouch cells required two to three cells in a parallel configuration in order to meet the necessary 
power requirement.  Space restrictions allowed for a 2-in-parallel (2P) configuration for the 
125mAh and 200mAh cells mounted in a vertical orientation.  The 80mAh cells could be used in 
a 3-in-parallel (3P) configuration mounted in a flat, or horizontal orientation, which is the preferred 
orientation (4).  Table 2 outlines the various cells identified for high-G evaluation. 
 

Table 2.  Evaluated battery cells 
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The high-G impact study of these cells was conducted using the 4 inch air-gun facility located at 
ARL’s Adelphi Laboratory Center (ALC).  A total of six air-gun battery experiments were 
conducted and produced acceleration levels ranging from 50kG up to 80kG (Figure 3).  During 
each experiment, the cells were encapsulated and housed in a custom high-G carrier (Figure 4). 
 

 
Figure 3. Air gun acceleration profiles 

 

 
Figure 4. Battery puck and high-G carrier

Results obtained from the high-G acceleration experiments showed that none of the Li-Ion 
cylindrical cells and LiPo pouch cells mounted in a vertical orientation could be used for this 
application with any degree of confidence.  Significant failures in electrical performance and 
instances of internal damage to the cell materials were observed in each case involving a vertical 
direction of acceleration.  The only success was seen in the 80mAh LiPo pouch cells which are 
small enough in size to fit horizontally within the allocated volume.  A total of 24 individual 
80mAh LiPo pouch cells were evaluated with no significant reductions in performance noted (5). 
 
Based on these results, the 80mAh LiPo pouch cells were selected for use in the projectiles.  A 3-
in-parallel configuration was used to increase the battery capacity to 240mAh which would provide 
the on-board electronics enough power to operate for approximately 18 to 20 minutes (Figure 5).  
While this presents almost a 10 minute reduction in runtime from the 400mAh Li-Ion cylindrical 
cell, this trade-off was necessary in order to meet the high-G requirement.  
 

 
Figure 5.  Battery discharge evaluation 
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SOLAR SENSORS 
 
Solar measurements are acquired using ARL patented devices (6) called solar light indicating 
transducers (SLITs).  A SLIT can be likened to a box with a hole in its top and a sensing element 
in its bottom (Figure 6).  Whenever the box is oriented such that light comes in the hole and strikes 
the photocell, a voltage is produced.  SLITs are designed to have a small field of view (FOV) in 
the projectile roll direction and a large FOV in the perpendicular direction.  As the projectile 
rotates, the sweeping of the SLIT FOV past the sun creates a pulse.  When two or more SLITs are 
used, the spacing of pulses can be processed to determine the included angle () between the 
projectile spin axis and the vector to the sun.  This spacing metric is called a solar ratio.  Figure 7 
shows sensor output from the flight experiment of a slowly rolling projectile (~4 Hz) equipped 
with two SLIT sensors. 
 

 
Figure 6. SLIT exploded view 

 

 
Figure 7. Solar sensor flight data

Do to the unusually high axial and radial G-forces anticipated for these projectiles, special care 
was taken to verify the survivability of both the internal structure of the SLIT sensors and their 
integration into the projectile body.  The first preliminary experiment was a soft-catch gun launch 
performed in a spark range located at Aberdeen Proving Ground (APG). A modified MK310 
projectile was installed with SLIT sensors and staked with 4-40 18-8 stainless steel set screws.  
Analysis showed this would prevent the sensors from being thrown from the body at spin rates up 
to 1400 Hz.  Figure 8 shows a flight follower image during the experiment. 
 

 
Figure 8. Preliminary Spark Range Flight Test 

 

 
Figure 9. Projectile with Surviving SLIT Sensor

The sensors remained in the projectile body during flight but were found to be loose after the soft- 
catch (Figure 9).  An evaluation of the sensors after removal from the projectile showed them to 
be functioning correctly.  In subsequent designs, the SLIT sensors were further secured using an 
internal support structure which prevented loosening of the sensors in all future experiments. 
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Additional SLIT sensor evaluations were conducted at the ALC air-gun facility.  Three housings, 
or pucks, were fabricated using the stereolithography (SLA) 3D printing process.  A total of ten 
SLIT sensors were mounted into these SLA pucks.  Five sensors were mounted in the axial 
direction to simulate setback acceleration forces, and the other five were mounted in the radial 
direction to simulate centrifugal forces.  Air-gun experiments were conducted at 30kG, 50kG, and 
75kG.  Upon completion of the experiments, the pucks were removed from the high-G carrier, and 
an analysis of the sensors showed no electrical or mechanical failures. 
 
 

SOLAR DATA COMPRESSION 
 
As explained above, the spacing between solar pulses is used to calculate the solar ratio , and by 
extension the projectile yawing motion.  Therefore, the solar sampling rate, which determines the 
accuracy of pulse peak measurements, directly affects the fidelity of yawing measurements.  An 
example of how sampling rate determines solar peak accuracy is shown in Figure 10.  The red dots 
measured at 0.5 degree (deg) intervals can be used to accurately determine the peak location, while 
the blue circles measured at 5 deg intervals result in a 2.34 deg error.  Repeating this process at 
successively smaller in-flight sampling intervals, the resulting  estimation errors are shown in 
Figure 11.  This indicates that sampling intervals of approximately 1.5 deg are necessary to achieve 
 measurements of 0.1 deg accuracy.  A 1.5 deg sampling interval corresponds to a 336 kHz 
sampling rate at the maximum MK310 launch spin of 1400 Hz.  At the same time, the 12-bit 
samples at a 4 mega-bit per second (Mbs) throughput yield a 333000 word per second telemetry 
rate.  Thus, insufficient bandwidth exists to meet the sampling requirements for the solar sensors, 
not to mention the other sensors’ output, the frame counters, and the telemetry synchronization 
(sync) words.   
 

 
Figure 10. Under-sampled solar peak error 

 

 
Figure 11. Accuracy vs. sampling interval

To increase the available bandwidth, a compression scheme was implemented for the solar data.  
The critical information obtained from solar sensors is the pulse peak times.  Since the pulses are 
relatively narrow, capturing time-stamped solar pulses while discarding the rest of the data 
provides significant compression.  The peak times can then be accurately calculated during post-
processing with appropriate curve fitting algorithms. 
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Figure 12 shows a block diagram of the compression scheme.  High speed frames composed of 
120, 12-bit words are sampled at 10 Mbs, resulting in an 833 kHz sample rate.   Non-solar words 
in these frames are selectively buffered for later insertion into the low speed frames.  Solar data is 
sampled at every other word, giving a solar sampling rate of 417 kHz.  When peaks are detected, 
16 samples of solar data are combined with 2 solar sync words and 2 time stamp words, and then 
buffered into a first-in first-out (FIFO) buffer for insertion into the low speed frames.  When there 
is no available solar data, place holders are inserted in place of real solar data. Assuming the 
maximum spin rate is 1400 Hz, with 2 solar pulses per revolution, the average solar word rate is 
56 kHz.  The final output frame is composed of 48, 12-bit words transmitted at 4 Mbs.  This 
synchronizes the internal high speed frames to the slower output frames which both have a frame 
rate of about 7 kHz.  8 words of the output frame are sufficient to transmit the 56 kHz solar words, 
leaving 40 words for the other sensors, sync words, and frame counter.  In summary, 417 kHz solar 
data that would have required 124% of the available telemetry frame now only consumes about 
17%, allowing for solar as well as other sensors to be included in the telemetry stream.   

 

 
Figure 12.  Solar data compression block diagram 

 
The essence of this solar compression technique is identifying the peak solar samples.  Although 
a simple peak detection algorithm works for well-defined signals, there have been instances of 
solar signals from flight experiments that have unusual noise characteristics.  Figure 13 shows the 
solar data exhibiting repeatable notches in the peaks, and attenuated negative pulses.  In order to 
correctly identify the peaks, the proper peak detection scheme must be employed. 

 
Figure 13.  Peak detection on noisy data 

 
Figure 14 shows a block diagram of the peak detection algorithm.  Starting in the Save Max state, 
the first sample is automatically saved as a maximum.  At each iteration, the new sample is checked 
against the current maximum.  If it is larger, it becomes the new maximum, otherwise it is ignored.  
A threshold value is dynamically updated to be 25% of the peak to peak amplitude below the 
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current maximum value.  When the samples drop beneath this threshold, the maximum value is 
buffered and the same procedure begins to look for a minimum.  Buffered peaks are checked at 
each iteration from the Save Max and Save Min states.  If a specified time window elapses, the 
buffered peak is confirmed as a real peak and saved.  If a new peak is found before the time window 
elapses, the new peak replaces the old buffered peak.  Buffering the peaks and using a time window 
has the effect of using only the largest peak if a few peaks are detected in quick succession.  This 
removes false peaks due to the notch in the solar pulses seen in Figure 13.  Each time a minimum 
or a maximum is detected, the peak to peak amplitude used in the threshold calculation is updated.  
This increases the algorithm’s noise immunity by updating the thresholds dynamically during 
flight, rather than relying on a predefined constant.  A predefined bias value is also unnecessary 
since the threshold is measured from the maximum and minimum values which are also calculated 
during flight.  The red circles in Figure 13 show this peak detection algorithm successfully 
identifying positive and negative peaks in a noisy solar signal. 
 

 
Figure 14.  Peak detection algorithm 

 
Before the final flight test, an outdoor spin experiment was used to validate the instrumentation 
system.  A cantilever roll drive capable of rotation speeds in excess of 300 revolutions per second 
was used to spin the assembled projectiles.  Data was captured using a JDA VuSoft DECOM 
system and saved for post processing.  Figure 15 shows the results of one of the spin experiments.  
The upper left graph shows all of the solar data.  The data is too dense to distinguish the individual 
solar pulses, but note that the magnitude of the solar pulses decreases towards the beginning and 
end of the experiment.  This is due to the fact that as the rotation slows, the pulses become wider, 
and the 16 samples saved for each peak ride higher towards the top of the pulse.  As the rotation 
accelerates, the pulses narrow, and the 16 samples cover more of the pulse, resulting in a larger 
range in the magnitude of each pulse.  The upper right graph shows a smaller time window where 
each solar pulse is clearly distinguishable.  The lower left plot shows one pulse at a roll rate of 
roughly 300 Hz, with the peak sample time normalized to zero.  The samples shown, which span 
about two-thirds of the amplitude of the pulse, are 40 micro-seconds (μs) wide, corresponding to 
about 4.5 deg.  The lower right graph shows the roll rate, which reached a maximum speed of a 
little over 300 Hz. 

Save Max 

Save Min 

Input < Max – Amp/4 
Buffer Max

Update Amp

Buffer Min
Update Amp

Check 
Buffer 

Record 
Buffer 

Record 
Buffer 

Input > Max + Amp/4 

Check 
Buffer 

Delay > Time Window 

Delay > Time Window 



9 
 

 
Figure 15.  Spin experiment solar data 

 
Figure 16 shows data obtained during a gun-launched flight test.  Here the solar pulses are narrower 
due to higher roll rates, allowing the solar pulses to be completely contained within the 16 samples.  
The graph of the single pulse shows that two-thirds of the pulse spans 15 μs, or about 5.5 deg at a 
1 kHz roll rate.  1050 Hz was the highest successful roll rate achieved as projectiles launched at 
higher rates experienced hardware failures and no usable data was received.   
 

 
Figure 16.  Flight test solar data 
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CONCLUSION 
 
Designing an onboard telemetry instrumentation system for the 30mm MK310 projectile posed 
many design challenges.  The power supply and solar sensors had to be carefully designed and 
evaluated to ensure survivability under high-G forces.  High spin rates also caused a shortage of 
telemetry bandwidth.  To solve this problem, a data compression scheme was designed that retains 
the solar sensors’ resolution while providing room in the telemetry frame for other measurements.  
The design was successfully verified for roll rates up to 1 kHz in outdoor spin and flight 
experiments.  Although failures did occur at higher rates, the design is considered a success as it 
achieved measurements at rates higher than any ARL has previously measured through on-board 
instrumentation.  Aside from enabling measurements for the MK310 projectile, this system 
expands ARL’s instrumentation capabilities for a wide range of medium caliber munitions.       
 
 

ACKNOWLEDGEMENTS 
 
We would like to thank our co-workers at ARL for their contributions to this project: 
 
Peter Muller – instrumentation consultant  Steve Buggs – part assembly 
Rex Hall – antenna design Mark Ilg – solar noise consultation 
Gordon Brown – project management Barry Kline – circuit board photographs 
Brad Davis – sensor selection  

 
REFERENCES 

 
1. Don, Michael L. and Harkins, Thomas E., “Achieving High Resolution Measurements within 
a Limited Bandwidth via Sensor Data Compression,” ARL-RP-444, June 2013 
 
2. Brown, Thomas G. et al, “Development and Demonstration of a New Capability for 
Aerodynamic Characterization of Medium Caliber Projectiles,” 28th International Symposium 
on Ballistics, September 2014. 
 
3. Bukowski, E., “Evaluation of Commercial-off-the-Shelf Lithium Batteries for use in Ballistic 
Telemetry Systems,” U.S. Army Research Laboratory, ARL-TR-4840, June 2009. 
 
4. Bukowski, E., “High Impact Shock Survivability Study of Lithium Ion Polymer Cells for use 
in Ballistic Applications,” 44th Power Sources Conference, June 2010. 
 
5. Bukowski, E., “Perfromance Evaluation of Lithium Ion and Lithium Polymer Batteries 
Subjected to a High Impact Shock Event,” 46th Power Sources Conference, June 2014. 
 
6. Hepner, David J and Hollis, Michael S., “G-hardened optical alignment sensor,” 5909275 
United States of America, June 1, 1999. 
 
 
 



1 

 

ON-BOARD DATA PROCESSING AND FILTERING 

Marc Faber 

Zodiac Data Systems GmbH 

Friedrich Ebert Strasse 75, D-51429 Bergisch Gladbach, Germany  

 

ABSTRACT 

 

One of the requirements resulting from mounting pressure on flight test schedules is the reduction 

of time needed for data analysis, in pursuit of shorter test cycles. This requirement has 

ramifications such as the demand for record and processing of not just raw measurement data but 

also of data converted to engineering units in real time, as well as for an optimized use of the 

bandwidth available for telemetry downlink and ultimately for shortening the duration of 

procedures intended to disseminate pre-selected recorded data among different analysis groups on 

ground.  

A promising way to successfully address these needs consists in implementing more CPU-

intelligence and processing power directly on the on-board flight test equipment. This provides 

the ability to process complex data in real time. For instance, data acquired at different hardware 

interfaces (which may be compliant with different standards) can be directly converted to more 

easy-to-handle engineering units. This leads to a faster extraction and analysis of the actual data 

contents of the on-board signals and busses. 

Another central goal is the efficient use of the available bandwidth for telemetry. Real-time data 

reduction via intelligent filtering is one approach to achieve this challenging objective. The data 

filtering process should be performed simultaneously on an all-data-capture recording and the 

user should be able to easily select the interesting data without building PCM formats on board 

nor to carry out decommutation on ground. This data selection should be as easy as possible for 

the user, and the on-board FTI devices should generate a seamless and transparent data 

transmission, making a quick data analysis viable. 

On-board data processing and filtering has the potential to become the future main path to handle 

the challenge of FTI data acquisition and analysis in a more comfortable and effective way. 

Keywords: On-Board Processing, Data Reduction, Telemetry Downlink, Faster Post Processing, 

Engineering Unit Data Conversion, Event Identification, On-Board Quick Monitoring 
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INTRODUCTION 

 

On-Board Data Processing 

The on-board data processing has been a well-established method in every aeronautical or space 

system for  many decades in many ways of aircraft control or operations. In the TT&C 

(Telemetry, Tracking & Control) units redundant data processing systems provide: 

- reception, error correction and decoding of telecommands, storing and forwarding them to 

the avionic components, 

- measurement of discrete values such as voltages, temperatures, binary statuses, extracting 

them from data busses,  

- reduction the amount of raw data generated by modern instruments through various signal 

processing and compression techniques to be able to transmit them to the ground in an 

efficient manner,  

- real-time buffering of the measurements in a data pool, collation and encoding of pre-

defined telemetry frames, storage and downlinking them to the ground, 

- management and distribution of absolute time or some kind of reference time, 

- substantial digital signal processing capability for controlling the communication 

channels,  

- processing capability to achieve the aims of the mission, often using the data collected. 

This article targets on-board data processing during aircraft operation such as flight testing or 

health and usage monitoring.   

Flight Test Systems 

The traditional Flight Test Instrumentation (FTI) involves acquiring measurements from various 

sensors and collecting data from other on-board sub-systems (e.g. data buses) with some kind of 

coherent time stamps. This data is typically pre-processed (filtered, compressed) in such a way, 

that some selected and bandwidth critical data formats can be created for telemetry downlink 

(e.g. PCM frames). Typically, all collected data is formatted for on-board recording (usually in 

some packetized data format).     

Over the last decades, more advanced on-board data processing methods have been made 

operational – where real-time on-board test monitoring is also possible. The tests are monitored 

by flight test engineers on board with the help of complex flight test computers. These flight test 

systems are available on larger civil and military aircrafts, where the available space and weight 

of the flight test systems are not a constraint.  
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The flight test systems of smaller aircraft are often limited to a PCM system and telemetry 

transmitter for transmitting critical parameters to the ground for real-time monitoring, and a bulk 

data recorder which records all available data on board for later post-processing analysis.  

As technology advances, the benefit of the on-board data processing methods can be migrated 

from the large installations to smaller flight test systems. This article aims at identifying on-board 

data processing methods that can be efficiently integrated into a compact flight test system 

installation.   

Flight Test Data 

There are different layers of data during FTI. Various classifications are used by different 

operations. In the following, these are grouped from a data processing point of view: 

Test Parameters 

For flight test engineers, some physical values are always of interest, e.g. temperature, structural 

load, vibration, etc. 

In some cases these parameters can be determined indirectly by measuring a given signal – e.g. 

the measured temperature or pressure at a given location – by placing a sensor in the proper 

position. The sensors typically convert the measured parameters to another physical unit – mostly 

electrical – with some delay and inaccuracy, but these can be taken into account in the further 

calculation.  

In most cases though, the test parameters cannot be directly measured – they have to be 

calculated from the measureable signal. They may need to be calculated from a single signal: e.g. 

minimum or maximum value of a given time period, a mean or RMS value of the signal, or some 

values in the frequency domain. But often the test parameters have to be computed from multiple 

measured signals. For these calculations the measured signals may have to be filtered, 

interpolated in time, up/down sampled, etc. before using them in simple or complex mathematical 

calculations: e.g. power calculated from voltage and current, frequency or phase difference 

calculated by FFT.   

The FTI engineer defines which signals shall be measured to be able to calculate all necessary 

test parameters, and how this calculation will be carried out.  

Measured Signals in Engineering Units 

Numeric values in engineering units are the results of directly measurable signals. This is the 

format a flight test engineer can directly understand and interpret. 

On the other hand, the measurements themselves are carried out by sensors, which typically 

output some electrical signals as the physical value changes. These electrical signals are 
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converted to digital counts in order to be able to transmit, store or process them in a 

straightforward fashion and with higher transmission fidelity.    

The sensors and the measurement systems are not ideal. Therefore, sensor or system calibration 

corrections may need to be taken into account in order to finally arrive at measurement values 

with the required accuracy. This calibration process uses sensor calibration data bases.  

Raw data 

The raw data is the output of the electrical signal digitalization process by a data acquisition unit 

(DAU), or an output of another sub-system (e.g. data bus). This data is coded in different formats 

– including fix or floating point representation, bit numbers, signed / unsigned coding, lookup 

tables and non-linear coding. Sometimes the values are divided into separate fields, and field 

concatenation is needed to gain them back. One goal of these methods is to get the information 

coded by the lowest number of bits possible.  

The raw data is typically represented by one or more integer values (even if the format is a 

floating point number).  

The Interface Control Documents (ICDs) of the DAUs and sub-systems define the relationship in 

engineering units between raw data and measurement signals. 

 

BENEFITS OF ON-BOARD DATA PROCESSING 

 

Wherever sizeable digital signal processing is involved to collect high-quality raw data, we 

consider a system as having on-board processing capability when data handling goes beyond 

creating, transmitting and storing raw data.  

There are systems targeting on-board data processing already available on the market. However, 

they are typically dedicated to one special test [1]. 

Data Reduction for Telemetry Downlink 

Data transmitted from air to ground via telemetry shall be carefully selected. Typically all data is 

recorded on board, but only test critical raw data is selected for transmission due to telemetry 

bandwidth limitations.  

On the other hand the raw data acquired from single measurements are not always the most 

adequate for evaluating the results of the test, but the actual test parameters instead. If data 

processing allows to calculate the values of the actual test quantities, the amount of information 

delivered by telemetry can be dramatically increased while using the same bandwidth. 
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For further data reduction the results can be converted again back to raw data format to minimize 

the demand for telemetry bandwidth. 

Data processing also allows the possibility to use data compression algorithms (e.g. transmitting 

only the difference of slowly changing values). Compressed data can be used to improve the 

usage of the limited bandwidth of the telemetry downlink. 

Telemetry Downlink Contents Reconfiguration 

Data processing provides the ability to change the contents of the telemetry downlink data stream 

”on the fly”. This can be triggered by events, configurable measurements or data analysis 

parameters like user definable threshold values.  

In the case of analyzed problems like fast vibration changes or unexpected bus messages, the 

processing unit is able to automatically insert predefined data into the telemetry downlink data 

stream in a as-needed basis. This can be for example data of adjacent sensors or changes between 

different video sources.   

The identification of the changed data contents can be realized by PCM format change, or by 

changing the channel or message Ids in case of advanced telemetry downlink methods (e.g. using  

iNET or IRIG106 Chapter 7).  

Faster Post Processing Results 

The amount of data recorded on-board is continuously growing. Even with the media download 

speed increasing and the processing computer’s performance improving, the time needed to 

download and post process remains significant. 

The first target of post processing concentrates in many cases on finding only sections of interest 

of the whole flight test time – it may include calculation of minimum / maximum values, 

frequency domain analysis, etc. The goal is to be able to make quick decisions, or localizing the 

proper area for further analysis.  

The on-board processing may help finding these time sections by creating the values of interest 

already on-board and storing them into a separate file. The download and analysis of these files 

can be done relatively quickly; the results can be obtained almost instantaneously after a test 

flight.   

Event Identification 

Based on real-time processing of raw or calculated data warnings, error conditions or telemetry 

downlink data stream changes can be defined. These warning and error conditions can simplify 

the decision-taking during the flight test either on-board (signals to the pilots or on-board test 
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engineers), on the ground (sent these events by telemetry to the ground) or logging them in a file 

to expedite the analysis during post-processing.  

Start of Post-Processing During Flight 

Time to getting to results is more and more critical as flight test schedule grows tighter.  

To shorten the post processing time, all or a part of post processing can be done already during 

the flight. The results can be stored on a separate section of the storage medium – and in extreme 

case the results can already be transmitted during landing and taxiing via airport networks to the 

processing station.    

Data Reduction for Recording 

On-board data recording quality, security, capacity, and storage bandwidth is continuously 

increasing due to technology improvements and to the usage of solid state media – however the 

system prices for high speed recording and the storage prices remain considerable.  

Several well-known data compression techniques have been used for a long time in order to 

reduce data amount and total recording bandwidth – e.g. lossy or lossless audio or video 

compression techniques. These are widely spread and already well established methods for data 

amount reduction. On-board data processing can be used for compression of other data types in a 

similar way. Typical compression methods are LZ (Lempel-ZIV) or LZX algorithms applicable 

for all data types, LPCM, CVSD, MPEG3 for analog data, JPEG for images, MPEG-1,-2,-4 or 

H.261-H.265 for video, etc.  

Another standard technique for data reduction is intelligent data filtering. Filtering techniques 

based on selected bus message identifiers is already widely used. With the help of on-board 

processing this can be enhanced for advanced filtering based on more complex criteria: including 

data word level parameter extraction, calculations between values, etc.  

On-board Engineering Unit Data Conversion 

Whenever a flight test engineer is on board during flight test, his task is to supervise the 

reliability of the flight test system. For his decisions the measured signals in engineering units 

(EU) are useful. On-board data processing can provide help at monitoring these values by means 

of a simple EU conversion of the acquired data (single sensor, or some combination of sensors). 

Another useful application is to store the EU converted data during on-board recording already 

into one or more separate files using another data formats, which post-processing application can 

directly process. There are many ground data processing systems still in operation which need 

ASCII text, Excel csv, or MATLAB file format as input for processing data. If processing and 

storage capability allows for it, the off-line post-processing data conversion of Chapter 10 data to 

other formats can already be made parallel with raw data recording.     
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However, for the values to be embedded in the telemetry downlink stream, raw data is preferred.   

On-board Quick Monitoring with Low-Processing-Power Visualization Devices 

On-board data must be pre-processed in order for it to be used by low-processing-power devices 

like smartphones and/or tablet computers. Consequently, application software tools running on 

these devices provide the means for having a quick and easy visual check of data of interest and 

high priority.  

Therefore, in order to realize a comfortable (i.e. mobile) way of easy monitoring and quick data 

verification, it is conceivable that the requested data be filtered, converted/manipulated and sent 

to a low-processing-power visualization device. 

Data Manipulation for Security Reasons 

In many cases the recorded / transmitted information needs to be handled at different 

classification levels. Data processing needs to generate data streams excluding classified 

information to be recorded or transmitted (e.g. removing or overwriting some classified messages 

or only data words of bus traffic). Classified and non-classified data maybe recorded on different 

media.  

 

DEFINING THE SCOPE AND TASKS OF ON-BOARD PROCESSING ALGORITHMS 

 

Meta Data  

An aspect of major relevance at defining the detailed tasks that on-board processing should 

involve is the language used to define the algorithms. To be able to describe the needed 

algorithms, the most convenient way for the test engineer is to define the required processing at 

the test parameter level. The implementation of the algorithm – including the setup of all the 

measurement system components – shall be automatic, at least as far as possible. This automatic 

system setup generation requires that the whole flight test instrumentation be defined in some 

data base – or by some system definition languages. These descriptions are called Metadata – and 

there is a lot of effort put into creating a metadata language which allows defining the complete 

FTI system to the furthest extent.  

The meta-languages range from simple Excel sheets – which are still widely used in FTI, to 

TMATS (part of the IRIG106 standard [2] maintained by the RCC), XiDML (an open XML 

based definition language proposed by Curtiss-Wright), IHAL (a language defined by KBSI), and 

MDL (a definition language grown out from the iNET program. Currently, an MDL working 

group – supported by the major aircraft manufacturers – is actively developing this language).  
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Among all of them, MDL is the most advanced, however a standard has not been finished yet [3]. 

MDL allows defining mathematical or logical operation on measurements, so it is a good base for 

describing data processing.   

Algorithms 

The definition of the on-board processing algorithms typically include standard mathematical 

calculations – simple equations or more complex function calls (e.g. RMS calculation, FFT, etc) 

– which can be described by simple mathematical equations. The temporary or final results of the 

calculations are considered to be new “signals” – which can be used for further calculation, for 

creating an on-board display, to be used in telemetry downlink, or be added to an on-board 

recording along with the raw data or be written into a separate file.   

A more complicated task is to offer free programmable algorithms to the user. This is usually 

done by providing to the user some library function for data acquisition, transmission and storage 

hardware access. The algorithms can be written in a standard programming language (commonly 

C, C++ or C#) by using its pre-defined library routines. Before the setup of the hardware, the user 

algorithms are compiled to machine code, and together with the library the code is downloaded to 

the hardware. These methods need otherwise deeper understanding of the acquisition hardware 

for the user – and the system designer needs to take precautions to avoid system crash or 

performance loss in case of programming errors or processing overloads in the user algorithms.         

Meta Data Editors 

Entering meta data is a complex task for the user. Each metadata definition system has dedicated 

editors, typically implemented in form of graphical user interfaces (GUIs). Currently, MDL can 

be edited by the “Configuration Manager” tool – which is not yet fully developed as a GUI. 

Meta Language Compilers 

The on-board processing algorithms defined in any meta-language shall be translated to some 

machine understandable code. The kind of code lies within a wide spectrum of variants starting 

from binary compiled code machine code, processing definition tables, macro code, or even high 

level symbolic textual definition of mathematical functions. 

 

DATA STORAGE 

 

Data storage and retrieval is a key component in on-board data processing. Chapter 10 aims to 

store the data optimized for storage space and speed, while on-board processing calls for quick 

access of data – possibly already time correlated, as raw data is not necessarily sampled 
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simultaneously at different sources. An iNET type network telemetry concept would really 

require to store the data into a well indexed real-time data base.   

Article [4] analyses these questions in details and tries to find a method by means of which the 

investments into Chapter 10 technology (hardware and software) shall not be discarded by 

introduction of network telemetry or on-board processing.  

Two ways seem to be workable for handling “big data” for storage and processing by keeping 

Chapter 10 records available and the same time allowing the new functions: 

The first method is to store the data still speed and space optimized according to the Chapter 10 

standard, but an additional indexing method allows quick access to the stored data on-board in 

real-time.  

The other is to store all raw data in Chapter 10 format, and an additional, already pre-selected 

“critical” data set is stored in a real-time data base, which can be easily accessed from the ground, 

or stored as separate data set even on the recording media.  

The first method needs probably less storage and does not required pre-selection of data, but the 

indexing information is either lost after the system is switched off, or it has to be stored along 

with the data – which would need a standardization process for how this indexing shall be done.  

The second method does need a separate pre-selection, secondary data base handling, but the 

results of the on-board calculations could be stored also as Chapter 10 data along with the raw 

data.     

 

HARDWARE IMPLEMENTATION OF DATA PROCESSING 

 

Distributed Processing Architecture 

Most of the DAUs, Encoders and on-board recorders are already incorporating powerful data 

processing capabilities. The internal architecture of these systems is prepared for complex signal 

processing, calibration, filtering, data formatting and precise time stamping, sometimes 

supporting various network protocols as well.  

This architecture typically reflects an and/or combination of field programmable gate arrays 

(FPGAs) and general purpose central processors (CPUs) or digital signal processors (DSPs). 

Depending on the architecture details, the on-board processing tasks can be divided into sub-

tasks: the single signal measurement specific tasks can be carried out by the above mentioned 
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FPGAs, CPUs or DSPs – while the system-wide processing tasks shall be implemented by the 

central processing unit of the system, or by dedicated on-board data processor.  

This distributed architecture has a lot benefits: all single measurement specific tasks can be 

handled more efficiently in the processing unit built specifically to handle that specific data type. 

The data can be prepared and sent to the central processing unit in a unified format (including 

representation and maybe also unified timing) - simplifying the description of the cross-signal 

calculations.     

 

CONCLUSION 

 

The time is ripe for introducing on-board processing into smaller flight test installations to help 

the test engineers take quicker decisions during flight and speed up the post processing as well. 

As of today, data acquisition boxes and on-board recorders are featuring sufficient computer 

power to quickly carry out a relatively high amount of calculations. Even without a powerful on-

board computer, distributed on-board processing can be implemented in these devices.  
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ABSTRACT 

 

The use of differential GPS postprocesing for precise trajectography computation has been 

widely used since early 90s. Up to recent dates, installation of a GPS receiver in a well known 

position (base station) has been mandatory. Operating range from this base station varies from 50 

km up to 100 km, depending on the accuracy required, which impose single or dual frequency 

GPS technique. 

 

Nowadays, the huge amount of GPS base stations continuous logging data worldwide have 

allowed to improve the error models a lot. Using these precise models, it is possible to achieve 

centimeter accuracy in GPS trajectography by using only one GPS receiver without range to a 

base station restrictions. This technique is called Precise Point Positioning (PPP). 

 

The performance results for PPP obtained after a real 10 flights campaign will be presented. 

 

Keywords: PPP (Precise Point Positioning), GPS trajectography, centimeter accuracy. 

 

 

1 INTRODUCTION 

 

The use of differential GPS post-processing for precise trajectography computation has been 

widely used since early 90s. Differential GPS is based on the spatial and temporary correlation of 

GPS signal in a specific area. To make use of this correlation, it is mandatory to install a GPS 

receiver in a well known position (base station). At the beginning, decimeter accuracy within 100 

Km range from the base station could be achieved by using code differential techniques. Later, 

when dual-carrier phase receivers came it was possible to get centimeter accuracies, but only 

within 50 Km range from the base station. 

 

Nowadays, the huge amount of GPS base stations logging data the whole day has allowed an 

improvement in the models. Using these models and other precise information, it is possible to 

achieve centimeter accuracy in GPS trajectography by using only one GPS receiver without range 

to base station restrictions. This technique is called Precise Point Positioning (PPP). 

 

Section 2 will compare how differential and PPP techniques minimize inherent GPS errors. 

Besides, it will describe the process and the data needed to compute GPS trajectography using 

file:///M:/Backup/c82532/Personal/GNSS/Mios/PPP/ITC2015/Guillermo.M.Martinez@airbus.com


2 

 

PPP. Section 0 contains means and methodology used to perform the tests and important 

considerations used during data analysis. Section 4 will show results obtained processing static 

data. Static results simplify the analysis and allow showing some effects of PPP. Solution 

accuracy and convergence will be analyzed. Moreover, it will be addressed the importance of a 

good dynamic filter selection. Section 0 will describe dynamic PPP results. An analysis of 

accuracy will be addressed. Two different IGS products will be used to evaluate the impact of 

their quality in the solution accuracy. Besides, a challenge situation where PPP solution is missed 

due to GPS satellites obscuration will be analyzed. A possible solution for this environment will 

be also discussed. Section 6 includes some real scenarios where Airbus Defence & Space uses 

PPP.  

 

Conclusions will be summarized in Section 7. In terms of performance, a precision of less than 

10 cm, 68% of the time will be accredited. Thus, it will be concluded that PPP post-processing is 

another available tool for flight test trajectography. However, some of the problems and issues 

inherent to it must be taken into account.  PPP turns up to be useful in certain scenarios where 

using base stations is an economical or technical challenge.  

 

2 COMPUTING GPS TRAJECTOGRAPHY 

 

All GNSS, GPS included, are affected by several errors inherent to the system [1]. Table 1 

contains the most significant errors affecting the system in airborne applications, and their impact 

in the pseudoranges
1
 measurements [2]. System accuracy can be improved by minimizing the 

effect of these errors. In order to achieve centimeter accuracy, two different techniques can be 

used. 

 

Error source 1σ (probability: 68%) Error source 1σ (probability: 68%) 

Satellite Ephemeris 2.0 m
*
 Multipath 1.0 m

*
 

Satellite Clock 2.0 m
*
 Position vertical 13 m (1σ) 

Ionosphere propagation 5.0 m
*
 Position horizontal 10 m (1σ) 

Troposphere propagation 0.5 m
*
 

*
Impact in distance to satellite 

Table 1.- Main GPS errors magnitude in pseudorange 
 

2.1 Differential GPS 

 

This technique takes advantage from the spatial and temporary correlation of some errors by 

taking simultaneous measurements with more than one GPS receiver; usually two. One of the 

receivers is installed in a place with well-known coordinates (base station). Since most of the 

effects are common for both receivers, it is possible to compute an accuracy position for the other 

receiver (rover) [3], [4]. 

 

The correlations only take place within a delimited area and period of time. Depending on the 

differential GPS technique used both accuracy and limitations vary. When using code-differential 

GPS it is easy to achieve decimeter-level accuracies within 100-150 km range from the base 

station [3], [4]. On the other hand, dual-carrier phase receivers allow centimeter-level accuracies 

within 50 km from the base station [3][4]. 

                                                 
1
 Distance measured to the satellite (different from geometrical distance) 
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2.2 PPP 

 

It is possible to think about PPP as an extension of the Standard Positioning Service (SPS) used 

regularly by navigation receivers. The main advantage for PPP is that centimeter-level accuracies 

can be achieved using only one receiver. It implies that error mitigation strategies used are not the 

same as in differential GPS. 

 

Beyond the use of only one receiver, PPP also eliminates the need to deal with the different 

coordinate reference systems and their conversions (i.e.ITRS00, ETRS89, NAD83, ED50, etc…). 

All PPP positions are directly obtained in WGS84, since there is no reference station.  

 

A filter, adjusted to the expected dynamic of the observations, is used to solve an equation system 

containing all the unknowns, such as receiver coordinates, tropospheric delay, receiver clock and 

phase ambiguities [5].   

 

Ionosphere effect is removed in the first-order term by using dual-carrier phase receivers, which 

allow computation using ionosphere free linear combination [6]. 

 

As for differential GPS, multipath can only be reduced by receiver design as the amount of error 

depends on the location of the antenna and its surroundings. 

 

Satellite ephemeris and clock broadcasted in the navigation message are replaced by precise post-

processed orbits and clocks, provided by several scientific services. These services use the huge 

amount of GPS continuous reference stations over the world to compute accurate information 

about ephemeris and clocks. The most important service providing these products is the IGS from 

NASA [7], [8]. 

 

 
Broadcast 

(as reference) 

Ultra-rapid 

(predicted) 

Ultra-rapid 

(computed) 

Rapid 

(computed) 

Final 

(computed) 

Orbits ≈100 cm ≈5 cm ≈3 cm ≈2.5 cm ≈2.5 cm 

Clock ≈5ns (±2.5ns) ≈3ns (±1.5ns) ≈150ps (±50ps) ≈75ps (±25ps) ≈75ps (±20ps) 

Latency Real Time Real Time 3-9 hours 17-41 hours 12-18 days 

Table 2.- Orbit & Clock IGS products 

 

As these products are post-processed, a latency time until they are available is mandatory. 

Accuracy depends on the length of this latency time, as shown in Table 2. 

 

Therefore, to compute GPS trajectography using PPP it is necessary to have the airborne GPS 

observations and the contemporary precise orbits and clocks files. 

 

3 TEST AND METHODOLOGY DESCRIPTION 

 

Two IENA Oberón GPS receivers from Airbus Defence & Space were used to gather 5Hz GPS 

observations. One installed on ground as base station and the other on board as rover. 

 

Flights were mainly performed within 50 km from the reference station, in order to assure quality 

dual-carrier differential solutions [3], [4]. Flights valid for analysis were 10 of 11. 
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The software used to compute all coordinates has been Waypoint Grafnav 8.30 from Novatel, 

which contains both dual-carrier differential and PPP algorithms. 

 

Dual-carrier differential solutions have been taken as absolute true, being PPP solutions 

compared to them. 

 

The data gathered by the reference station have been used to analyze static data, avoiding several 

unknowns associated to movement. Such simplified scenario allows understanding better some 

PPP characteristics, which improve comprehension of what may be going on during dynamic 

tests.  

 

For the static tests, the absolute true position taken has been the one differentially computed after 

6 hours of continuous observation. A CORS located 14 km away were used as precise reference 

point. The precise coordinates for the CORS are certified by the Spanish national geodesy agency 

(IGN). This computed absolute true position has been compared to each epoch
2
 processed using 

PPP following (1),(2) and (3). 

 

Diff_lati = Precise_lat – PPP_lati (1) 

Diff_loni = Precise_lon – PPP_loni (2) 

Diff_alti = Precise_alt – PPP_alti (3) 

Diff_lati = Differential_lati – PPP_lati (4) 

Diff_loni = Differential_loni – PPP_loni (5) 

Diff_alti = Differential_alti – PPP_alti (6) 

 

For the dynamic tests, all flights have been computed using both dual-carrier differential and 

PPP. Afterwards, all common epochs (same flight and GPS time) have been compared following 

equations (4),(5) and (6). 

 

In order to obtain a result as close as possible to a real operation scenario, all dynamic data have 

been included. No filtering of any outranged observation has been performed. 

 

Diff_lat and Diff_lon have been projected to a plain in order to present results in meters instead 

of grads. Projection was computed following equations described in [9]. 

 

4 STATIC RESULTS 

 

The data gathered by the static Airbus Defence & Space reference station during the tests have 

been used to analyze a simplified scenario without movement. PPP has been computed using 

final orbit and clock (see Table 2) from IGS and standard GNSS Waypoint profile. 

 

4.1 PPP Performance 

 

Figure 1 contains static data gathered during all the flights. It shows the difference between the 

precise coordinates and the PPP static data, following the methodology explained in Section 0. 

 

For each flight, differences stay almost constant below 1 centimeter variation. However, there are 

steps of several centimeters between flights. This is an effect originated by the float solution used 

in PPP [10][11], in which phase ambiguities cannot be calculated and must be estimated. In each 

                                                 
2 GPS observation made in a certain GPS time. 
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initialization this estimation varies slightly, affecting the precision. Nevertheless, note that 

differences are always inside the centimeter-level (below 10 cm). 

 

4.2 Converged solution 

 

Due to this float solution a convergence time for the final precision was expected [10]. Though, 

as said in [11], for modern post-processing PPP this effect has been solved. When processing PPP 

using Waypoint 8.30, converged float solution is provided, so no convergence time has been 

encountered. 

 

 
Figure 1.- Precise coordinates minus PPP static 

 

4.3 Appropriate PPP filter selection 

 

Figure 1 has been obtained computing data as what they are: static data. As mentioned in Section 

2.2, PPP uses a filter to estimate several unknowns. This filter depends on a right dynamic 

estimation. Figure 2 shows the same static data processed using dynamic PPP. As it can be 

observed results are totally different. The signal is much noisier, indicating a higher level of 

variance in the measurement. Furthermore, the accuracy is worse in the three variables. 

Especially in altitude, where errors are up to 10 times bigger than in static PPP. 

 

Therefore, it is very important to use a proper dynamic profile in the PPP filter in order to obtain 

an acceptable level of accuracy when post-processing using PPP. 

 

 
Figure 2.- Precise coordinates minus PPP static processed as dynamic 
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5 DYNAMIC RESULTS 

5.1 PPP Performance 

 

Accuracy may probably be the most important parameter, in order to characterize and determine 

the situations where PPP is a useful technique. Results in this section have been obtained using 

Final IGS products (see Section 2.2) and airborne GNSS Waypoint profile. 

 

 Epochs Number 

Dual-carrier differential 436921 

PPP Final 449212 

Coincidences 436200 

Table 3.- Sample size after all flights Final PPP 

 

Dual-carrier post-processing positions are taken as absolute true position and data are analyzed 

according to methodology in Section 0. After combining data of both techniques coming from all 

the flights, 436200 samples are suitable to be compared, as they were taken in the same GPS 

epoch. 

 

 
Figure 3.- Differential minus Final PPP 

 

Figure 3 shows the histograms (100 bins) both for planimetry and altitude errors. Planimetry is 

obtained following (7). Assuming a gaussian distribution for the errors, some statistical data for 

the accuracy can be extracted, as shown in Table 4. 

 

 
 

In general, PPP solution agrees with differential, as 68% of the samples are below 10 centimeters 

error. Being more ambitious, almost all samples (99,7%) lies below 30 centimeters error. 

Nevertheless, 3σ includes positions computed in challenge situations similar to the one described 

in Section 5.3. 
 

5.2 PPP performance using Rapid vs. Final IGS data 

 

As mentioned in Section 2.2, precise orbits and clocks files are key when computing PPP. It was 

also said that there are files of different quality, depending on the time elapsed from data 

gathering to the processing date. 
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Looking at Table 2, it seems there are not big differences in quality between rapid and final 

products. They only differ in the dispersion of the clock drift in an amount of 5 ps. However, 

rapid files are available several days before. If position accuracy penalty is not too big, it could be 

interesting to use rapid files in an operational scenario.  

 

 Planimetry (m) Altitude (m) 

 PPP Final PPP Rapid PPP Final PPP Rapid 

Mean (Accuracy) 0.08 0.26 0.00 0.08 

Deviation 1σ (Precision) 

(68% samples inside) 
0.07 0.24 0.10 0.29 

Deviation 3σ (Precision) 

(99,7% samples inside) 
0.22 0.74 0.32 0.87 

Table 4.- Accuracy statistics for PPP dynamic errors 

 

The same methodology as in Section 5.1 has been followed, in order to get similar results and 

compare them. Results are shown in Table 4 and Figure 4. 

 

 Epochs Number 

Dual-carrier differential 436921 

PPP Rapid 449210 

Coincidences 436198 

Table 5.- Sample size after all flights Rapid PPP 

 

As expected, sample size is almost the same for Final and Rapid PPP, as obtaining a solution 

mainly depends on satellites in view. 

 

 
Figure 4.- Differential minus Rapid PPP 

 

Comparing Figure 4 and Figure 3, it is easy to observe that the precision (differences dispersion) 

degrades a lot when rapid IGS products are used to compute PPP trajectography. Although rapid 

and final products slightly differ in the clock accuracy, this error source has enough weight (see 

Table 1) to penalize the accuracy a lot. 
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Quantitative results are shown in Table 4. It can be seen that the accuracy (differences mean) and 

precision (differences dispersion) is 3 times worse with Rapid PPP than with Final PPP. In fact, 

Rapid PPP numbers are similar to those obtained with code-differential GPS. 

 

A compromise solution, depending on the trajectography requirements, must be taken if Rapid 

PPP is going to be used. In some cases results response time is more important and a sub-meter 

position is enough. Nevertheless, using Final IGS products is advisable.  

 

5.3 PPP inicialization after satellite losses 

 

As it has been seen in Section 4.1 the initialization of PPP affects the accuracy. On the other side, 

PPP needs at least 5 satellites in both GPS frequencies to get a solution, while differential do not. 

During aircraft turns it is fairly normal to lose some satellites. This section analyzes what 

happens after one of these satellite losses. In Figure 5 it can be seen the event analyzed, where 

PPP solution has been lost for 8 seconds, due to satellite looses. It can be observed a jump in the 

error after recovering PPP solution (Figure 6). 

 

In the present-day this solution loss occurs very often during aircraft’s turns when using only the 

GPS constellation. The addition of GLONASS constellation would improve the number of 

satellites, providing a more reliable solution. Waypoint 8.40 already includes this feature, which 

could be very useful. 

 

In the future, it is expected a minor incidence of satellite losses, as more satellites will be 

available with the GALILEO constellation if it is finally fully deployed in 2020 [12]. 

 

On the other hand, many of the losses occur because of the L2 GPS signal, which is quite weak in 

non cryptographic receivers used for flight test. New modernized satellite signals used in GPS 

modernization [13] and GALILEO [14] will be stronger and easier to follow. These more reliable 

signals are expected to minor the incidence of satellite losses. 

 

 
Figure 5.- PPP vs. Differential trajectography 

 

In the meanwhile, using the data and tools available, an action has been taken in order to 

minimize the accuracy step, in case it occurs near a region of interest during the flight. PPP 

algorithm has been manually forced to initialize again after losing the satellites. A reduction in 
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the planimetry and altitude differences can be seen in Figure 6, which means that this is a feasible 

solution to fix losses in regions of special interest of the trajectography. 

 

 
Figure 6.- Differential minus PPP before and after action. 

 

6 AIRBUS DEFENCE & SPACE TYPICAL PPP SCENARIOS 

 

A test requiring precise trajectography over the sea represents a technical challenged scenario, as 

base stations can only be installed hundreds kilometers away. Thus, dual-carrier differential 

performance is quite poor, due to its dependency on the distance to the GPS base station. In such 

scenario, PPP turned up to be a perfect technical solution, according to experience. 

 

Another scenario is a test implying a continuous trajectography for long distances over the land. 

It requires the use of several base stations, which usually represents a logistical and economical 

problem. Airbus Defence & Space uses PPP in order to save time and money in such scenario.  

 

7 CONCLUSIONS 

 

After all the results shown in this document, it is concluded that PPP post-processing is another 

available tool for flight test trajectography, which can be very useful in certain scenarios where 

using a base station is an economical or technical challenge (see Section 6). 

 

Accuracy when using Final PPP is in the centimeter-level, both for planimetry and altitude. 

Precision (accuracy dispersion) is below 10 cm more than 68% of the time (see Section 5.1).  

 

Main disadvantage of the technique is that precise results using final IGS products cannot be 

delivered until around two weeks after the date of the test. 

 

Trying to avoid this latency time, PPP computation using rapid IGS products were studied. 

Regrettably, accuracy does not achieve the levels required in most flight tests (30 cm - 68% 

time).  Anyway, it may be taken into account for some tests, as the results are obtained several 

days before PPP with final IGS products (see Section 5.2). Problems and issues inherent to the 

technology cannot be neglected when using it. 

 

Selecting the appropriate dynamic model (static, ground, airborne, etc…) in the algorithm is 

important in order to achieve an accurate solution when using PPP (see Section 4.3) 
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Satellite obscuration during dynamic tests has an impact in the accuracy, due to the PPP inherent 

initialization dispersion (see Section 4.1). It is expected a reduction in satellite losses by future 

improved GNSS constellations. Nevertheless, a solution method in the meanwhile is proposed 

(see Section 5.3). 

 

Finally, big convergence times until full accuracy achievement where not found with the 

Waypoint software used. 
 

8 REFERENCES 

 
[1] Elliot D. Kaplan, Christopher J. Hegarty, “Understanding GPS: Principles and 

Applications”, Second Edition, 2006. ISBN: 1-58053-894-0. Chapter 7.2. 
[2] Bradford W. Parkinson, James J. Spilker, “Global Positioning System: 

Theory&Applications”, 1996. ISBN: 1-56347-106-X. Chapter 11. 
[3] Elliot D. Kaplan, Christopher J. Hegarty, “Understanding GPS: Principles and 

Applications”, Second Edition, 2006. ISBN: 1-58053-894-0. Chapter 8. 
[4] J. Van Sickle, “GPS for Land Surveyors”, 2001. ISBN: 0-415-29962-4. Chapter 2 and 9. 
[5] GMV company, “PPP fundamentals”, 2011. 

http://www.navipedia.net/index.php/PPP_Fundamentals 

[6] P. Héroux et al, “GPS Carrier-Phase Point Positioning with Precise Orbit Products”, 2000. 
http://plan.geomatics.ucalgary.ca/papers/PDF/0808.PDF  

[7] IGS web site. http://igscb.jpl.nasa.gov 

[8] J. Kouba, “A guide to using IGS products”, 2009. 
http://igscb.jpl.nasa.gov/igscb/resource/pubs/UsingIGSProductsVer21.pdf 

[9] Wikipedia Latitude article. Section “The length of a degree of longitude”. 
http://en.wikipedia.org/wiki/Latitude#The_length_of_a_degree_of_latitude 

[10] O. Ovstedal, N.S. Kjorsvik and J.G.O. Gjevestad, “Surveying using GPS Precise Point 
Positioning”, 2006. Published: XIII FIG Congress. Section 3. 

http://www.fig.net/pub/fig2006/papers/ts43/ts43_03_ovstedal_etal_0612.pdf 

[11] Chris Rizos et al., “Precise Point Positioning: Is the Era of Differential GNSS Positioning 
Drawing to an End?”, 2012. Published: FIG Working week 2012. Section 1, 3.1 and 4.2.. 
http://www.fig.net/pub/fig2012/papers/ts09b/TS09B_rizos_janssen_et_al_5909.pdf 

[12] GALILEO deployment plan (as it is on 01/01/2015) 
http://www.galileoic.org/node/149  

[13] GPS modernized signals 
http://www.gps.gov/systems/gps/modernization/civilsignals/ 

[14] GALILEO signals 
http://ec.europa.eu/enterprise/policies/satnav/galileo/files/galileo-os-sis-icd-issue1-

revision1_en.pdf 

9 ACRONYMS 

 
CORS Continuous Operating Reference Station IGN Instituto Geográfico Nacional 
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ABSTRACT 

The implementation of Integrated Network Enhanced Telemetry (iNET) in telemetry 

applications provides significant enhancements to telemetry operations. Unfortunately such 

networking brings the potential for devastating cyber-attacks and networked telemetry is also 

susceptible to these attacks. This paper demonstrates a worked example of a social engineering 

attack carried out on a test bed network, analyzing the attack process from launch to detection. 

For this demonstration, a penetration-testing tool is used to launch the attack. This attack will be 

monitored to detect its signature using a network monitoring tool, and this signature will then be 

used to create a rule which will trigger an alert in an Intrusion Detection System. This work 

highlights the importance of network security in telemetry applications and is critical to current 

and future telemetry networks as cyber threats are widespread and potentially devastating. 

KEY WORDS 

 

Telemetry, Exploit, Metasploit, Intrusion Detection System (IDS)  

I. INTRODUCTION 

Computers are used in telemetry communication as the brain behind wireless transmission and 

reception of data. They are used to process and store the received data, making them vital to 

telemetry [1]. The telemetry process is valued in being remote and mechanized; therefore, the 

true status of the equipment is not manually monitored. A security breach on a telemetry network 

is especially threatening as the data is collected at inaccessible points and transmitted to 

receiving stations [1]. 

Systems that require external instructions are susceptible to volatile security breaches. The 

attacks performed in our lab show how easy it is to infiltrate a network system that is not 

constantly monitored. Computers are an important part of network systems but are susceptible to 

cyber-attacks and this also puts networked telemetry at risk. As a result, there is a potential for 

cyber-attackers to compromise telemetry networks in a manner similar to the approach shown in 

this paper. With the changes we suggest in this paper, telemetry networks can work towards 

being more secure. 

 



2 
 

II. BACKGROUND 

 

WINETS TEST BED OVERVIEW  

Cybersecurity is one of three major research areas in Morgan State’s Wireless, Networks and 

Security (WiNetS) laboratory. The cybersecurity research unit conducts all of its security-related 

experiments on an isolated local area network connection, also known as a test bed. This is done 

so that cyber-attacks are not accidentally carried out on a live network. The test bed is equipped 

with the necessary tools to explore various cyber security disciplines such as penetration testing, 

vulnerability assessment, intrusion detection and prevention, and network analysis. 

All the computers on the test bed are connected to a central OSI layer-2 switch. This switch is 

configured to enable the computers to communicate efficiently with each other on the network. 

Since the network is isolated, static IP addresses are assigned to the hosts. The test bed has about 

ten computers set up with various software for attacking, detecting, monitoring, and visualizing 

several activities on the network. The main tool used on attack machines is Metasploit, which is 

a penetration testing tool. An intrusion detection system is set up on one of the computers to 

detect attacks on the network. Also, a mail server is configured to allow cyber-attacks such as 

phishing emails and social engineering attacks to be carried out on the test bed. In addition, a 

network packet analyzer is set up to capture network packets and data traffic for analysis 

purposes and a network visualization system is also employed on the test bed. The WiNetS test 

bed is a scalable setup that allows more computers and software to be added as needed. A 

schematic of the test bed in the WiNetS lab is shown in Figure 1. 

 

   Figure 1: WiNetS Lab Test Bed Network 

Three main software products are vital to the work demonstrated in this paper: Metasploit, 

Wireshark, and Snort. Metasploit resides on the attack computer and is a well-known open 

source penetration testing tool. It is a database of many exploits and payloads and also has 
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information gathering and vulnerability assessment capabilities. It is used as the main attack tool 

in this paper. Wireshark is a network analyzer that is used for monitoring and troubleshooting 

networks. It is also open source and very popular in many industries. It captures data packets in 

real time and displays them in a form that makes analysis convenient. It is used to capture and 

analyze the cyber-attack used in this experiment. Finally, Snort is an open source intrusion 

detection tool which processes data on a network and matches it against known attacks. It is 

configured as network-based IDS where it is able to monitor a network and detect intrusions on 

it.  

 

VULNERABILITY AND EXPLOIT 

The vulnerability being exploited in this experiment is the MS10-046 which, according to the 

Common Vulnerabilities and Exposures website, allows local users or remote attackers to 

execute arbitrary code via a crafted .LNK or .PIF shortcut file which is not properly handled 

during icon display in Windows Explorer [2]. This vulnerability arises as a result of the 

mishandling of .LNK files when shortcut icons are displayed. The specific vulnerability lies in 

the Windows Shell component Shell32.dll which is a library responsible for parsing .LNK files 

and their icons. The Shell32.dll uses the LoadLibraryW function which reads the icon library file 

with execute rights and calls a function in the icon library, thus it executes possibly malicious 

code when trying to fetch icon data [3]. Although security updates for this vulnerability exist, 

unpatched versions of Windows XP Service Pack 3, Windows Vista, Windows 7, and some 

versions of Windows server are susceptible to this attack. According to Microsoft Security 

TechCenter, an attacker who successfully exploits this vulnerability could gain the same user 

rights as the local user [4]. This vulnerability is critical and severe in nature and is perfect for this 

experiment.  

 

The exploit used in this experiment is the “Microsoft Windows Shell LNK Code Execution” 

which is a browser-type Metasploit exploit module. It has an “Excellent” rank in Metasploit for 

its reliability in exploitation. The exploit creates a Web Distributed Authoring and Versioning 

(WebDAV) service which allows users to perform remote editing of websites over HTTP or 

HTTPS connections [5]. This service can be used to run a payload when accessed as a UNC path 

[6]. Succinctly, this exploit starts a server and generates a UNC path link pointing to the 

malicious code on the attack computer. The attacker only needs a target to open this link on a 

vulnerable computer and the exploit will occur. 

 

III. PROCEDURE 

 

ATTACK METHODOLOGY 

 

The exploit is first configured in Metasploit by selecting the exploit to be used, in this case 

“MS10-046”. Next, the payload to be delivered is selected. A payload is simply the code that is 

sent to the target computer after exploitation. The payload used in this experiment is a reverse 

connection Meterpreter payload. Meterpreter is a robust feature of Metasploit which gives an 

attacker the ability to control the target computer via terminal-like commands. Meterpreter 

operates via dll injection and thus resides completely in the memory of the remote host (target) 
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and leaves no traces on its hard drive, making it difficult to detect [1].  When the exploit is run, a 

link which contains the attacker’s IP address attached to some random text is generated. This link 

points to the WebDAV service hosted on the attacker’s computer. Because an IP address can 

clearly be seen in the link, it is very unlikely that a target user would click on the link. An easy 

solution is to disguise this link in a hyperlink pointing to a popular or harmless website or just 

plain text as shown in Figure 2 below. In the example below, the link generated by Metasploit is 

disguised as “CLICK HERE” which is less ominous than the initial link. 

 
 

Figure 2: Disguising a Malicious Link Using a Hyperlink 

 

This text is included in an email, requiring the target to click on the link and this scenario is the 

basis of most common social engineering attacks. This type of attack depends on user interaction 

and can trick unsuspecting victims. If a user on the target computer opens the link, a connection 

request is made to the attack computer and the attack computer begins to send malicious code 

almost instantaneously back to the target. After this code is sent, a Meterpreter session is opened 

on the attack computer if the exploit is successful. Meterpreter allows the attacker to run file 

system commands which allow viewing, editing, deleting, uploading, and downloading of files 

on the target computer. The attacker can also execute commands remotely and make various 

system changes to the target computer. The attacker can even cover his/her tracks by clearing 

system event logs. 

 

In a larger scale attack such as an attack on a telemetry network, the attackers’ main focus would 

be to escalate privileges or to pivot to other hosts on the network with more administrative 

access. It is much harder to get to highly protected servers or hosts than it is to hack into 

vulnerable users on the same network. If an attacker can successfully infiltrate a vulnerable 

computer on the network, the whole network is compromised, even if the infiltrated computer 

belongs to a low-level user. A hacker can pivot from this system to other systems with higher 

privileges on the network or on connected networks.  Escalating privileges gives the hacker the 
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ability to perform actions on the system with fewer restrictions and to run applications and 

perform operations that have a bigger impact on the system [7].  

 

PACKET LEVEL ANALYSIS OF ATTACK 

This section of the paper focuses on the analysis of this cyber-attack by examining the data 

generated by the attack at the packet level. The network monitoring tool, Wireshark, is used to 

monitor and capture the data from the attack. The data stream begins with a TCP three-way 

handshake between the target and the attack computer, initiated by the target computer. This 

handshake occurs as soon as the target user clicks on the emailed link generated by Metasploit. 

The following packets show the target user requesting to connect to the shared path which is the 

address on the link hosted on the attack computer. After this request is authenticated, the target 

computer then sends another request to access the content located at the address which it 

supposes to be a shortcut icon but is in fact exploit code. This is shown in packets 117 and 121 in 

Figure 3 below. The attack computer then sends the exploit code (packets 122,123, and 125) and 

finally the payload (Meterpreter) to the target computer (packets 135 and beyond). At this point, 

the attacker has complete control over the target computer. 

 

 

Figure 3: Wireshark Capture Showing Attack Details 

 

It should be noted that it takes about one second from the time the link is clicked to the time the 

exploit is completed and another four seconds for the Meterpreter shell to be opened on the 

attack computer. This portion of the experiment is necessary because the signature of the attack 

can be obtained from this analysis as will be shown in the next section of this paper, 
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DETECTION OF ATTACK 

 The analysis of the attack as shown above yields important information that can be used to 

detect the attack. This is done using Snort, the Intrusion Detection System (IDS) used in this 

experiment. To detect the attack, a signature-based rule must be written in the Snort rules file, 

and this rule would have to match a portion of the data contained in the attack. The rule has to be 

as specific as possible to eliminate false positives and still detect this attack. On examining the 

attack data, specifically the portion of the data containing the exploit, certain keywords can be 

extracted and used to write a rule. The keywords extracted are “lnk” and “dav” which are shown 

in the data stream in Figure 4 below 

 

 
   

Figure 4: Highlighted Keywords Used in Creating IDS Rule 

 

The “lnk” keyword represents the vulnerability being exploited in this attack. Even if the attacker 

changes the exploit code, the vulnerability being exploited is still present so it makes sense to 

trigger an alert based on the vulnerability. On the other hand, the “dav” keyword represents the 

WebDAV service mentioned above which hosts the exploit and payload on the attack machine. 

This server is a core component of this Metasploit attack and is accessed when the target user 

clicks on the emailed link. Having both of these words in the same packet is very unlikely to 

occur during normal internet traffic, therefore allowing Snort to match these two words is a 

logical way to detect the attack. It should be noted that any part of the data from the attack, 

malicious or not, can be written to a rule and would also trigger an alert. However, if the rule is 

not properly written, it can result in a lot of false positives or even worse, a false negative. The 

rule written to detect this attack is shown in Figure 5. The two words used to match the exploit 

data are written in hexadecimal form, which is obtained from Wireshark and is highlighted in 

Figure 5 also. This rule successfully detected the cyber-attack and this is shown at the bottom of 

Figure 6. 

 

 
 

Figure 5: Snort Rue Used to Detect Attack 
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Figure 6: Snapshot of Snort in Operation Showing Detected Attack 

 

This method of detecting cyber-attacks involves prior knowledge of the signature of the attack 

and is very common in the cybersecurity industry. Another method of detecting intrusions is by 

using an anomaly-based intrusion detection system.  According to Bhuyan et al. [8], anomaly-

based intrusion detection in networks refers to the problem of finding exceptional patterns in 

network traffic that do not conform to the expected normal behavior. This system works by 

determining what “normal” network behavior is, then comparing live traffic to this baseline to 

check for deviations. Both methods of intrusion detection have their own advantages over the 

other, but generally, most IDS use either signature-based, anomaly-based, or a combination of 

both systems. 

 

 

IV. CONCLUSION 

Networked telemetry undoubtedly provides improvements to current telemetry operations, but it 

also opens the door to possibly a major drawback of all computer networks. Cyber-attacks are 

prevalent in today’s society and there is increasing consciousness across all industries to combat 

this menace. This paper demonstrated by example the vulnerability of future networked 

telemetry to cyber-attacks. Computers are an inevitable part of network systems and as a result 

an entire telemetry network system can be potentially compromised by a cyber-attack. This 

provides motivation for development by the telemetry community for cyber security 

architectures [9] and for modeling and planning for risk management [10] to mitigate the effects. 
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ABSTRACT 

 

This paper develops a method for analyzing, modeling and simulating cyber threats in a networked 

telemetry environment as part of a risk management model. The paper includes an approach for 

incorporating a Monte Carlo computer simulation of this modeling with sample results.  

 

Keywords: Risk Management, Cyber-attack and Monte Carlo simulation 

 

1 INTRODUCTION 

 

It is difficult to overstate the risks of cyber security attacks on government and business interests 

of this country. Reports of hacker break-ins at major institutions appear in the media every day 

[1]. Technical and management resources are pouring into this problem but there is little hope of 

a strategic solution in the foreseeable future. Experts in the field have come to realize that some 

technical “silver bullet” will not emerge. Rather, there is an increasing need to manage the residual 

risk of IT networks. Figure 1 illustrates this dilemma. The Venn diagram shows the space of current 

vulnerabilities in IT networks along with the space of known defenses. It is well understood that 

the state of both the vulnerabilities and the defenses are changing with time. 
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     Good defense solutions are available for most well documented attacks of the past. New or 

recently developed attacks such as Day Zero attacks [1] represent a continuing risk to well 

managed IT systems. This points to the need for management of residual risk. NIST guidelines on 

Risk management represent some of the best strategies for doing this. These models do not 

however provide quantitative measures by which enterprises can assess, plan, or manage risk. This 

paper shows a model that has the potential to address these issues. 

 

 

2 CYBER SECURITY RISK MODELS 

 

The complexity of risk management requires a variety of tools and models necessary to support 

technical and risk decisions for an IT network. Three such models are presented here which include 

Process Models, Analytical Models and Simulations.  

     Process Models [2, 3] as developed by ICASA and NIST are needed for enterprises to organize 

and develop risk strategies. Such models script the activities and events needed to assess, plan and 

manage risk.  

     Analytical Models abstract the response of the IT network to attacks and develop analytical 

measures that would forecast the behavior of networks based on mathematical representations of 

the system behavior.  

     Simulations are analytical models that have been transformed into functioning modules that can 

be adapted to represent a wide variety of possible scenarios with results that can be observed and 

analyzed. 

Vulnerability Defenses 

Residual 
 Risk 

 
Figure 1:  The Risk Space 
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     All three of these models are needed for risk analysis but the Process Model is the only validated 

and widely available model. This paper develops the analytical model for an IT system under 

attack and shows the results of simulations that reflect the analytical model. The value of these 

models is potentially significant. Such models allow the enterprise owners the opportunity to 

model their systems and create “what-if” scenarios. These evaluations might illuminate current 

risks in the system, enable an investment strategy for reducing the risk posture of the enterprise, 

or develop performance measures that would drive risk to acceptable levels. 

 

 

3 GENERAL FRAMEWORK 

 

A general model for the cyber risk of an IT network has been developed as shown in figure 2. This 

model follows from NIST [4] and others. 

 

 

     Adversaries launch multiple attacks against a target network which have a set of known or 

potential vulnerabilities. A subset of these attacks are detected and removed while others are 

successful in penetrating the system to achieve harm to the enterprise. A layer of controls are 

available to manage and remove these penetrated attacks. A residual of effects are applied against 

the assets and functions of the enterprise which results in risk. Risk is the expected cost associated 

with operating your system in the presence of attacks. Risk costs can be tangible (loss of business) 

and express in dollars, or intangible (loss of reputation) which can also be translated into dollars. 

Much of today’s emphasis in cyber risk management is related to reduction of vulnerability with 

technologies such as firewalls, virus scanners, and intrusion detection systems shown here as 

weaknesses and detection. Less attention is paid to the controls in a cyber-system which includes 

technology but also policies and practices that address the removal of the attack and the recovery 

Adversaries Vulnerability Controls Impact 

Weakness 

& 

Detection 
 

Penetration 

Assets 

& 

Functions 

Risk 

Attacks 

 

Figure 2: Risk Model for a Cyber System 
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of the system. Both the vulnerability and the controls components in this model have response 

times for dealing with attacks and penetration which are critical to the overall reduction of risk. 

These elements are captured in an analytical model as parameters in a stochastic system which 

drives the risk of the enterprise. 

 

4 MODEL ELEMENTS  

 

Attack Model: 

The attack model can be modeled as a random process of arrival with a Poisson probability density 

function (pdf). This function is commonly used for a variety of arrival applications including cyber 

attacks. The probability of k occurrences of attack (i) during any specified interval of time can be 

expressed as: 

Pa (k) = ikei/k!                                                     (1) 

Where i is the average arrival rate of k attacks (i) and k = 0, 1, 2, 3… ∞ in some interval T. 

The probability that an attack is present, PA, can be expressed as the probability of one or more 

attacks 

∞

PA =∑Pa (k)                                      (2) 

k = 1 

Vulnerability: 

The success of an attack depends on the presence of a vulnerability and the ability to avoid 

detection. Assuming a vulnerability is present, success then depends on the ability of a detection 

mechanism to deter the attack. This depends on the time available to for detection. An exponential 

pdf is a good fit here where 

Pd = e -         

Whererepresents the average time for detection, and the conditional probability of a successful 

Psa attack in time T is: 

Psa/attack = 1 – e-                                                (4) 

If the attack is detected or the time to detect is small, Psa is near zero, whereas, if the Time to 

detect is large, Psa approaches 1. This is applied to each of the attacks (i). The model assumes that 

some subset of attacks are successful over time and have penetrated the system. 

Controls: 



 
 

5 
 

Security controls represent an independent mechanism which addresses the management of the 

system in the presence of penetrations. These are a second layer of defenses that protect the system 

in the presence of a penetration. These include technology components such as software integrity 

tests, as well as policies and practices, such as the reporting and review of anomalous behavior by 

security managers. While these penetrations and controls are different, they can be modeled in a 

fashion similar to attack detection shown above. The success of a penetration depends on the time 

it takes for security controls to detect and remove a penetration. The exponential pdf is a good 

choice to model this as is reflects success probabilities over a wide range of times for as: 

Ppd = e -        

Where represents the average time it takes to control a penetration and the probability of success 

of the penetration at time T is  

Psp = 1 – e-                                                       (6) 

This reflects a zero probability if the penetration is controlled immediately and a probability that 

approaches 1 as time grow larger. 

Impact: 

The impact of a successful penetration may lead to several effects. Tangible and intangible assets 

are at risk. Penetration in to a banking system might lead to the direct loss of money. The hack 

into the Target Corp had intangible effects, the loss of personal information and credit card data. 

While intangible, these effects cost Target hundreds of millions of dollars due to reputation loss. 

For the purpose of this model it is assumed that the impact of the penetration is tangible loss limited 

by the net worth ($NW) of the enterprise. The extent of the loss for an attack (i) is assumed to be 

proportional to the total penetration time Tp which exponentially approaches the $NW as: 

Lossi(T) = 1 – e-p
$NW                               (7) 

Where represents the time constant for dissipation of assets from the enterprise. 

Risk: 

Risk can be measured as an aggregation of costs and their associated probabilities. In a multi-

attack environment the aggregate risk can be expressed as: 

Risk = ∑iPsp(i) Lossi (T)                             (8) 
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This can be express from equations 1, 2, 4,6 and 7 above as 

Risk = ∑i  (∑i  (ikei/k!)) (1 – e-)(1 – e-) 1 – e-p
$NW                         (9) 

This expression depends on an ability to estimate the parameters associated with each element of 

the model. In a real enterprise much of this data can be estimated from detection and monitoring 

devices in the enterprise. Simplifying assumptions might be necessary to get numerical results. 

This expression has value in that the values and the time constants represent risk performance 

measures and your management can drive or monitor your enterprise risk with these values. 

 

 

5 SIMULATION 

 

A Matlab Monte Carlo simulation was accomplished and tested for several scenarios. The 

experiments were directed at comparing risk as a function of the emphasis on the detection versus 

control in the system. For simplicity a single attack type was assumed. With the i fixed for attack 

arrival and cost, the andare varied for 4 different strategies: 

 Small emphasis (10%) on both detection ( and control( 

 High emphasis (50%) on detection only 

 High emphasis (50%) on control only 

 Balanced emphasis (35%) each on detection and control 

     These experiments presumed that the emphasis on any feature was driven by limited resources 

and, that improvement saturated at some point. Emphasis was increased by increasing the values 

of and/or. 

     Figures 3,4,5,6 each show plots of attacks, detections, penetrations, controls and cost 

consequences with the different strategies. Note the first subplot shows events that correspond to 

the presence of an attack on the system. The second subplot shows a subset of successful 

detection/removal for a corresponding attack. The third subplot shows the residual attacks that 

penetrate the system and the fourth subplot shows a subset of controls that remove a corresponding 

penetration. Finally the fifth subplot shows an accumulating cost associated with each successful 

penetration with an accumulated risk of .4 normalized to $NW. 
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Figure 3: Case one, No Emphasis 

 

     The second experiment provided an enhanced emphasis on detection. In Figure 4 one can see 

the dramatic reduction in penetrations when detection efficiency is improved. Note that the 

accumulated risk falls to about .2. 

 

 

Figure 4: Case two, Emphasize Detection 

 

     In case 3 the experiment was varied to add emphasis on the Control element only. Figure 5 

shows a significant improvement in the penetrations that are removed in the system with an 

accumulated cost of about .2. 

 

Figure 5: Case three: Emphasis on Control 
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     The final experiment was a balanced improvement on both detection and control features. 

Figure 5 shows improved removal of attacks in both the detection and control elements of the 

simulation with an aggregate risk of about .08. 

 

 

Figure 6: Case four: Balanced Emphasis on Detection and Control 

 

     Comparing the results of the risk (cost) of the four experiments is instructive, Figure 7 depicts 

the cost for each trail with the different strategies. It is clear that the balanced approach to detection 

and control is the lowest risk and most effective strategy. This confirms what many security experts 

predict in the risk management of systems. It also suggests that this model could be successfully 

expanded to a variety of other experiments to assess different strategies for risk management. 

 

 

Figure 7: Comparing cost for all four cases  
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6 ANALYSIS 

 

Adversaries can penetrate a system when the system either doesn’t recognize the attack or is unable 

to control it. In case one, as figure 3 shows, between time 0 and 100 there are several attacks but 

because the system detected just some of them, the remainder penetrate the system and few 

controls are effective, and so the costs are shown to increase.  

     In case two, as in figure 4, we emphasize detection. Notice that the detection of attacks are 

significantly increased. However several attacks still penetrate, and with weaker controls the cost 

increases buts is less than in case one. In case three, as shown in figure 5, we add an emphasis on 

control. Note that between times 600 -700, there are numerous attacks and the detection is limited 

and therefore we have numerous penetrations. In this case the controls are enhanced and many of 

the penetrations are reduced with an overall reduction in cost compared to case one. 

In case 4, as shown in figure 6, we balance the emphasis on both detection and control which 

achieve the overall best results. Note that in the timeframe 0-700 there are no successful attacks 

and the cost is zero. In the timeframe 700-800, there is just one successful attack with minimal 

cost. Finally in timeframe 800-1000 there are four successful attacks but with an overall cost much 

better than cases one, two and three. 

    As noted early in this paper changing emphasis on cyber control or detection has to be 

considered. We demonstrate that the balanced emphasis between detection and control elements 

in the system provide the best overall performance. The paper showed how, by analysis and 

simulation, risk could be managed to reach the lowest cost. 

 

7 CONCLUSION 

 

Future networked telemetry systems will require significant attention to cyber security attacks and 

risk assessments that are part of their deployment. A framework for Risk management is 

demonstrated which points to three models for assessing, planning, and managing risk. While good 

process models exist, analytical models and simulations do not. An analytical model for Risk is 

developed and a simulation of that model is presented. Results from the risk simulation are 

presented. These results show how parameters in the simulation that characterize the probabilities 

in the model can be varied to assess risk in a network. The specific example showed experiments 
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where emphasis was placed alternately on detection of attacks and the control of attacks. The 

results show that a balanced approach to these features results in the lowest risk. This agrees with 

the prevailing wisdom on the cyber security community and points to the potential of these tools 

to be developed and used for future cyber security risk management. 

 

 

8 FUTURE WORK 

 

This paper presented a framework for managing risk based on analytical models and simulations. 

While results presented are encouraging, there are a host of simplifying assumptions made to 

accomplish this work. The probability distributions and parameters were assumed and these 

features need verification. There is a wealth of data on attacks that are published and it is expected 

that this would be tedious but straightforward. There would also need to be parameters which 

would characterize future new attacks. The parameters and results of this model should also be 

mapped into some real networks to demonstrate that the behavior and the estimated risks are 

sufficiently reliable. 
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ABSTRACT 

MIT Lincoln Laboratory has developed a Software 

Defined Radio based architecture for the Reagan Test Site 

Telemetry Modernization (RTM) program, which will 

enhance the current operations of the ground based 

telemetry systems and enable new modes of operation.  

There are three main objectives of the RTM program; 

increasing overall system performance, improving reliability 

and maintainability, and enabling future customer needs. 

RTM provides a fully integrated system that can be 

configured and remotely controlled from a single location. 

This centralized command and control provides a way to 

automate certain functions and frees up operator resources, 

especially for more complex mission scenarios. 

Software modules, running on general-purpose computers 

perform signal and data processing that have been 

traditionally performed in special purpose hardware based 

components.  This provides the flexibility to scale and adapt 

to future needs, such as spectrum change, increased need for 

capacity, and changes to modulation, encoding, and 

compression.  

Index Terms - Software Defined Radio (SDR), Open 

systems architecture, telemetry receiver architecture, 

Aeronautical Mobile Telemetry (AMT) 

 

1.   INTRODUCTION 

The basic challenges present for today’s telemetry 

systems have not changed significantly from challenges 

faced in the past. First, the demand for frequency spectrum 

continues to grow at the same time that available spectrum 

for telemetry purposes decreases. Increasingly complex tests 

are being executed with more sensors and higher throughput 

links on test platforms and are quickly using up available 

spectrum. The national need in the commercial sector with 

emerging technologies such as 5G is pushing for spectrum 

reallocation. A system design that is frequency agile and 

agnostic could adapt to these changes while being 

minimally impacted by a future change in spectrum 

assignment or modulation schemes and would save time and 

money during the transition. [1] 

Software-defined radio is a radio communication system 

where components that have been typically implemented in 

hardware (e.g. mixers, filters, amplifiers, modulators, 

demodulators, detectors, etc.) are instead implemented by 

means of software on a personal computer or embedded 

system [2]. The SDR architecture of the Modernized 

Telemetry system replaces much of the traditional 

specialized hardware with commodity hardware and 

configurable software modules that perform the telemetry 

processing functions. This also reduces the amount of 

frequency specific hardware and helps to reduce the amount 

of hardware impacted by any possible future spectrum 

realignments. 

 

2.  MODERNIZED ARCHITECTURE 

The modernized Telemetry system is based on an open 

system architecture and distributed system approach. 

Commercial off the shelf (COTS) Receiver modules are 

used to perform the RF down conversion, wide band tuning, 

digitization, narrow band channelization, filtering, and 

resampling functions. Commodity servers running on 

standard Operating Systems are used to perform processing, 

recording and data routing functions. Software Defined 

Radio processing techniques are used to perform signal 

processing such as combining, demodulation, bit recovery 

and decommutation. Signal processing algorithms written in 

modern software languages are used to perform the 

traditional telemetry function, but can be easily tailored to 

enable rapid transition to new mission requirements.  

Since the system is network based, it performs as a true 

distributed system as illustrated in Figure 1. The receiver 

subsystems can be located at the antenna sites, the signal 

processing can be performed in a centralized processing 

center, and the command, control and display functions can 

be performed from a remote Operations center. Authorized 

users and maintainers can access the system from any 

location on the wide area network and mission displays and 

data products can be sent to remote customers over the 

network using protocols such as TM over IP (TMoIP).  
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Figure 1 – RTM Distributed System Simplified Block Diagram 

 

In addition, most command, control and configuration 

tasks can now be automated. Mission configurations can be 

developed, stored in a centralized database, and later 

recalled without the need for traditional patch panels and 

equipment front panel settings. 

2.1. Open Systems Architecture 

An Open Systems Architecture (OSA) is one in which all 

of the interfaces are fully defined, available to the public, 

and maintained according to a group consensus. One 

approach to achieve this is to use modular hardware and 

software and to buy commercial, off-the-shelf and 

commodity hardware. Benefits of an OSA include providing 

easy access to the latest technological advances in both 

hardware and software, enabling net-centric operations, and 

allowing a flexible design that can easily change as the 

needs of customers may change. [1] 

To maximize flexibility of the RTM system and to 

leverage the significant advances in modern computing 

hardware much of the radio functionality traditionally done 

in special purpose hardware (e.g., combining, demodulation, 

synchronization) is implemented in software. The 

processing software uses the Real-Time Open Systems 

Architecture (ROSA) II [3][4] an open systems software 

framework which provides a high performance 

communications infrastructure that is both hardware and 

operating system agnostic. This framework enables 

modularity in the code, empowering the system developer 

and maintainer to focus on the details of the algorithm 

implementation. 

The Lincoln Laboratory developed ROSA II is a 

component based architecture designed for implementing 

real-time sensor systems. The ROSA II architecture allows a 

given system to be either distributed across a set of 

processors, computers, or run on a single processor, 

depending on the needs of that system. [4]  

A key aspect of ROSA II is a focus on decomposition and 

interfaces, which provides maximum flexibility in 

developing and maintaining a system. This decomposition 

provides loosely coupled operational subsystem components 

that, when tied together using well-defined interfaces form a 

complete sensor processing and control system. Building 

blocks can be easily added or modified to allow new 

technology insertion, with minimal impact on the other 

elements of the sensor system. More importantly, existing 

building blocks can be shared and used to create new sensor 

systems or to modernize existing systems. [5] 

The underlying concepts of ROSA II are applicable to all 

types of sensor systems, and have been successfully 

implemented for both radar and optic sensor upgrades at 

RTS and on other sensors systems around the world. 

 

3.  FRONT END PROCESSING  

The RTM Front End for each Telemetry Antenna is 

composed of a receiver subsystem which includes COTS 

Receiver modules and a Front End Server. The antenna feed 

provides two radio frequency (RF) outputs that provide 

right-hand circular polarization (RCP) and left-hand circular 

polarization (LCP) signals. These signals are amplified by 

low noise amplifiers to ensure a good signal-to-noise ratio 

(SNR). The output from the low noise amplifiers are 

connected to a wideband receiver subsystem which consists 

of four identical receiver modules as shown in Figure 2.  

 

Figure 2 – RTM Receiver Block Diagram (1 of 4 identical units per 

antenna) 
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Each receiver module has a pair of wideband tuners 

whose center frequency can be individually tuned across a 

broad RF spectrum (0.1 to 6000 MHz) and are each capable 

of capturing a 60 MHz wide band. The tuner then block 

converts an entire segment of the band to a common IF. A 

16 bit A/D converter samples the tuner block converted 

output at 250 Msps. One tuner and A/D converter in each 

module is dedicated to process the right-hand circular 

polarization and the other is used to process the left-hand 

circular polarization signals. In this configuration the 

modernized Front End can support an instantaneous 

bandwidth of up to 240 MHz. [6] 

The digitized signal from the A/D converters are then sent 

to an on-board FPGA which further down converts and 

filters each individual telemetry signal within that 80 MHz 

band using Digital Down Conversion (DDC) techniques. 

The DDC’s are fully configurable as to their center 

frequency within the 60 MHz band, bandwidth, sample rate 

and additional filtering parameters to match the anticipated 

telemetry link specifications. An arbitrary re-sampler block 

in the FPGA converts the data rate into an integer multiple 

of the bit-rate of the signal for use in the demodulator. 

These parameters are derived from a central configuration 

database, but can also be adjusted by the system user. 

The data interface within each receiver module then 

transfers each re-sampled data stream into the memory 

space of the Front End Server by means of Direct Memory 

Access (DMA) where it is formatted and recorded. The 

Front End recording is done in a raw binary data format and 

used primarily for mission assurance purposes. In the event 

of a network dropout the raw data could be recovered and 

post processed later. The Front End Server also sends 

selected data stream across a high speed network link to the 

centralized telemetry processing center where it is made 

available to any number of back end processing servers for 

signal processing.  

 

4.  BACK END SIGNAL PROCESSING 

The RTM Back End servers perform the traditional 

Telemetry functions such as Combining, Pre-D Recording, 

Demodulation, Bit Synchronization, Post-D recording, and 

Decommutation in software. The Back End server can host 

several processing chains each representing one Telemetry 

link.  

 

Figure 3 – Back End Signal Processing Chain 

 

The Back End server also formats the output data into 

protocols such as TMoIP packets to provide decommutated 

data and displays to both local and remote customers over 

the Wide Area Network. 

As all data is network based, the connections between 

Receiver Front End and the Back End Processing servers are 

done via network routing which fully eliminates patch 

panels. Signal assignments, which mate a particular data 

stream from a particular Front End Server at the Antenna 

Facility to a particular processing chain in one or more of 

the Back End Servers located at the Processing Center, are 

fully configurable and stored in the central database. 

4.1.  Polarization Combiner 

The first stage in the back end processing chain is the 

Polarization Combiner which combines the right and left-

hand circular polarization data streams and produces a 

combined data stream of digital complex samples at 

baseband.  This process also compensates for any non 

uniformity or drifting frequency differences between the LC 

and RC channels.   

The polarization combiner is implemented using blind 

channel estimation subspace methods similar to the 

approach described in [7].  The receiver modules share a 

common local oscillator (LO) so frequency and time 

compensation is not necessary when combining signals 

from a single aperture with the same receiver. 

4.2.  Demodulation / Bit Synchronization 

The system is designed to demodulate Advanced Range 

Telemetry (ARTM) Tier 0 (PCM/FM), Tier I (SOQPSK-

TG), and Tier II (Multi-h CPM) waveforms [8] but other 

advanced modulation schemes could be supported by 

including additional processing blocks.  

In the modernized system, the demodulation and bit-

synchronization are performed as a single function.  A 

multiple-bit trellis detection algorithm [9] is used in 

conjunction with bit synchronization using an early late gate 

time offset tracker.  

4.3. Decommutation 

The decommutator is implemented as an integrated 

software component in the SDR framework.  It is 

responsible for data extraction from the incoming bit stream 

and ensuring that all telemetered data is available for the 

required external interfaces. All configuration data is stored 

in a centralized database in the form of “mission decks” 

which can be recalled and modified to support similar 

mission scenarios. 

4.4.   Data Recording 

With the architecture of the network and software 

framework, the data are available at any point in the 

processing chain for recording. Raw data from the Front 
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End servers can be reprocessed or used for mission training 

and simulation. The traditional Pre-D and Post-D recording 

formats can be selected in real time, and the recorded data 

can be reformatted into special customer defined recording 

formats post-mission.  

4.5.  Remote Control and Centralized Configuration 

Due to the distributed architecture of the modernized 

system, Control and Displays can be hosted at any location 

on the network. User displays can be tailored for their 

intended use. For example calibrations and monitoring 

displays for the calibration technicians and maintainers, 

displays which show data quality and detailed system 

metrics for the Telemetry Engineers, and specialized 

mission level displays for mission operators. The RTM 

system can be controlled from the RTS Operations Control 

Center in Huntsville, AL. 

Configuration of the system can be changed on the fly via 

software.  A construction of the software radio chains can be 

specified via a configuration display and saved or loaded 

prior to an operation.  Modules are arranged in a flow graph 

based description that specifies link parameters, component 

communication information, and which machine(s) to run 

the software on.  An operator can recall that configuration at 

any point, reducing the possibility of errors. 

 

5.  NEW CAPABILITIES 

As the number of telemetry links grow and the bandwidth 

requirements increase for complex Aeronautical Mobile 

Telemetry (AMT) missions more reliable and robust links 

are needed. A robust link operating in co-channel 

interference could go a long way toward alleviating the 

shortage of available bandwidth. In addition, hypersonic and 

autonomous vehicles present challenges that can be 

mitigated through a more reliable link, particularly when the 

signal is experiencing multi-path fading.  

The open and distributed nature of the RTM architecture 

enables new capabilities. One example of new capabilities 

enabled by the RTM architecture is multi-antenna 

combining prior to demodulation. The combined signal is 

guaranteed to improve upon the performance of any single 

antenna and provide reliable link reception even in the 

presence of interference and multi-path fading. [7] 

Since the raw data outputs of each antenna site are 

available at the centralized processing center, the combined 

signal from multiple antennas may be computed as a time 

varying weighted sum of digital I and Q samples from 

multiple and spatially diverse antennas to produce a multi-

aperture product. Instead of just determining the best 

antenna source to use, the products of multiple antennas can 

produce a “better than best” choice. 

 

Figure 4 – Multiple Aperture Combining 
 

6.  NEW MISSION AREA SUPPORT 

The entire sensor suite at the Reagan Test Site, which 

includes high precision radar, optics and now modernized 

Telemetry sensors are based on a common Command and 

Control architecture which allows these sensor types to be 

used in concert in locating and tracking targets of interest. 

Since each of these sensor types can produce and share their 

data products in a common format in real time over a wide 

area network, this data can then be fused to produce a 

“super-set” data product. The strong points of each sensor 

type can be leveraged, such as the accurate range resolution 

of a radar sensor, the accurate angle information derived 

from an optics sensor and now the emitted RF signature of 

the target of interest from the telemetry system. [10] 

 

Figure 5 – Multi-Sensor Fusion for Enhanced Target Identification 

Telemetry ground stations spread over geographically 

diverse areas are well suited for use in passively locating the 

source of a distant transmitted signal using the time-

difference of arrival (TDOA) and frequency-difference of 

arrival (FDOA) techniques. [11] By incorporating the 

received data from multiple receive sites, the accuracy of 

these passive localization techniques can compete with the 

accuracy of radars. As the data products of the modernized 

telemetry system are time stamped using GPS and available 

on a wide area network, the outputs of each receiving station 
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can be gathered, time aligned and processed in near real 

time to determine the physical position of the emitter. 

 

Figure 6 – Passive Emitter Geolocation using TDOA and FDOA 
Techniques 

 

7.  SUMMARY 

The modernized telemetry systems as described 

incorporates state-of-the-art Software Defined Radio and 

Digital Signal Processing technologies which provides a 

fully configurable system architecture to ensure the Range 

capabilities remains viable during the evolution of telemetry 

frequency spectrum allocations and emerging customer 

requirements, and position RTS to efficiently maintain and 

remotely operate ground based telemetry systems from 

CONUS. 
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ABSTRACT 
 
The Army Research Laboratories has developed a PCM/FM telemetry receiver using a low-cost 
commercial software-defined radio (SDR).  Whereas traditional radio systems are implemented 
in hardware, much of the functionality of software-defined radios is defined in software.  This 
gives them the flexibility to accommodate military telemetry standards as well as other 
specialized functions.  After a brief review of telecommunication theory, this paper describes the 
receiver implementation on a commercial SDR platform.  Data rates up to 10 Mbs were obtained 
through the customization the SDR’s field programmable gate array. 
 

KEY WORDS 
 
Software-defined radio, FM receiver 
 
 

INTRODUCTION 
 
The Army Research Laboratories (ARL) has decades of experience using telemetry systems to 
transmit sensor data during flight tests for post-processing and analysis.  Unfortunately, much of 
ARL’s telemetry equipment is now antiquated and deteriorating.  New telemetry equipment, 
purchased at great cost over a year ago, is still not working properly.  In addition, there are 
frequently custom applications that standard equipment cannot support, such as real-time 
decoding of GPS (global positioning system) messages and AES (Advanced Encryption 
Standard) encryption.  Furthermore, data requirements continue to increase as systems become 
more complex.  New vision-based navigation systems demand data rates beyond those supported 
by standard telemetry systems.  With the proliferation of wireless communication, it would seem 
that an inexpensive commercial radio solution could be found.  This solution remains elusive, 
however, due to the specialized requirements of military testing. 
 
These problems lead ARL to develop a software-defined radio (SDR) telemetry solution. 
Whereas traditional radio systems were implemented in hardware, much of the functionality of 
software-defined radios is defined in software.  This makes them a highly versatile platform that 
can support military telemetry standards as well as research into new telemetry schemes.  As 
technology advances, SDRs will become faster, smaller, more power efficient, and less 
expensive.  Already, system-on-chip technology is incorporating multiple SDR components into 
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a single integrated circuit (IC).  This makes SDR not only a platform for receivers, but also a 
practical option for higher volume telemetry transmitters.  Due to the versatile nature of SDR, 
telemetry research can be adapted to other RF (radio frequency) applications, such as two-way 
communications, GPS, radar, anti-jamming, and IED (improvised explosive device) counter-
measure development. 
 
This paper presents initial research developing an SDR telemetry receiver suitable for our current 
FM/PCM S-band transmitters, which employ BFSK (binary frequency shift key) modulation.  
Receiver theory, consisting of an overview of BFSK communication and bit synchronization, is 
reviewed first.  Next, two SDR receiver implementations are presented.  The first uses a SDR to 
acquire I/Q (Inphase/Quadrature) data and a LabVIEW program on a host computer to 
implement the BFSK receiver.  This design worked successfully, but was too slow for typical 
ARL applications.  The second design moved the radio algorithms to the SDR’s onboard FPGA 
(field programmable gate array). This resulted in increased performance supporting data rates up 
to 10 Mbs (megabits per second).  Finally, various additional features are presented as well 
improvements planned for the future. 
 

BFSK I/Q MODULATION 
 
In wireless communications, information is transmitted by using a modulation signal to vary a 
high-frequency carrier signal.   Given a sinusoidal carrier of frequency �� , information can be 
encoded by modulating the amplitude (����), frequency (����), or phase (����). 
 ���� 	 ����cos	�2���� � ����� � �����      (1) 
 
This modulation can be reformulated in terms of I/Q data applied to a carrier signal (cosine) and 
a 90° shifted version of the carrier (sine) to produce the desired amplitude, frequency, and phase 
changes. 
 �������	�2���_� � ����	� � ����� 	 ���� cos�2����� � ���� sin�2�����      (2) 

The modulation is formatted in this manner because the RF (radio frequency) transmitter 
hardware outlined in the left side of Figure 1 is relatively simple to implement.   
 

 

 
After the modulated signal is transmitted, it is received and demodulated to extract the encoded 
information.  A block diagram of an I/Q demodulator is shown on the right side of Figure 1.  The 
incoming RF signal is multiplied by I/Q sinusoids to produce ����� and �����.  These signals, 

Figure 1.  I/Q modulator and demodulator 
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simplified using double angle formulas, contain the baseband I/Q data with additional signals at 
twice the carrier frequency. 
 ����� 	 ���� � ��������4����� � ����sin	�4�����  (3) ����� 	 ���� � ������ �4����� � ���� cos�4�����  (4) 

Filtering out these higher frequencies using a low pass filter restores the original data.  Real 
modulation and demodulation hardware may make use of intermediate frequencies (IF) in the 
conversion process, but the basic theory remains the same. 
 
BFSK is a modulation technique that uses the frequency of a carrier signal to encode 
information.  Binary symbols 1 and 0 correspond to a frequency deviation of ��!  and ��! 
respectively. �"��� 	 cos�2����� � �!��      (5) �#��� 	 cos�2����� � �!��      (6) 

Using the angle sum identity and the fact that cosine and sine are even and odd functions 
respectively,  �"��� and �#��� can be rewritten in the I/Q format from Equation 2 with I and Q 
defined as 
 �"��� 	 cos��2��!��, �"��� 	 sin��2��!��  (7) �#��� 	 cos�2��!��,  �#��� 	 sin�2��!��  (8) 
 
Figure 2 shows the process of BFSK modulation.  The top plot shows the binary data.  The next 
plot shows the phase angle used to generate the I/Q data.  The phase angle is the angle of the sine 
and cosine terms in equations 7 and 8.  This gives the phase angle a slope of �2��! for a data bit 
of 1, and a slope of 2��! for a data bit of 0.  The third plot shows the I/Q data itself generated 
from the phase angle.  The last plot shows the modulated carrier signal with higher frequencies 
corresponding to data bit of 1 and lower frequencies corresponding to a 0. 
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Figure 2.  BFSK Modulation 
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Figure 3 shows the demodulation process.  The top plot shows the received signal.  The next plot 
shows the recovered I/Q data.  Since the I/Q data was formed from the cosine and sine of the 
phase angle, the phase angle can be recovered from the inverse tangent of Q divided by I. 
 ���� 	 �$ %" &������'�(						�9� 
 
The original data can then be extracted from the slope of the phase angle through differentiation.  
This is shown in the bottom plot where the recovered data overlaps the original data. 
 

 

 
 

BIT SYNCRONIZTION 
 
In the low noise demodulation simulation above, it is easy to distinguish the recovered data bits.  
As noise increases, the data bits become harder to distinguish.  By integrating over the bit period, 
the noise can be averaged out and the data recovered.  Figure 4 shows a simulation using the 
same data as in Figure 3, except with more noise added to the received signal.  The top plot 
shows the received data bits, which are now difficult to distinguish.  The blue signal in the 
bottom plot shows the noisy data integrated over the bit periods, marked by a sampling clock in 
red.  At the falling edge of the sampling clock, the final sum of the integrated data bit is marked 
with an asterisk.  A negative value indicates a data bit of 0, while a positive value indicates a 1.  
Comparing the recovered data here to the data in Figure 3, it can be observed that all of the bits 
have been detected correctly. 
 
Before the data can be integrated over the bit period, the location of the bit boundaries must be 
known.  This process of locating and recovering the data bits is called bit synchronization.  
Figure 5 shows a block diagram of a bit synchronizer.  The period is determined by the digitally 
controlled oscillator (DCO) that creates the bit clock used for bit detection.  The digital phase 
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Figure 3.  BFSK Demodulation 
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detector detects the phase error between the bit clock generated by the DCO and data signal.  
This error signal is filtered in the digital loop filter and fed back to correct the phase of the DCO.  
When tuned correctly, the DCO will become synchronized to the data.  The bit detector can then 
detect the data by integrating over the bit period. 
 

 

 

 

 
Figure 6 illustrates how a simple digital phase detector generates the phase error for different 
cases of alignment between the clock and data signals (1).  The black signal is the data and the 
red signal is the bit clock, here only transitioning once per bit period.  The first half of the clock 
period is shaded yellow, and the second half is shaded blue. Each bit period has N samples 
denoted as �*, with � 	 +1,… ,/0.  The phase error, �12232, is calculated as 
 

�12232 	 ��4 56�* � 6 �*7
*879:"

7/9
*8" <56�* � 6 �*7

*879:"
7/9
*8" <										�10� 

 
The summation from 1 to N/2 is the summation of data samples corresponding to the first half of 
the clock period, and the summation from N/2+1 to N is for the last half of the clock period.  A 
positive error value indicates that the DCO should make the clock earlier, while a negative value 
indicates that the clock should be delayed.  Subplot A in Figure 6 shows the data synchronized to 
the bit clock.  In this case the difference term will be close to zero, making the phase error close 
to zero.  In subplot B the data bit is early and positive.  This will cause the difference term to be 
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Figure 5.  Bit Synchronizer block diagram 

Figure 4.  Recovered data integrated over bit period 
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positive, and the sign term to be positive, creating a positive error indicating that the clock 
should be made earlier.  In subplot C the data is late and positive, making the difference term 
negative and the sign term positive.  This leads to a negative error indicating that the clock 
should be delayed.  In subplot D the data is early and negative, making the difference negative 
and the sign negative.  The resulting positive error will indicate the clock should be made earlier.  
Subplot E shows late and negative data.  The difference will be positive and the sign will be 
negative.  The resulting positive error will cause the clock to be delayed.  These cases are 
summarized in Table 1. 

Table 1.  Summary of digital phase detector operation 

Subplot Bit Value Data Offset Difference Term Sign Term Error 

A 1 Early + + + 

B 1 Late - + - 

C 0 Early - - + 

D 0 Late + - - 

 
The rest of the bit synchronizer is straight forward.  The DCO is implemented as a counter.  
When the phase error is positive the DCO counter is delayed by one, and when it is negative the 
counter will skip one count ahead.  The loop filter is implemented as a threshold.  The phase of 
the bit clock is adjusted only if the magnitude of the error signal is above the threshold, 
otherwise it will remain the same.  The bit detector sums all of the samples of the bit.  If the sum 
is positive, the bit is designated as a 1, and if it is negative, a 0. 
 

 
 Figure 6.  Digital phase detector graphs 
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SDR IMPLEMENTATION 
 

The initial implementation of the SDR telemetry system used a USRP N210.  A block diagram is 
shown in Figure 7.  During transmission, the I/Q data is supplied by a host computer through an 
Ethernet connection.  This data in interpolated using cascaded integrator-comb (CIC) filters and 
is then converted to IF data with a digital up converter (DUC) in the USRP’s FPGA.  The IF data 
is then converted to analog through the DAC (digital to analog converter), and then passed to a 
daughter board for conversion to higher frequencies for transmission (2). 
 

 

 
This project used an SBX daughterboard, supporting carrier frequencies from 400 to 4400 MHz 
at a maximum output power of 100mW.  The daughter board also has a receiver that converts the 
RF signal to IF I/Q data, which is then digitized in the ADC (analog to digital converter).  The 
digitized IF data is passed to the FPGA where it is converted to baseband by the digital down 
converter (DDC) in the FPGA.  The baseband data are then decimated to a lower sampling rate 
and transmitted to the host computer through the Ethernet connection. 
 
National Instruments (NI) supports LabVIEW drivers to allow LabVIEW applications on the 
host computer to communicate with the USRP.  For transmission, the host computer creates the 
I/Q data and specifies the data sampling rate, carrier frequency, and transmission power.  Similar 
settings are also specified for reception, with the USRP providing the host computer with the 
recovered I/Q data. 
 
A simple BFSK transmitter and receiver were programmed in LabVIEW using the modulation 
theory and bit synchronization technique described above.  Test data was transmitted in frames 
of 16, 16 bit words.  Just as bit recovery requires bit synchronization to determine the start of the 
each bit period, so too frame recovery requires frame synchronization to determine the start of 
each frame.  This is accomplished through use of a synchronization pattern at the beginning of 
the frame.  During reception, the detected data bits are compared to the sync pattern.  When there 
is a match, the beginning of the frame has been found. Data word boundaries can now be 
identified in reference to the beginning of the frame.  Once an entire frame of words has been 
received, the search for the next sync pattern begins.  Figure 8 shows the LabVIEW BFSK 
receiver.  On the right graph, the data bits are clearly visible in white along with a synchronized 
clock in red.  The left side shows the frame data.  The constant sync word, 65131, is shown in the 
upper plot, and the lower plot shows an 8-bit frame counter included in the test frames. 

Figure 7.  USRP N210 block diagram 
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Due to processing constraints, the fastest BFSK signal that could be received and processed in 
real-time had a 200 kbs data rate, using 800 kHz for the I/Q sampling rate.  Unfortunately, this is 
well below ARL’s typical telemetry speeds of 4 Mbs.  It was possible, however, to save higher 
rate I/Q data, and then extract the frames in post-processing.  This was done successfully using 
2.2555GHz M/A-COM FSK transmitters, but is not an ideal solution. 
 
In order to process higher data rates in real-time, the receiver algorithms had to be accelerated by 
moving them to the USRP’s FPGA.  For this implementation, the design used a USRP B200 
platform.  This is a single board SDR, using Analog Devices’ new RFIC that combines an RF 
front end, I/Q demodulator, and ADCs into a single IC that covers a range of 70 MHz to 6 GHz.  
Initially, the design using the N210 and LabVIEW was duplicated using the B200 and GNU 
Radio, an open-source SDR toolkit using the open-source USRP Hardware Driver (UHD) for 
communication to the host computer.   Figure 9 shows this configuration.  The B200 provides 
I/Q samples to the host computer, and the GNU Radio program performing the demodulation, bit 
sync, frame sync, and display.  Bit rates up to 1 Mbs were achieved, still short of ARL’s typical 
4 Mbs telemetry rate. 
 

 

Figure 10. Customized USRP B200 design 
 

Figure 9.  Standard USRP B200 design 

Figure 8.  Simple BFSK LabVIEW reciever 
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Figure 10 shows the final architecture.  Demodulation, bit sync, and frame sync modules were 
developed in Verilog and added to FPGA firmware.  The decimating filters, which are normally 
required to reduce the data rate to speeds slow enough for the host computer to process, were 
able to be replaced by non-decimating filters due to the enhanced processing capabilities of the 
FPGA.  Adapting the LabVIEW software developed for the N210, a telemetry display program 
was designed for the host computer.  A separate program in C++ was written using the UHD to 
route data from the USRP to a UDP (User Datagram Protocol) port.  The LabVIEW program 
reads the UDP port to access data from the USRP. 
 
Initial receiver sensitivity tests showed reliable detection of signals down to -84 dBm.  This is 
certainly sufficient for laboratory use, but falls short of professional grade telemetry receivers.  
Use of an external low noise amplifier (LNA) should help increase receiver sensitivity. 
 
The host computer display program has fairly basic functionality compared to commercial 
telemetry software.  This is not a significant disadvantage since ARL typically performs 
advanced analysis of telemetry on saved data using other software packages.  Some features 
controlled by the telemetry software are 

• Carrier frequency: 70 MHz – 6 GHz 
• Static gain control: 0 – 73 dB 
• Automatic gain control (AGC) option 
• Selection of filters optimized for 4 Mbs or 10 Mbs data rates 
• I/Q sample clock frequency (max 56 MHz) and samples per bit, used to set data rate    
• 15-bit RNRZ-L randomizer option 
• External, hardwired PCM signal input option 
• Data save and playback 
• Internally generated test PCM stream option 
• Received signal strength indicator (RSSI) 
• AES 256 decryption 

The AGC uses a Proportional-Integral-Derivative (PID) controller in the LabVIEW program.  
PID control uses proportional, integral, and derivative error terms to set the receiver’s gain which 
controls the received signal strength (3).  The RSSI signal is calculated on the USRP as the sum 
of the squares of the filtered I and Q data, right before the demodulation in Figure 10.  The RSSI 
is placed at the end of the frames for transmission to the host computer.  This is why frame 
synchronization is performed on the FPGA as well as the host computer, so that additional 
information can be placed at the end of the frames in the FPGA.  Gain constants are used to tune 
the error terms. 

• >?: Proportional gain, produces an output value proportional to the current error value 
• >*: Integral gain, eliminates residual steady-state errors 
• >!: Derivative gain, improves settling time and stability of the system  

∫ ++=
t

dip te
dt
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0
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Figure 11 shows examples of the AGC controlling the received signal strength.  The graph on the 
left shows AGC using only proportional control which exhibits oscillation in the RSSI signal.  
The graph on the right adds derivative control which eliminates this oscillation.  Tuning of the 
integral gain did not seem to have much effect on the quality of the gain control.  
 

 

 
The AES decryption support is another noteworthy aspect of this design, but a detailed 
description is outside the scope of this paper.  Enhancements planned for the future are 

• Expanded display software 
• GPS time-stamping 
• Support for high order modulation schemes 
• Real-time error code correction 
• External low noise amplifier to increase receiver sensitivity 

 
CONCLUSION 

 
This paper has presented initial research into an SDR telemetry system.  The flexible nature of 
SDR makes it an ideal platform for the specialized requirements of military flight testing.  The 
first receiver implementation used the host computer to perform the radio algorithms.  This 
proved to be too slow for typical ARL applications.  The second version accelerated the receiver 
algorithms by moving them to the SDR’s onboard FPGA, resulting in data rates up to 10Mbs.  
This basic receiver can be used with ARL’s present PCM/FM transmitters, and provides a basis 
with which to research more advanced telemetry schemes, as well as other RF applications. 
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ABSTRACT 

 

This paper presents the results of laboratory experiments using a commercial-off-the-shelf 

software defined radio to demodulate SOQPSK-TG for aeronautical telemetry. Using the NI USRP 

N210 and ZynqTM processor, we achieved 900 kbits/s demodulation and found that the USRP 

N210 has a signal sensitivity of -71 dBm at a BER of 10-6. 

 

INTRODUCTION 

 

A software defined radio (SDR) is a communication system where components such as mixers, 

amplifiers, modulators, demodulators, etc., are implemented in software rather than in hardware. 

This configuration permits access to a large range of radio frequencies, allows the implementation 

of dynamic spectrum access to address the issue of spectrum scarcity, and allows the radio to be 

programmed for a variety of applications. Currently, applications for SDRs are being explored in 

areas such as national defense, public safety, inter-vehicle networking, and education [1].  

In this paper we explore the application of a commercial off-the-shelf SDR to aeronautical 

telemetry. This paper is organized as follows. In the next section, we describe the SDR system. 

Following that, we outline the laboratory-based experiments we used to evaluate the capabilities 

of the SDR. We show that using a modest computational platform, an SOQPSK-TG bit rate of 900 

kbits/s can be achieved, and the receiver input sensitivity is approximately -71 dBm. We end with 

a short discussion and conclusions.  

 

SDR SYTEM DESCRIPTION 

 

The overall block diagram of our system is shown in Figure 1. Our system uses a transmitter, the 

Universal Software Radio Peripheral (USRP) [2], a ZyboTM  [3] evaluation board, and the 

FireberdTM 6000A Bit Error Rate Tester (BERT). The transmitter supplies the RF signal to be 

demodulated in the software defined radio. The RF front end and sampling occurs in the USRP. 

The discrete-time baseband signal processing occurs in the ZynqTM processor on the ZyboTM 

board. The bit decisions are clocked to the BERT. Each of the elements is described in more detail 

below. 
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Figure 1: Overview of system. 

Transmitter – we used a multimode transmitter by Quasonix (model number QSX-VMR-110-10S-

20-4O-VP-INET) as our SOQPSK-TG signal source. The transmit frequency was set to the center 

of L-band, 1485 MHz, and we used the variable bit rate and variable power features for our 

experiments. The data source was set to the internally generated length-2047 PN sequence for use 

with the BERT. 

Software-Defined-Radio – the software-defined radio comprised two parts: the software-

configurable RF front end and the baseband discrete-time processor. The software configurable 

front end is the USRP. The USRP performs filtering and frequency translation from RF to I/Q 

baseband as shown in Figure 2. The continuous-time I and Q signals are sampled at a fixed high 

sample rate then resampled to a lower rate defined by the user. The outputs of the I and Q 

resampling filters are formed into Ethernet packets. The 1 Gbit/s Ethernet protocol forms the 

interface between the URSP and the computational platform. 

For baseband processing we chose the ZyboTM evaluation board. This choice was made for two 

reasons. First, we wanted to explore the feasibility of a relatively small form-factor, self-contained 

unit for our demodulator. Second, of all the evaluation boards that met this criterion, we chose the 

one with which we had the most experience. (The ZyboTM evaluation board is used in the junior-

year core electrical engineering courses at BYU.) The board includes the ZynqTM XC7z010 chip 

which incorporates a dual-core ARM Cortex-A9 based Processing System and an FPGA.  

  

 

 
Figure 2: USRP front end 
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Figure 3: Computational platform with BERT interface 

 

A block diagram of our computational platform with its BERT interface is illustrated in figure 3. 

The ZyboTM board is equipped with a 1 Gbit/s Ethernet interface accessed through the dual-core 

ARM processor. Our demodulator resides in the processor. The generated bit decisions are handed 

to the FPGA fabric via the direct memory access (DMA) engine and are clocked out to the BERT 

at a steady rate. 

The demodulator comprised a C++ program running on the dual-core ARM Cortex-A9 processor. 

For the demodulator, we implemented a symbol-by-symbol demodulator as described in [4] 

operating at 2 samples/bit. For synchronization, we used two phase-lock loops (PLLS): one for 

carrier phase synchronization and one for symbol timing synchronization. 

A high-level description of the C++ program is shown below. The get_sample_stream command 

forms the interface with the Ethernet port and makes available the samples produced by the USRP. 

The for loop starting on line 3 works through the samples in each received Ethernet packet. For 

each two samples, a detection filter output is produced. The detection filter output is rotated to 

remove the phase offset, and interpolated to remove the timing offset. Bit decisions are made on 

the rotated and interpolated samples. After differential decoding, the bits are placed in a transfer 

buffer (or FIFO) for transfer to the FPGA fabric. The timing and phase error signals are updated 

before the program moves to the next sample. 

1  while(1){ 

2    get_sample_stream; 

3    for(i=0; i<num_samples; i++){ 

4      compute down sampled matched filter output; 

5      rotate matched filter output; 

6      if(strobe == 1){ 

7        compute required interpolants; 

8        update timing error; 

9        update phase error; 

10       compute bit decisions and apply differential decoding; 

11       put bits in transfer buffer; 

12       update timing PLL; 

13       update phase PLL; 

14     } 

15   } 

16   if(bit transfer buffer full){ 

17     perform DMA transfer to FPGA fabric; 

18   } 

 

When the transfer buffer is full, the bits are transferred to the FPGA fabric using a DMA transfer. 

The FPGA fabric consists of a DMA FIFO (32 x 512) and a finite state machine (FSM) as shown 

in Figure 4. For the BERT to function properly, it was necessary to create an FPGA circuit to 
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receive the bits in bursts but clock them out at a steady rate. To accomplish this, we coded a finite 

state machine (FSM) to interface with the DMA FIFO.   

The state transition diagram for the FSM is shown in Figure 5. The FSM remains in the “obtain 

data” state as long as the FIFO is empty. Once the FIFO receives data, the first row is placed in a 

shift register and the FSM transitions to the “TX Data to BERT” state. The FSM toggles between 

the “TX Data to BERT” and “Delay” until 32 bits are transferred to the BERT. During a transition 

to the “Delay” state, the signal bert_data is assigned the least significant bit of the shift register, 

the register is shifted to the right, and bert_clk is assigned low. This forces the data to change on 

the falling edge of the clock. Before transitioning back to the “TX Data to BERT” state, the FSM 

delays a specified amount of time, toggles the bert_clk high, and delays the same amount of time 

again. The delay time can be controlled by changing the value of the hold parameter. This allows 

us to create a constant clock at a desired rate. Once we have transferred all 32 bits to the BERT, 

we return to the obtain data state to acquire another row from the DMA FIFO and repeat the 

process. 

 

 

 
Figure 4: The BERT interface in the FPGA fabric. 
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Figure 5: Finite State Machine for BERT interface 

 

 CAPABILITIES 
 

 

We explored the capabilities of the system illustrated in Figure 1. We measured the capabilities 

using two figures of merit: the maximum achievable bit rate and the receiver input sensitivity.  

We used the following procedure to determine the maximum achievable bit rate. First, the bit rate 

on the transmitter was fixed and then the signal was sampled at two times the bit rate on the USRP. 

The BERT was then monitored for any errors. This process was repeated, incrementing the bit rate 

and sampling rate each time, until bit errors occurred. 

Once our system was setup correctly we were able to test the limits of our demodulator. At final 

count, the demodulator was able to handle 900 kbits/s. The limiting factor is the ZynqTM processor. 

It is simply not fast enough to demodulate all of the data before another packet is ready. Some 

techniques used to improve the speed were multithreading and limiting the number of multiplies 

in our code. Changing the buffer sizes might increase the speed by limiting the Ethernet connection 

overhead but due to time constraints this was not thoroughly explored. 

 

After testing the throughput we tested the receiver sensitivity. The setup used is shown in figure 

6. We carefully calibrated the two 30 dB attenuators and the 20 dB attenuator to verify that, when 
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summed, they equaled an 80 dB drop. This was done using the Krytar 9000B power meter and a 

signal generator outputting a known power level. Once all of the necessary calibrations were made 

we connected the three attenuators in series with the Quasonix transmitter and USRP radio. The 

Krytar was attached to the Quasonix transmitter before the attenuators with a T connector. The 

Krytar was used to verify the signal strength but it can only read values between 20 dBm and -39 

dBm. Thus it was important that the attenuators were carefully calibrated to find the precise input 

signal strength to the USRP and that the power meter was placed before the attenuators. Changing 

the signal level was simple. There is a parameter in the Quasonix transmitter that can be set that 

will change the output power by roughly 1.1 dB. We incrementally lowered this setting, measured 

the signal power, and measured the BER.   

 

The USRP’s amplifier was set to 21 dB. Theoretically the amplifier can go as high as 38 dB but 

when set higher than 21 dB we observed oscillations. This could be due to a bad part or possible 

an error in the design. Figure 7 is a graph of our results.  

 

 
Figure 6: Receiver sensitivity setup. 

 

 
Figure 7: BER vs. Input Signal Level. 
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DISCUSSION AND CONCLUSIONS 

 

After analyzing our results we conclude that higher bits rates are achievable with a more powerful 

computational platform. The next step is to experiment with an FPGA-based computational 

platform, preferably one that is already packaged with the software defined radio such as the USRP 

E310 from Ettus Research. 

 

One of the shortcomings of the USRP N210 was the lack of a hardware AGC. If an AGC were to 

be included it would have to be implemented in software, taking away precious clock cycles and 

further limiting the overall bitrate of the system. This would be a much smaller issue on an FPGA 

because of concurrent processing. 

 

As mentioned earlier, the RF gain was not set to its highest value due to oscillations. If it were 

possible to use 38 dB instead of 21 dB it would theoretically be possible for the receiver sensitivity 

to be 88 dBm at a BER of 10-6. 
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ABSTRACT

The goal of this project is maximize the performance of the telemetering system for
the INCA cubesat mission using what we are learning in class to develop tests to figure
out the optimal selection of frame scheme, data rate, and modulation technique based
on the requirements of the mission. This project will help me learn about different
modulation techniques and give me real world experience testing a telemetry system.
I will evaluate my results through a comparison of the error rates for the different
modulation schemes and do statistical analysis to show the reliability of the data.
The results will be useful to any future mission that implements the same satellite
communication system including future missions at NMSU.

Keywords: Cubesat, New Mexico State University, INCA, Satellite, Telemetering

1 INTRODUCTION

The small satellite field is rapidly growing as a result of improvements in technology allowing
small satellites to perform missions that can have a real scientific impact at a fraction of the
cost and time an equivalent large satellite would require. Cal Poly developed the cubesat
standard which is the most common small satellite standard, where 1U(1 Unit) is defined as
10 cm cubed, with 91 launches in 2013. NMSU is currently working on a 3U cubesat called
INCA (Ionospheric Neutron Content Analyzer) whose primary mission is to improve the
technology readiness level (TRL) of the innovative new neutron detector that was created
by a joint collaboration between NASA Goddard and the University of New Hampshire. The
secondary mission is to collect enough neutron data to show the latitudinal dependance which
will then be used to improve space weather models at the Air Force Research Labs Space
Weather Center of Excellence and NASA. The INCA spacecraft is a 3U with deployable solar
panels and a mix of dipole and patch antennas that uses an command and communication
board made by Tyvak specifically for cubesat missions. It will use Near Space Launch?s
Simplex board to communicate GPS, system health and a neutron count over the Globarstar
satellite network. This project will focus on use of the Tyvak UHF 70cm radio which has
a frequency range of 400-470MHz, RF output power of 0.1, 0.5 or 1W, support for FSK,

∗Faculty Advisor - Dr. Steve Stochaj
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GFSK, MSK, GMSK, PSK, and OQPSK, as well as data rates from 1.2 to 250kbps. Since
the Globalstar network costs on a per bit basis, we will use the UHF radio to downlink the
collected science data and related metadata to the satellite ground station at NMSU.

For my senior capstone project I setup a satellite ground station on the roof of Thomas &
Brown that works on either VHF or UHF amateur bands. It is composed of two yagi antennas
on a azimuth and elevation automated rotor system for full sky view and then a ICOM 9100
transceiver, Kantronics TNC, and computer to control the rotor and receive/send data. It
is even setup for remote control and will ideally be completely automated. We proved the
system worked by pinging the ISS repeater multiple times and I got my amateur radio license
in the process (KF5UIP).

I can look at other missions and how they performed using a certain modulation scheme
for comparison purposed, but it?s hard to compare without same hardware on satellite. The
hardware we are using has flown before so I will attempt to get data from those missions.
This project is also useful to other cubesat missions using the Tyvak communication system
including the future ones NMSU is planning. Projects like this exist for other cubesat
hardware but I didn?t find any for the Tyvak hardware specifically.

2 MISSION OVERVIEW

2.1 Mission Details

Neutrons are an important element in several space weather phenomena that affect the safety
of space-based and airborne assets. Understanding the neutron environment in space can
improve our ability to predict space weather and help mitigate the risk the dynamic space
environment has on DoD systems.

An essential element in the comprehension of space weather is to understand the ac-
celeration of particles taking place on and near the Sun during solar flares and coronal
mass ejections (CMEs). Measurements of neutrons, gamma rays and solar energetic par-
ticles (SEPs) provide a way to decouple the complex physical processes of acceleration so
that they can be better understood. For example, solar neutrons are produced over a wide
range of energies when flare accelerated protons and ions interact with the ambient solar
atmosphere. Observations of the solar neutron spectrum will provide information on the
accelerated particle population. This information cannot be extracted from measurements
of SEPs alone, since SEPs production is believed to be a combination of flare and CME
driven shocks. In addition, the arrival time of solar particles at Earth provides clues about
propagation. Neutrons, being charge-zero, travel directly to Earth and do not suffer the
path augmentation caused by the interplanetary magnetic fields. Although the correlation
is not perfect, the intensity of the neutron and gamma emission from a flare is a good mea-
sure of the flare?s potential for space weather impact on Earth. This is an example of how
multi-particle observations can provide insight into the underlying physics of space weather.

There are 3 neutron sources the INCA spacecraft will be investigating; air shower, albedo
and solar. These high energy neutrons, in the range of 1-20MeV, can cause single event upsets
in spacecraft and aircraft which cause undesirable behaviors such as corrupted data, CPU
interrupts and halts, and unplanned events. Neutrons can bypass radiation protection and
interact with integrated circuits causing cascades of harmful particles within the spacecraft.
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That’s why a better understanding of ionospheric neutron content is crucial for protecting
DoD assets.

The primary customer in this venture is AFRL?s Space Weather Center of Excellence,
based in the Space Vehicles Directorate at Kirtland AFB, Albuquerque, New Mexico. Re-
searchers at AFRL, and other space weather facilities, will be the recipients of the neutron
data the INCA Mission will produce. INCA?s secondary customer is UNH, who is in the pro-
cess of adapting the SPRINGS Neutron Detector for use as INCA?s primary payload. Other
stakeholders in the mission are NASA?s Goddard Space Flight Center (providing technical
support and building the flight unit of the detector), New Mexico Space Grant Consortium,
and the Harris Corporation (both providing monetary support).

The customers? requirements are that NMSU develop a satellite around the UNH Neu-
tron Detector and, once launched, facilitate the gathering, initial processing, and retrieval
of data from that Detector. These requirements will be verified by comparing data received
from the INCA spacecraft to data generated based on current neutron models. The mission
shall be deemed a success if the similarity between the experimental data and simulation
data is statistically significant. Having metadata of time, location, and detector orientation
added to the neutron flux data will greatly enhance the current state of the art in the knowl-
edge of neutron content?s ties to space weather. This will, in turn, help to better define the
effect of neutrons on Department of Defense (DoD) and other assets at high altitudes and
in Low Earth Orbit (LEO).

2.2 Spacecraft Design

In order to accomplish this mission we have designed a 3U Cubesat and avionics to support
the Neutron detector payload. The silicon photomultiplier based neutron detector will have
two cylinders of organic crystal scintillator specifically engineered to maximize a pulse shape
discrimination between neutron and gamma particles. The scintillators will be roughly one
foot apart taking up a 1u by 1u by 2u portion of the 3u satellite, with the satellite bus
taking up the remaining portion. Since these high energy neutron travel close to the speed
of light, 1ft per nanosecond, we need ns second resolution electronics which is reasonable.
This is why this mission is suited for a 3u satellite because any smaller and you won’t have
enough power for the electronics necessary. It’s critical for accurate measurements for the
Spacecraft to be as small as possible because high energy particles can generate neutrons
from interacting with the mass of the satellite.

The spacecraft command board and is the Intrepid, which is a COTs part from Tyvak
built around an 400MHz ARM processor. The UHF radio is also from Tyvak and designed to
work with the Intrepid command board. The UHF radio will be described in more detail later
in the document. Another S-band transceiver will be used to talk to the GlobalStar satellite
network and send down the data and meta-data for minimum success such as neutron count,
health status, and GPS. This allows us to track the satellites location more consistently and
within minutes of activation instead of having to wait for a pass over the NMSU Ground
Station. We are building a custom solar panel array like shown in Figure 2. The INCA
spacecraft will use sun sensors to determine the attitude and magnetometers to point the
deployable solar array at the sun in order to maximize power generation and increase the
chance to detect a solar neutron.

3



Figure 1: SiPM Neutron Detector Breakdown
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Figure 2: 3U INCA Cubesat with Deployable Solar Array. Image from Clyde Space
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2.3 Mission Success Criteria & Objectives

The Full Success Criteria is to use ?primary option? payload (both halves of the UNH
Detector), attitude determination and control to face the Sun at all times (necessary for
neutron experiment), gather neutron flux and direction data and location, altitude, and
time metadata for one full month, process Neutron data onboard, and successfully transmit
processed data to a ground station for formatting and delivery to the customers.

The Minimum Success Criteria is to use a ?descoped? payload (only back half of the UNH
Detector), Gather neutron flux and direction data and location, altitude, and time metadata
for one full week, and successfully transmit raw data to a Ground Station. Therefore, even in
the worst case, the telemetering system is critical to mission success and should be optimized
accordingly.

There are a number of science mission objectives that must be achieved before the mission
can be declared a success as follows:

• 1. INCA’s primary mission objective is to demonstrate the functionality of SiPM-
based neutron spectrometer in Low Earth Orbit.

• 2. INCA’s secondary mission objective is to gather neutron flux data and corresponding
latitude metadata from at least three latitudinal zones.

• 3. INCA?s tertiary objective is to correlate that data with time and latitude depen-
dence in relation to solar protons.

• 4. INCA’s quaternary objective is to detect a primary solar neutron event.

2.4 Mission Requirements

The mission requirements dictate the design of the spacecraft and flow down from the scien-
tific requirements for the payload. The primary scientific requirements are shown in Figure
3. These requirements along with estimates for the frequency the payload will detect a neu-
tron will determine how much telemetry data we will have to send back to the ground which
will ultimately impose requirements on the telemetering system.

3 TELEMETERING SYSTEM

3.1 Satellite Hardware

The main component of the satellite’s telemetry system hardware is the Tyvak UHF transceiver.
Like previously mentioned we are also including a NSL Simplex S-band radio but since this
talks with the GlobalStar satellite network we don’t have the ability to adjust the teleme-
try system besides the placement of the patch antenna, so the focus of this project was on
the Tyvak UHF hardware. The UHF radio is based on the AX5042 transceiver, interfaces
directly with the linux-based Tyvak command board and will work in conjunction with two
deployable monopole tape spring antennas. The use of two monopole antennas (Figure 4)
results in a lower gain than a V-shaped dipole, but optimizes the the alignment of the signal
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Figure 3: Primary Mission Requirements for INCA

polarization since the INCA spacecraft will be spin-stabilized throughout it’s mission. The
spacecraft structure acts as the ground for the antennas.

The UHF radio is tuned for use on the 70cm Amateur Radio Band and can be used in
the 400 to 470MHz and 800 to 940MHz ranges. The radio was tuned to 437.325MHz for this
project which allows me to utilize my Technician Class license to test. The radios transmit
power has a max of 3 watts and also includes software agile frequency, data rate, filtering and
modulation. The modulation techniques that are supported are FSK, GFSK, MSK, GMSK,
BPSK and OQPSK, which will be discussed more later. Data rates from 1.2 to 200kbps are
allowed although the common 9600 bps rate was used for this project. The Tyvak UHF radio
has a receive sensitivity from -108 to -115dBm at 9600 bps using FSK modulation. The RF
amplifier efficiency is around 40% and it uses AX.25 packet protocol on top of IP Packets to
allow networking capabilities. This packet scheme is discussed in more detail later.

3.2 Link Channel

There are a lot of effects and parameters that can interfere with signal propagation between
the INCA spacecraft and the NMSU Ground Station. The main link parameters that af-
fect the system performance are transmitter and receiver antenna gains, distance between
transmitter and receiver, the transmitter output power, receiver noise temperature, and at-
tenuation sources. Although we have several launch options and a wide acceptable altitude
range, the INCA spacecraft will most likely be launched from a Nanoracks deployer on the
ISS which gives it an approximate altitude of 350km and inclination of 51 degrees. These
values were used in the simulations and link analysis.
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Figure 4: Tyvak deployable tapespring antenna configuration

3.2.1 Sun Intrusions

The ground station will be operating remotely without an operator for the majority of the
time, so we can expect to lose some data to saturation caused when the ground station
antennas tracking an INCA pass point at the sun as well, but this is not common. The
main way to mitigate the loss in performance because of solar intrusion is to avoid pointing
the receiver antennas at the sun; the pointing software could be programmed to keep track
of the sun and actively avoid it but our plan is to simply make sure the satellite can store
enough data that a missed pass can be handled and not backup the downstream of data.

3.2.2 Diffraction & Terrain Fade Margin

Except for some performance loss near the horizons diffraction and terrain fade margins will
not be a major factor in the INCA telemetering system since the ground station has a clear
view of the sky.

3.2.3 Rain Effects & Antenna Wetting

We also learned about how rain can affect radio propagation paths by attenuating the signal
and increasing the system temperature but these affects are only a major concern for signals
above 10GHz, which is why the UHF band including the INCA signal at 437.325MHz is
a common band for small satellite communications. The UHF band also avoids antenna
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wetting effects as well as the fact that the ground station uses yagi instead of dish antennas.

3.3 Ground Station Hardware

The NMSU Satellite Ground Station implements two M2 yagi antennas, one for both VHF
and UHF, that are mounted on a rotor system on the roof of Thomas & Brown which allows
automated pointing control with 360 degree azimuth and 180 degree elevation. The antennas
feed into lightning arrestors and then low-noise amplifiers. The coaxial cables then take
the signal to the ICOM-9100 transceiver inside Thomas & Brown. The Kantronics 9612+
terminal node controller is also setup for AX.25 packet communication like the Tyvak UHF
radio. A desktop computer then interfaces with the Kantronics TNC, tracks the satellite
passes from orbit data and runs the program that controls the rotors.

3.4 STK Simulation Analysis

A simulation of the INCA cubesat mission was created in AGI’s STK software. This program
allows for 3D simulation of the satellite’s orbit based on the desired altitude and inclination.
I used the 350km orbit and 51 degree inclination based on the ISS launch and was able to
simulate a ground station at NMSU as well. Then by including the antenna characteristics
like gain, power, and line losses. The STK program was able to generate a minimum,
maximum and average time in seconds that the link would be available for communication
between the spacecraft and ground station. The minimum access time was 6 seconds, the
maximum was 11 minutes and the average access time was 8 minutes.

3.5 Data Budget

Taking these link access results from STK, along with the data budget of 77300 bits per
neutron detection (including metadata), we can analyze if the standard 9600 bit rate is
sufficient to downlink the data. An average pass of 8 minutes will bring down 60 neutron
measurements and metadata. We have estimated that we will detect a neutron event on
average about once every ten minutes so this should be more than enough downlink speed
even when the satellite doesn’t pass the ground station for many orbits.

3.6 Link Budget

The summary of all the previous information was then used to create a link budget based on
the spacecraft hardware, link channel, ground station hardware and STK simulation. The
link budget is simply a summation of the telemetering system gains and losses in dB that
allows link designers to evaluate if they will meet the required link margin. The equations
from chapter 11 of the Intro to PCM textbook were used to calculate the values like path
loss and the system hardware gains and losses were either measured, like the coax-cable loss,
or taken from the respective datasheets. Both a downlink and uplink budget was created
because the link margin both ways must be verified, however because the ground station
transceiver is much less constrained by size and power the downlink from the satellite to the
grounds station is usually the crucial link.
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The downlink budget is shown in Figure 5 and as you can see there is a 12.69dB margin
for the link after all the gains and losses are accounted for. The atmospheric, ionospheric,
and rain losses were included in the link budgets but are negligible as discussed previously.

The uplink budget is shown if Figure 6 and because of the powerful 75W ground station
transciever there is a large 37.77dB margin on this link.

3.7 Data Format

The science, meta-data and housekeeping data have been formatted in conjunction with
NASA’s Goddard Spaceflight Center who is the primary builder for the neutron detector
payload. We have developed an Interface Control Document (ICD) with them and a ba-
sic format for the science data and meta-data the payload will be passing to the Intrepid
command board.

The UHF radio utilizes AX.25 with IP packet encapsulation. The AX.25 frames are
standard to the AX.25 Information Frame format. The UDP and IP headers used are also in
the standard network format. This packet format allows batch packet operations. The AX.25
packet simply encapsulates a UDP/IP or TCP/IP packet so that packets can be routed to
listening applications on the Intrepid command board. Using the applications unique port
numbers, you can then command single processes from the ground by specifying the port
number and spacecraft IP address. This can even be done using existing linux utilities like
ftp.

It also uses non-return-to-zero inverted (NRZI) as the waveform encoding format to
prepare the digital signal for transmission. NRZI transitions if the bit being transmitted is a
logical one and remains the same if the bit is a logical zero. NRZ code only requires half the
baseband bandwidth at a given data rate compared to that required my Manchester code.
For NRZI, clock recovery can be difficult with NRZI so precautions must be taken to avoid
long series of zeros.

3.8 Modulation

After establishing that the telemetering link channel was sufficient, the goal of the project was
to analyze which of the supported modulation techniques was the best by sending test data
using each and comparing bit-error-rates. However, this proved to be more of a challenge
than previously anticipated. I was able to setup the satellite hardware with test data that
it can transmit using the different modulation schemes. Although the Tyvak UHF radio
modulation scheme can be changed via software fairly easily, software for receiving other
than FSK proved to be a challenge to find and implement. The Kantronics TNC uses FM
so it is capable of handling FSK, GFSK, MSK, and GMSK but not the PSK modulations.
I am currently trying to use a NooElec Software Defined Radio as the receiver for the other
modulation techniques but haven’t worked with a software defined radio before. In the
longer run, we are ordering another Tyvak UHF radio for testing purposes and so we can
load/change the software without having to go inside the clean room with the flight hardware.
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Figure 5: Downlink Budget
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Figure 6: Uplink Budget
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Figure 7: Science Data Format

Figure 8: AX.25 + IP Packet Frame
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3.8.1 FSK

Frequency-shift keying uses discrete frequency changes in the carrier wave to transmit digital
information.

3.8.2 GFSK

Gaussian frequency-shift keying changes the frequency at the beginning of each symbol period
and uses a gaussian filter to smooth the transitions. This reduces the sideband power but
increases the chance of intersymbol interference.

3.8.3 MSK

Minimum-shift keying the difference between the high and low frequencies is half the bit
rate so the 0 and 1 bits are half a carrier period offset. MSK is one of the most spectrally
efficient forms of FSK.

3.8.4 GMSK

Gaussian minimum shift keying puts the data through a gaussian filter before applying MSK
and is used in the GSM mobile phone standard.

3.8.5 BPSK

Binary phase-shift keying simply uses two phases that are 180 degrees apart to distinguish
between the digital bits. It is the most robust PSK since the constellation points are as far
apart as possible.

3.8.6 OQPSK

Offset quadrature phase-shift keying uses four phase values to transmit which correspond to
the four possible values of two logic bits. The offset means the in-phase components never
shift at the same time and it works at a lower power level than GMSK.

Taking into consideration all of the performance characteristics of these supported mod-
ulation techniques, all of them should work fine considering the relatively large link budget
margin. Besides that it is hard for me to anticipate which would perform the best besides
the fact that BPSK is inherently robust and therefore might reduce errors.

3.9 Error Checking

The plan has always been to use checksums in the data for error checking purposes, but
now that we learned about the (7,4)Hamming I plan to evaluate using this method for error
checking since it can detect any error. Using this with the verify and execute command
protocol will really solidify our telemtry system against transmission errors. Like with the
modulation techniques I plan to perform ground tests with different error checking as well.
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Figure 9: Linux RF configuration for UHF radio on INCA
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4 CONCLUSIONS

According to the results of this project, the INCA Spacecraft has reasonably large link
margins for a Cubesat. This is most likely due to the high-quality equipment in the ground
station as well as the relatively low amount of science data that needs to be transmitted
back to the ground. The resulting tests of the modulation and error checking techniques will
really help characterize the system’s performance and give us a good idea of what we can
expect during in-orbit operations, which is exactly what we want to understand. The AX.25
and IP packet encapsulation was also very interesting to learn about and seems like a very
useful way to communicate with the satellite since it leverages existing standards, much like
the iNet system aims to do.

In the end, this project was a great real-world application of the telemetering system
knowledge that we covered in class. Not only did it help solidify my knowledge but also make
headway on developing the INCA spacecraft system. The project included the majority of
the topics since it incorporated an entire telemetering system, but also allowed me to work
on specific applications such as the link budget, which is now much more accurate.
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ABSTRACT

Modern digital communication techniques leverage the capabilities of advanced digital signal pro-
cessing to improve the bit error rate performance of modulated carrier in harsh radio frequency
(RF) environments. This improvement requires the knowledge of the RF environment (e.g., fre-
quency offset, multipath channel coefficients, noise variance). In this paper we derive the theo-
retical performance bound of the joint frequency offset, channel and noise variance estimators.
Performance of the joint maximum likelihood estimators are compared with this bound for two of
the measured aeronautical telemetry channels with iNET-formatted SOQPSK-TG samples.

INTRODUCTION

The air-to-ground wireless downlink channel in aeronautical telemetry suffers from multipath
interference due to reception of radio signal via multiple propagation paths. Although narrow
beamwidth of ground-based auto-tracking antennas can reduce the multipath interference by atten-
uating signal from paths other than line-of-sight, it can do so only when the elevation angle of the
airborne transmitter is high. Delays observed on test ranges for low-elevation angle flight paths
[1, 2] show that multipath interference is dominant when the elevation angle is lower. Moreover,
complexity of air-borne test articles has grown significantly over the last several decades which de-
mands higher data rates (10-20 Mbits/s) in modern aeronautical telemetry systems. Consequently,
bandwidth of the modulated carrier has grown up to such an extent that essentially all the multipath
fading are frequency selective. Due to this frequency selective nature multipath interference is the
dominant cause of link outage in aeronautical telemetry.

To alleviate multipath interference spatial diversity and/or equalization can be used. Spatial di-
versity requires multiple transmit and/or receive antennas and thus raises the system cost. In any
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event, system designers are always interested in exploring equalization techniques. Equalization
techniques are well-studied in literature (see Chapters 9 and 10 of [3] for reference). However,
direct application of these traditional techniques are not suitable in aeronautical telemetry due to
non-linear nature of the continuous phase modulation (CPM) schemes used here 1. CPM equalizers
can be divided into two major categories: data-aided and blind equalizers. Examples of data-aided
equalizers include maximum likelihood sequence estimation (MLSE) based equalizers [5], min-
imum mean squared error (MMSE) and zero-forcing (ZF) based linear equalizers [6], non-linear
decision-feedback equalizers etc. Complexity of MLSE based equalizers grows exponentially with
the channel multipath delay spread and consequently they are unpopular in aeronautical telemetry.
Constant modulus property of the modulation schemes used in aeronautical telemetry applications
has drawn the attention of the researchers towards the blind adaptive constant modulus algorithm
(CMA) [7, 8]. However, ambiguity in performance results of CMA stopped it from being widely
adopted. On the other hand, data-aided linear equalizers are more consistent and several such
equalizers are studied in [6, 9] for aeronautical telemetry. Numerical results in [9] show that
MMSE based equalizers outperform the equalizers based on ZF criterion.

As MMSE equalizer filter coefficients are functions of the equivalent discrete-time channel and
noise variance, a reliable estimate of channel and noise variance are required. However, to gen-
erate reliable estimate of channel and noise variance, the carrier frequency offset (CFO) must be
estimated and received data samples should be de-rotated using this estimate. A good estimate of
CFO is also required for coherent detection as well.

Morelli and Mengali [10] analyzes the performance of joint CFO and channel estimators primar-
ily for linear modulation assuming no fixed preamble structure. In this paper, we generalize the
joint estimators of [10] to include the noise variance and investigate their performance assuming
non-linear CPM modulated iNET-formatted data with fixed preamble and ASM bits. Our joint
estimators execute according to the following three steps :

1. Estimate the frequency offset ω̂0 from the received samples r(n) corresponding to the iNET
preamble and/or ASM bits.

2. Compute channel coefficient estimates ĥ(n) for −N1 ≤ n ≤ N2 using ω̂0 and the received
samples r(n) corresponding to the iNET preamble and ASM bits.

3. Estimate the noise variance σ̂2
w using ĥ(n) with the derotated received samples rd(n) corre-

sponding to the iNET preamble and ASM bits.

Due to a predefined structure of iNET preamble and ASM bits, each of the above steps can be
implemented several ways trading off the performance with the complexity. In this article we
derive the Cramér-Rao bounds of the joint CFO, channel and noise variance estimation. Later
performance of the joint maximum likelihood (ML) estimators are compared with this bound.

In the mathematical development, lower case bold letters (e.g., v) are used to denote column
vectors and upper case bold letters (e.g., M) are used to denote matrices. M† is the conjugate
transposes (Hermitian operators) of M. Term M−1 is the inverse of the square matrix M.

1To handle the severe size, weight and power (SWAP)limitations aeronautical telemetry standard IRIG 106 [4]
relies on CPM schemes ensuring the operation of RF power amplifier in full saturation.
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Figure 1: The iNET packet structure used in this paper.

SYSTEM MODEL

The bit sequence for iNET packet is depicted in Figure 1. The preamble sequence (PRE) is CD98hex

repeated eight times [11, p. 48]. The preamble field is followed by the attached sync marker (ASM)
field defined as 034776C7272895B0hex. The DATA field is 6144 randomized data bits.2 The
iNET bit sequence is modulated by SOQPSK-TG waveform which propagates through a frequency
selective channel and experiences a frequency offset as well as the addition of white Gaussian
noise.

The received signal is filtered, down-converted to I/Q baseband, and sampled (not necessarily in
that order) using standard techniques. The relationship between the samples of the transmitted
SOQPSK-TG signal s(n) and samples of the received signal r(n) is

r(n) =

[
N2∑

k=−N1

h(k)s(n− k)

]
ejω0n + w(n), (1)

where h(n) is the impulse response of the equivalent discrete-time channel with support on−N1 ≤
n ≤ N2, ω0 rads/sample is the frequency offset, andw(n) is a complex-valued zero-mean Gaussian
random process with variance σ2

w per dimension.

Equalization of the I/Q baseband samples of the received signal (1) mitigates the drastic effect
of multipath channel. Prior to applying the equalization techniques multiple tasks need to be
performed by the receiver as shown in Figure 2. The preamble and ASM bits are known and
thus the samples corresponding to those bits are used to estimate the frequency offset, channel
impulse response, and, for the MMSE equalizer, the noise variance. Before these estimations
can be performed, the start of the samples corresponding to the preamble bits in the received
signal must be detected. This is accomplished by the preamble detector block, whose algorithm
is based on the detection algorithm described in [12]. Once the start of the preamble is known,
the frequency offset is estimated to begin with. The frequency offset is used with a complex-
exponential to derorate the received data to remove the frequency offset. The derorated data rd(n)
are used to estimate the channel and noise variance.

THEORETICAL PERFORMANCE BOUNDS FOR THE JOINT FREQUENCY OFFSET,
CHANNEL AND NOISE VARIANCE ESTIMATORS

Here, we derive the Cramér-Rao bound for a joint estimator of the frequency offset, theN1+N2+1
complex-valued channel coefficients and noise variance. We begin with rewriting (1) in matrix

2These bits correspond to a single LDPC codeword in the coded system.
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Figure 2: The data packet format and high-level signal processing explored in this paper.

form as
r = Ω0Xih + w . (2)

Let Np and Nasm be the number of preamble and ASM samples, while N1 and N2 are the number
of samples in non-causal and causal components of the channel impulse response. Then r is the
(Np + Nasm − N1 − N2) × 1 vector formed from the received samples starting at n = i + N2

(where n = i is the sample of r(n) corresponding to the start of the preamble sequence), Ω0 is the
(Np +Nasm −N1 −N2)× (Np +Nasm −N1 −N2) diagonal matrix given by

Ω0 = diag
{
ejω0(i+N2), ejω0(i+N2+1), . . . , ejω0(i+Np+Nasm−N1−1)

}
. (3)

Matrix Xi is the (Np +Nasm −N1 −N2)× (N1 +N2 + 1) convolution matrix formed by the iNet
preamble and ASM samples, h is the (N1 + N2 + 1)× 1 vector representing the channel impulse
response. The last term w is an (Np + Nasm − N1 − N2) × 1 complex-valued Gaussian random
vector with zero mean and covariance matrix

1

2
E
{

ww†
}

= σ2
wINp+Nasm−N1−N2 . (4)

Because the Cramér-Rao bound is defined only for real-valued parameters, we must re-write (2) in
terms of the real and imaginary components of h as follows:[

rR
rI

]
=

[
C −S
S C

] [
XR −XI

XI XR

] [
hR
hI

]
+

[
wR

wI

]
. (5)

For the development below, we use the shorthand notation for (5):

r = QXh+ w. (6)

The vector w is a real-valued Gaussian random vector with zero mean and covariance matrix

E
{
ww>

}
= σ2

wIL, (7)

where L = 2(Np +Nasm −N1 −N2). Let θ be

θ =


hR
hI
ω0

σ2
w

 =

 hω0

k

 , (8)
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the 2(N1+N2+2)×1 vector of parameters to be estimated where we used σ2
w = k for convenience.

Equation (8) yields the corresponding log-likelihood function as

Λ(θ) = −L ln(k)− 1

2k
|r− QXh|2 . (9)

Using the identity Q>Q = IL, (9) takes the form

Λ(θ) = −L ln(k)− 1

2k

[
r>r− r>QXh− h>X>Q>r+ h>X>Xh

]
. (10)

The Cramér-Rao bound requires the matrix of all second partial derivatives of Λ(θ) which may be
expressed as

M =
1

k

 −X>X
(
r>DTQX

)> − 1
k

[
X>Q>r− X>Xh

]
r>DTQX −r>D2QXh − 1

k
r>DTQXh

− 1
k

[
X>Q>r− X>Xh

]> − 1
k
r>DTQXh L

k
− 1

k2
|r− QXh|2

 . (11)

Here matrix D and T results from the partial derivative of Q with respect to ω0. Since Q is the only
term that is a function of ω0, we derive:

∂Q

∂ω0

=

 ∂

∂ω0

C − ∂

∂ω0

S

∂

∂ω0

S
∂

∂ω0

C

 =

[
−DS −DC
DC −DS

]
=

[
D 0
0 D

] [
−S −C
C −S

]

=

[
D 0
0 D

] [
0 −I
I 0

] [
C −S
S C

]
= DTQ, (12)

where D is the diagonal matrix given by

D = diag {i+N2, i+N2 + 1, . . . , i+Np +Nasm −N1 − 1} . (13)

The Fisher information matrix J is
J = −E

{
M
}
. (14)

Taking expectation on the both sides of (6), we get

E
{
r
}

= E
{
QXh+ w

}
= QXh+

��
��*

0
E
{
w
}

= QXh (15)

which yields the Fisher information matrix J as follows:

J =
1

k

 X>X X>TDXh 02(N1+N2+1)×1(
X>TDXh

)>
h>X>D>DXh 1

k
h>X>DTXh

01×2(N1+N2+1)
1
k
h>X>DTXh L

k

 . (16)
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The estimator error variances are given by the diagonal entries of J−1. For our purpose, we are
interested in the composite channel estimate error variance:

σ2
h =

N2∑
n=−N1

E

{∣∣∣h(n)− ĥ(n)
∣∣∣2}

=

N2∑
n=−N1

E

{[
hR(n)− ĥR(n)

]2
+
[
hI(n)− ĥI(n)

]2}
, (17)

where ĥ(n) is the n-th element of ĥ. Because of the block structure of J, J−1 also has a block
structure. Using the matrix inversion lemma and putting k = σ2

w back, we have

σ2
h ≥ σ2

w × Tr

(
X>T

[
I− DXhh>X>D>

h>X>D>DXh− 1
Lσ2

w
(h>X>D>DXh)2

]
T>X

)−1
. (18)

The frequency estimator error variance

σ2
ω0

= E
{

(ω0 − ω̂0)
2} . (19)

is lower bounded by the (2(N1 +N2 + 1) + 1)th diagonal element of J−1 which, using the matrix
inversion lemma, may be expressed as

σ2
ω0
≥ σ2

w

(DXh)>
(
I− 1

Lσ2
w
TXhh>X>T> − T>X (X>X)−1 X>T

)
DXh

. (20)

Finally, the noise variance estimator error variance

σ2
σ2
w

= E

{(
σ2
w − σ̂2

w

)2}
, (21)

is lower bounded by the bottom-right element of J−1 which, using the matrix inversion lemma,
can be found as

σ2
σ2
w
≥ σ2

w

 1

L2

(
h>X>DTXh

)2
(DXh)>

(
I− 1

Lσ2
w
TXhh>X>T> − T>X (X>X)−1 X>T

)
DXh

+
σ2
w

L

 . (22)

JOINT MAXIMUM LIKELIHOOD ESTIMATION OF FREQUENCY OFFSET,
CHANNEL AND NOISE VARIANCE

The joint ML estimates of CFO, channel and noise variance are derived utilizing the received
samples corresponding to the iNET preamble and ASM bits. From (2), we write those samples in
the following vector form

r = Ω0Xih + w , (23)
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Figure 3: A block diagram of the simulation procedure.

which yields the log-likelihood function for the parameters (h, ω0, σ
2
w) as follows

Λ(r|h, ω0, σ
2
w) = −L ln(σ2

w)− 1

2σ2
w

|r−Ω0Xih|2 . (24)

Equation (24) yields the joint ML estimate of (h, ω0, σ
2
w) as

ĥ, ω̂0, σ̂
2
w = argmin

h,ω0,σ2
w

{
L ln(σ2

w) +
1

2σ2
w

|r−Ω0Xih|2
}
. (25)

It can be shown that the joint estimation can be performed in three steps:

ω̂0 = argmin
ω0

{∣∣∣∣[I−Ω0Xi

(
X†i Xi

)−1
X†i Ω

†
0

]
r

∣∣∣∣2
}
, (26)

ĥ =
(
X†i Xi

)−1
X†i Ω̂

†
0r , (27)

σ̂2
w =

1

2ρ

∣∣∣r− Ω̂0Xiĥ
∣∣∣2 =

1

2ρ

∣∣∣Ω̂0MΩ̂
†
0r
∣∣∣2 , (28)

where Ω̂0 = diag
{
ejω̂0(i+N2), ejω̂0(i+N2+1), . . . , ejω̂0(i+Np−N1−1)

}
, M =

(
I−Xi

(
X†i Xi

)−1
X†i

)
and ρ is the rank of matrix M.

NUMERICAL RESULTS

The performance of the joint ML estimators described in the previous section were assessed using
the simulation environment outlined in Figure 3. The simulation parameters were the following:

1. Training sequences were generated according to iNET packet format where they consists of
128 bits of preamble sequence followed by 64 bits of attached sync marker (ASM) sequence.
The preamble sequence is CD98hex repeated eight times [11, p. 48] and ASM field is defined
as 034776C7272895B0hex.
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Table 1: Description of the two test channels used in the simulations.

channel N1 N2 length environment

1 5 13 19 Takeoff on 22L at Edwards AFB
2 2 3 6 Land on 22L at Edwards AFB

Figure 4: Frequency-domain plots of the example channels from channel sounding experiments at
Edwards AFB. In each plot, the thick line is the channel frequency response and the thin line is the
power spectral density of SOQPSK-TG operating at 10.3125 Mbits/s.

2. The payload data rate was equivalent to 10 Mbits/s (the equivalent “over-the-air” bit rate was
10.3125 Mbits/s). The iNET-formatted SOQPSK-TG signal and channel were generated at
an equivalent sample rate of 2 samples/bit and at this rateNp = 256 andNasm = 128 samples.

3. Because the channel estimator does not know the true length of the channel, the estimator
used values for N1 and N2 larger than any of the test channels. These values were N1 = 12
and N2 = 25 samples.

4. The simulations were performed over 2 representative channels derived from channel sound-
ing measurements conducted at Edwards AFB under the M4A program [13]. The test chan-
nels are summarized in Table 1 and the corresponding frequency-domain plots are shown in
Figure 4.

The mean-squared error (MSE) for the CFO was computed using

E
{(

ω0 − ω̂0

)2}
≈ 1

N

N−1∑
i=0

(
ω0 − ω̂0(i)

)2
, (29)

where N is the number of iterations and ω̂0(i) is the frequency offset estimate for the i-th iteration.
Performances of the CFO estimators described in (26) was simulated using the two test channels.
Figures 5 – 6 show results for test channel 1; and Figures 7 – 8 contain the results for test channel
2, respectively. Each set of plots shows the simulated mean of the estimators for Eb/N0 = 10 dB,
and the estimator error variance. The key observations regarding the mean performance are the
following:

• The ML estimate of CFO has the highest possible estimation range for any CFO estimator
operating on baud rate samples. Thus it gives unambiguous estimates for |ω0

2π
| ≤ 1

2
.
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For the estimator error variance, the following observations are made.

• ML estimator of CFO has the lowest error variance and it achieves Cramér-Rao bound at
SNR < 0 dB for channel 1 and at around 7 dB for channel 2.

The MSE for the channel estimate is calculated according to

N2∑
n=−N1

E

{∣∣∣h(n)− ĥ(n)
∣∣∣2} ≈ 1

N

N−1∑
i=0

N2∑
n=−N1

∣∣∣h(n)− ĥ(n; i)
∣∣∣2 , (30)

where ĥ(n; i) is the estimate of the channel impulse response for the i-th iteration. The MSE for
each of the channel is compared to the Cramér-Rao bound (18) in Figures 9 – 10. Here it can be
noticed that, interestingly in each case the channel estimator works as best it can, in the sense that
the MSE performance meets its lower bound (18).

The MSE for the noise variance was estimated using

E
{(

σ2
w − σ̂2

w

)2}
≈ 1

N

N−1∑
i=0

(
σ2
w − σ̂2

w(i)
)2

, (31)

where N is the number of iterations and σ̂2
w(i) is the noise variance estimate at the i-th iteration.

The simulation results of noise variance estimator (28) for the test channels are plotted in Fig-
ures 11 – 14. To have a better insight into the noise variance estimator we plot the mean of SNR
estimator instead where the signal power is assumed to be 1.

Noticeable fact regarding the mean performance of the SNR estimator are the following:

• The SNR (or noise variance) estimation appears to be unbiased. In fact, they are affected
by a micro-bias (see Figures 15 – 16). This micro-bias in the noise variance estimation is a
result of CFO estimation error. Estimation error of CFO decreases with the increase of SNR
and bias of the noise variance (or SNR) estimation decreases accordingly.

Observation regarding the noise variance estimation error is given below:

• The noise variance estimation does not achieve the Cramér-Rao bound (22). However, it is
expected since the bound (22) assumed the use ofNp +Nasm−N1−N2 = 347 noise samples,
whereas due to the noise subspace projection the estimator (28) effectively used less number
of noise samples (which is ρ = Tr{M} = 309).

CONCLUSIONS

This paper derives the theoretical performance bound of the joint estimation of frequency offset
(20), channel (18) and noise variance (22). Performance of the joint ML estimators are compared
with this bound with iNET-formatted SOQPSK-TG samples over two test channels derived from
channel sounding experiments at Edwards AFB [13]. The impact of the estimation errors may be
inferred from the (BER) performance of the MMSE equalizer presented in [6] where it is demon-
strated that the equalization techniques enabled by these estimates have reasonably good BER
performance over the same set of test channels.
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Figure 5: Simulated means of the ML estimate
of CFO as a function of CFO for test channel 1
with Eb/N0 = 10 dB.
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Figure 6: CFO estimator error variance as a
function of Eb/N0 for test channel 1.
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Figure 7: Simulated means of the ML estimate
of CFO as a function of CFO for test channel 2
with Eb/N0 = 10 dB.
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Figure 8: CFO estimator error variance as a
function of Eb/N0 for test channel 2.
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Figure 9: Simulated performance of the chan-
nel estimator for test channel 1.
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Figure 10: Simulated performance of the chan-
nel estimator for test channel 2.
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Figure 11: Simulated mean of the SNR estima-
tor for test channel 1.
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Figure 12: Simulated performance of the noise
variance estimator for test channel 1.
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Figure 13: Simulated mean of the SNR estima-
tor for test channel 2.
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Figure 14: Simulated performance of the noise
variance estimator for test channel 2.
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Figure 15: Simulated mean of the SNR estima-
tor at around Eb/N0 = 1 dB for test channel
2.
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Abstract: This paper describes the methodology and the results of the interferences analysis that 

the JASON3 spacecraft has to deal with, as part of the PROTEUS platform series, sharing 

frequencies, modulation schemes and ground network.  
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1. Introduction 

The joint CNES-NASA-NOAA-EUMETSAT JASON3 mission is based on a PROTEUS satellite 

platform and then uses its inherited Telemetry, Tracking and Control (TT&C) S-Band sub-

system. Thanks to its instruments including the Poseidon altimeter, JASON3 is able to determine 

the height of the oceans and thus to contribute to the weather forecast, and to climatology. 

 

2. JASON3 characteristics 

2.1 Orbit and attitude 
 

JASON3 will orbit at an altitude of roughly 1300 km with a near circular orbit at 66° of 

inclination. JASON3 attitude keeping is geocentric, with +Zs axis (payload pointing axis) being 

nadir oriented toward the velocity vector (+Ys). 

 

2.2 TT&C subsystem 

As for the other PROTEUS missions, the JASON3 TT&C system is composed of two S-band 

transceivers in redundancy both connected to two identical large aperture antennae. In order to 

offer the largest coverage (objective is 4 steradian), the antennae are operating in opposite 

circular polarization (left and right) and are pointing in opposite directions on the Zs axis as 

shown in Figure 2. 

 

2.3 TT&C frequencies 

Three frequency couples (TM/TC) have been allocated to the PROTEUS satellites in the 

International Telecommunication Union (ITU) assignated bands: 2200 MHz to 2290 MHz for the 

Telemetry (TM) link and 2025 MHz to 2110 MHz for the Telecommand (TC) link. Each 

frequency couple could be used by several PROTEUS satellites as seen in Table 1. 

 

mailto:celine.loisel@cnes.fr
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JASON3 

RHCP 

LHCP 

LHCP (Cross-polar) 

RHCP (Cross-polar) 

Nadir 

V 

 

 

 

 

 

 

 

 

 

 

 

 

Table 1. PROTEUS frequencies and orbits 

 

2.4 S-Band ground network 

During nominal operations, the JASON3 ground network is composed of four earth stations:  

o Usingen (USG) Telemetry TeleCommand Earth Terminal TTCET from Eumetsat network 

o Wallops and Fairbanks Command and Data Acquisition Station (CDA) and Barrow 

(BRW) stations from NOAA network  

During LEOP (Low Earth Orbit Operations) and SHM (Safe Hold Mode) situations, the network 

is complemented with stations of the CNES 2 GHz network (HBK, KRU, KER, AUS). 

 

3. JASON3, SMOS & JASON1 conflicts 

3.1 Context 

JASON3 transceiver is configured with the same frequency couple as JASON1 and SMOS 

leading to potential RF conflicts both in TC and TM links. 

During early phase of JASON3 development, it was already known that at the JASON3 launch 

horizon in 2015, JASON1 will be deorbited, cancelling all interferences cases. 

By against, as it was done for JASON2/CALIPSO and JASON1/SMOS previous pairs, 

JASON3/SMOS conflicts have to be studied. Both spacecrafts have indeed the same TM/TC 

frequencies, the same modulation and data rates and their transmitters are always transmitting. 

Calipso Jason2 Jason1 Jason3 SMOS Corot

TC frequency (MHz) 2101.71

TM frequency (MHz) 2282.4

Orbit

Circular, 

heliosynchronous

i = 98.2°

Circular, 

heliosynchronous

i = 98.4°

Circular, polar

Altitude (km) H = 705 H = 755 H = 896

2040.493

2215.92

Circular with high inclination

i = 66°

H= 1336

2088.878

2268.465

+Zs 

Figure 1. JASON3 attitude during 

nominal operations 
Figure 2. JASON3 Measurement System 
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5° 
5° 90° 

SMOS is using the same 2 GHz network of ground stations plus TTCET ground stations.  There 

are thus some overlapping areas during spacecraft visibilities periods. The risk is emphasized 

during LEOP by the fact that additional ground station sites may be used. 
 

 

Table 2. Ground network characteristics and interference risk 

 

Due to their small antenna diameter and then to their wider beam, the interference risk is higher 

over TTCET and BRW ground stations as seen in Table 2, the angular isolation between satellites 

being too low to avoid any disturbance on the link budget. 

The following cases have thus emerged with a potential risk: 

o Interfering over the TTCET stations (SMOS operations over AUS/KRN and JASON3 

operations over USG) 

o Interfering over the BRW station by SMOS telemetry signal on the JASON3 TM link. 

 

3.2 Methodology and results 

A link budget analysis has been done for conflict cases with a 5° separation between both 

spacecrafts taking into account the following points: 

o Ground antenna gain isolation 

o Distance isolation (Propagation losses) 

o On-board antenna gain and polarization isolation 

o Nominal or SHM/LEOP operations 

 

The link budgets with and without interferer have been computed taking into account the three 

following sizing geometrical cases as shown on Figure 3. 

 

o 5° angular separation at low elevation (case 1), 

o 5° separation at high elevation (case 2), 

o 90° separation, one satellite being at zenith, the other 

being at low elevation (case 3). 

 

 

 

 

WCDA FCDA Barrow

Antenna diameter (m) 13 13 5 3.1 12

θ3dB (°) <1 <1 1,76 3,2 <1

Spatial isolation (dB)

C/I @ 5° (off-angle)
>>25 >>25 20 <20 >>25

Conflict risk No risk No risk Risk Risk No risk

Station performances
NOAA Network

TTCET
CNES 2 GHz Network 

(KRU, HBK, KER, AUS)

Figure 3. Sizing geometrical cases 
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For nominal operations, JASON3 attitude implies that during all pass duration, the main 

polarization seen from the ground is LHCP, whereas for SMOS it may be the LHCP or the RHCP 

one (Figure 4) 

 

Figure 4. SMOS attitude during nominal operations 

 

On the other side, during SHM and LEOP operations, PROTEUS spacecrafts are spinning around 

the Zs axis leading to a change of the onboard antenna seen from the ground and thus of the 

polarization. 

After analysis, the following conclusions have been issued: 

 

 

Table 3. JASON3/SMOS interference conclusions 

 

There is no serious risk of conflict for the TM link: 

o Some low Eb/No degradation (1.5 dB) on the SMOS TM link by the JASON3 signal over 

KRN and AUS TTCET (but no TM loss) may occur. 

o The JASON3 TM link over BRW may be disturbed by SMOS signal when both satellites 

are in SHM (very seldom case) 

Nom / Nom SHM / Nom  Nom / SHM SHM / SHM

JASON3

 JAMMER

Eb/No small degradation 

when both satellites at 

zenithal position

Eb/No small degradation 

when both satellites at 

zenithal position

No RF conflict risk No RF conflict risk

SMOS

 JAMMER
No RF conflict risk No RF conflict risk No RF conflict risk No RF conflict risk

BARROW 

LEO-T

SMOS

 JAMMER
No RF conflict risk No RF conflict risk No RF conflict risk

The SMOS jamming signal 

may be enough to lock the 

JASON3 ground receiver

JASON3 / SMOS TM LINK

TTCET

Nom / Nom SHM / Nom Nom / SHM SHM / SHM

SMOS

 JAMMER
No RF conflict risk No RF conflict risk No RF conflict risk No RF conflict risk

JASON3 / SMOS TC LINK

Case 1 : TC link establishment  

No RF conflict risk

Case 1 : TC link establishment  

Possible RF conflict risk 

Case 2 : High elevation phase

No RF conflict risk
TTCET

Case 3 : separation of 90° between spacecrafts

No RF conflict risk

JASON3

 JAMMER
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Concerning the uplink, the SMOS TC link, when in SHM mode may be difficult to establish in 

presence of the JASON3 interfering signal: the link establishment delays could be longer, but the 

perturbation would not have any consequences on the pass follow-up apart a false RF lock on the 

interfering signal when establishing the TC link.. 

 

A simulation with STK software was run over a 1 year period (2013/07/01 – 2014/07/01) to 

establish the conflict statistics. The number of conflicts where SMOS and JASON3 are separated 

by less than 5° over the previous ground stations was computed (Table 4) 

 
(*) Considering passes with at least 8 min of visibility with elevation > 5°  for JASON3 and 6 min for SMOS 

Table 4. JASON3/SMOS conflicts statistics 

 

The number of expected conflicts being low (statistics), it has been recommended to filter the 

passes with a delta angle less than 5° in order to avoid any telemetry loss or any bad lock on the 

TC link. This kind of operational filtering is already achieved on the in-flight PROTEUS 

spacecrafts, the same instructions will thus be applied to JASON3. 

 

4. Tandem flight with JASON2 

JASON2 was launched in June 2008 and has the same mission/architecture than JASON3. 

During the first months of JASON3 in orbit (up to 6 months), JASON2 and JASON3 spacecrafts 

will fly on formation on the same orbit separated each other by 1 to 10 minutes in order to make 

instruments inter-calibration. Then they will be equi-located on the orbit. 

 

JASON3 and JASON2 have different TM/TC frequencies but during the tandem flight, they will 

use co-localized ground stations (50m) for USG and WPS sites.  

Potential RF interference cases may thus happen over these two ground stations. 

 

An isolation budget analysis has been done to assess or not the risk of interference during this 

tandem phase: 

 

 

 

 

 

 

 

 

SPATIAL ISOLATION SPECTRAL ISOLATION 

Ground antenna gain isolation - GSI ΔFrequency 

Range isolation (Propagation losses) - RI Transmission mask 

On-board antenna gain isolation – OBSI Filtering 
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Considering the spatial isolation budgets, the following hypotheses have been taken into 

consideration: 

o Only Nominal mode for spacecrafts 

o Same station location for the TC link 

o ITU antenna pattern mask for off-axis losses, JASON antenna pattern 

o JASON3 one minute behind JASON2  

 

The following table (Table 5) summarizes the computed spatial isolation budget: 

 

Table 5. Spatial isolation budgets (dB) 

 

Thanks to their large antenna, the worst case of spatial isolation for the CDA stations is 15 dB 

higher than for the TTCET stations. 

 

For the spectral isolation budget, it is necessary to look at the transmitted spectrums and their 

occupied bandwidth and at the filtering done at reception: 

  

 

Table 6. JASON3 RF waveforms 

 

The following tables (Table 7) summarize the different isolation budget items: 

 

Table 7. JASON3/JASON2 isolation budgets 

 
Worst Case Spatial Isolation (dB) TM TC 

Usingen 

(TTCET) 

JASON2 Interfering on JASON3 11.7 
12.3 

JASON3 Interfering on JASON2 12.3 

Wallops 

(CDA) 

JASON2 Interfering on JASON3 27.9 
27.2 

JASON3 Interfering on JASON2 28 

TM link TC link

Modulation Not-filtered QPSK BPSK/PM, subcarrier @ 16kHz

Coding RS+CV (7;1/2) No coding

Data Rate 838861 kb/s (with RS) 4 kb/s

Occupied Bandwidth 99% of the power in 2Rs 100 kHz @-20 dBc

JASON3 interfering 

on JASON2 

TM TC 

TTCET CDA TTCET CDA 

Transmitted power 

ratio (dB) 
0 0 

Spatial Isolation (dB) 

(Worst case) incl. 
transmitting gain and 

propagation losses 

12.2 28 12.3 27.2 

In-Band Spectral 

Isolation (dB) 
70 70 

Out-Of-Band rejection 

(dB)  
> 25 > 70 

Polarisation (dB) 0 0 

Total (dB) > 80 > 95 > 80 > 95 

JASON2 interfering 

on JASON3 

TM TC 

TTCET CDA TTCET CDA 

Transmitted power 
ratio (dB) 

0 0 

Spatial Isolation (dB) 
(Worst case) incl. 

transmitting gain and 

propagation losses 

11.7 27.9 12.3 27.2 

In-Band Spectral 

Isolation (dB) 
70 70 

Out-Of-Band rejection 
(dB)  

> 25 > 70 

Polarisation (dB) 0 0 

Total (dB) > 80 > 95 > 80 > 95 
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The isolation budgets are thus very high: signal to interference ratio C/I > 80 dB even for TTCET 

where the spatial isolation would not be enough to prevent from a conflict (C/I ~ 12 dB) 

So no interference between both spacecrafts either for USG or for WPS sites is expected. 

But if the risk of interferences for the data link is very low, the tracking sub-system may have 

been disturbed. Indeed as both satellites signals may be received in the main antenna lobe, 

confirmation that the tracking receiver is not going to lock on the interfering signal has to be 

assessed. 

For the TTCET network stations, as they are working on ephemerides, and not by means of 

“autotrack” systems, there is no risk of lock of the nominal antenna on the interferent signal. 

The WPS station can operate either on ephemerides or in "autotrack", but in this case, thanks to 

its big antenna diameter (13m or 14m), and thus of its small beamwidth at 3 dB, the spatial 

isolation (> 25 dB) between both signals will ensure a “zero” risk of interference. 

 

On the other hand, some RF tests done in lab environment have confirmed that the presence of 

both signals (nominal and interferent) in the reception chain (LNA, down-conversion..) of 

onboard but also of ground equipment, is not going to generate intermodulation products and/or 

saturation levels which could disturb the link quality.  

 

5. No TM at separation risk 

Interference mitigation being one of the JASON3 motto because of its last in the family status, it 

has to face a last interference case on the launch pad because of the SpaceX Falcon9 launcher 

transmitter characteristics. 

 

Indeed, at separation, the JASON3 TT&C link is established for the first time with the station in 

visibility; only telemetry service is achieved during this first pass. 

 

As a reminder, JASON3 TT&C frequencies are the following:  

o TC link : 2040.493 MHz / TM link : 2215.92 MHZ 

 

Concerning the launcher, only the second stage of the rocket is still present at separation. Thus 

according to Falcon9 figures two TX frequencies may potentially disturb JASON3 TM link or 

vice-versa: S2TX1 and S2TX2 (Figure 5) 

Concerning the S2TX2 transmitter, the delta frequency with the JASON3 TM frequency being 

about 35 MHz and the Falcon9 signal bandwidth being 3 MHz, the frequency isolation is big 

enough to avoid any interference between both signals. 

The potential disturbance may come from the S2TX1 Falcon9 signal whose frequency is about 2 

MHz away from the JASON3 TM frequency. Moreover, as the Falcon9 signal has a width 

bandwidth of 3 MHz compared to the JASON3 QPSK spectrum at low rate (about 800 kHz), both 

signals are overlapping. The interference cases shall thus be investigated. 
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Figure 5. JASON3/Falcon9 frequencies 

 

Several potential anomalies could occur due to this interference context: 

o Bad antenna tracking 

o LNA saturation and/or intermodulation  

o Receiver lock disturbance 

o Noise addition in the reception chain 

 

5.1. Spatial Isolation Budget 

As this potential case of interference will occur during JASON3 spacecraft separation, the spatial 

isolation is very low. At the beginning of operations, JASON3 and Falcon9 are still attached, and 

then following the separation, they will slowly move away at a speed of about 0,4 m/s leading to 

a few hundredth of degree separation after 5 min. 

 

The separation will happen over HBK ground station which uses a 12 meters antenna. The 3 dB 

bandwidth lobe is 0.75° wide. Thus no isolation from the antenna could be expected. Both signals 

will be received in the main lobe of the antenna and so with the same gain. 

5.2. Spectral Isolation Budget 

Both signals may be superposed as seen on Figure 6. In-band isolation will then depends on the 

delta of EIRP between both signals; JASON3 EIRP is between -4.2 dBW and 9 dBW depending 

on the antenna gain in direction of the station. Falcon9 transmitter computed EIRP is 11 dBW, 

leading to a delta of power between both signals of 2 dB to 15 dB. 

 

Figure 6. JASON3 and Falcon9 TM spectrums 

 

Concerning ground isolation, the in-band interfering signal being only spaced from the nominal 

one by 2 MHz, it is not filtered by the different input stages of the receiver. No isolation can be 

considered between both signals at receiver level.  

In order to characterize the receiver behavior in this interference case, performances have been 

measured with a lab test setup. 

Both JASON3 and Falcon9 signals are generated with lab means, the delta of power between 

both signals is set up between 2 and 15 dB. Tests are done at several frequency shifts between 

both signals in order to cope with the interfering spectrum bandwidth uncertainty. 
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We observe during these tests different kind of interference issues on our telemetry link: 

o Unlock of the JASON3 TM signal as soon as the interfering signal is received. 

o Degradation of the TM link performances (Eb/No, Bit Error Rate BER) in presence of the 

interfering signal (Figure 7) 

o Impossibility to lock the receiver on the nominal signal in presence of the interfering 

signal 

o Lock of the nominal JASON3 receiver on a bad frequency eventually leading to no frame 

synchronization. 

 

Figure 7. Eb/No degradation on the JASON3 TM link 

 

The gravity of the disturbance depends principally of the position of the QPSK JASON3 signal 

according to the interfering signal bandwidth. 

Indeed, in the theoretical case, the JASON3 signal is in a low amplitude lobe of the interfering 

signal, this case being also not so unfavourable. But due to the uncertainty in the Falcon9 

spectrum (filtering, exact bandwidth), the JASON3 signal may be more or less disturbed by the 

interferer.  

Following these tests, the risk of interference between the Falcon9 telemetry signal from S2TX1 

and the JASON3 transmitter has been proved. There was thus a non-null probability to have no 

spacecraft telemetry at separation during the first pass over HBK. The contingency case NO TM 

at separation shall in this case be addressed with the process of specific operations to check the 

satellite status. Of course this kind of procedure has to be avoided if possible because it comes 

with a lot of stressful operations. It was thus decided to ask SpaceX if they could change their 

transmitter frequencies to cancel any risk. 

Based on the previous analysis and conclusions, SpaceX offered to switch the first and second 

stage transmitters leading to a zero risk of interference at separation.  

 

6. Conclusion 

The analysis conducted in this paper shows us that spectral bandwidth sharing is now a challenge 

in the S-band, especially in a spacecraft family where frequencies, rates, modulation and ground 
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networks are shared. JASON3, as part and last of the PROTEUS family hasn’t escaped to 

multiple interference studies and experimentations. Happily, the documented cases are seldom 

and may be handled with simple operational rules like pass filtering according to spacecraft 

preference.  

By proceeding this way, this ensures a risk reduction with family’s spacecrafts but unfortunately 

not with the hundred ones sharing the same S-band frequency slot. 

S-band frequencies may also be shared with launcher transmitters; in this case the coordination is 

crucial because operations at separation and during first pass are really critical. Some minutes of 

lost telemetry may lead to tough recovery operations and thus stress to the teams. Hopefully in 

the JASON3/Falcon9 case, it has been easy to find an alternative solution to avoid any risk. This 

shows the importance of analysis and coordination like the ones presented in that paper to use for 

a long time the vital TT&C S-band spectrum resource.  The JASON3 launch is foreseen end of 

2015, the 6 first months of in-orbit life will allow us to confirm the status of the operations and 

the interference risk management. 

 

 

 6. Glossary 

 

AUS: Aussaguel, France 

BER: Bit Error Rate 

BRW: Barrow, Alaska 

CDA: Command and Data Acquisition Station 

Eb/No : Power per bit to Noise density ratio (in dB) 

EIRP: Equivalent Isotropic Radiated Power 

FBK: Fairbanks, Alaska 

HBK: Hartebeeshoek, South Afrika 

KER: Kerguelen, French Southern and Antartic Lands 

KRN: Kiruna, Sweden 

KRU: Kourou, French Guyana 

LHCP: Left Hand Circular Polarization 

LNA: Low Noise Amplifier 

RHCP: Right Hand Circular Polarization 

RF: Radio Frequency 

STK: System Tool Kit 

TC: Telecommand 

TM: Telemetry 

TTCET: Telemetry TeleCommand Earth Terminal 

TT&C: Telemetry, Tracking and Control 

USG: Usingen, Germany 

WPS: Wallops, Virginia 
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ABSTRACT 

This paper proposes a spatial diversity combining 

approach by which spatially diverse telemetry signals from 

multiple antennas are combined before they are 

demodulated. The combined signal is guaranteed to at least 

replicate and in many cases improve upon the performance 

of any single antenna. By taking advantage of blind channel 

estimation, the combined signal can be computed as a time 

varying weighted sum of digital I and Q samples from 

multiple antennas. Multiple antenna combining is enabled 

by improved computation capability, high speed network 

connectivity, and accurate clock synchronization. 

The algorithm will be demonstrated at the Reagan Test 

Site (RTS), whose modernization program encompasses 

multiple antenna sites with network capability and a state of 

the art software defined radio back end. This paper details 

the spatial diversity combining algorithm and discusses its 

merits and challenges. 

Index Terms - Telemetry, Reagan Test Site, blind 

estimation, multiple antenna combining, best source 

selection, spatial diversity combining. 

 

1.   INTRODUCTION 

Wireless communications channels can be subject to 

fading and signal dropouts due to multi-path effects or 

antenna motion [1]. This is a critical issue in aeronautical 

mobile telemetry (AMT) and current solutions include both 

polarization and spatial diversity combining. Telemetry 

ranges often employ multiple antennas and receive sites to 

ensure that signal reception is robust to channel fading, 

which can be common at a single site even with a 

polarization combiner in place. Historically, spatial diversity 

combining in the AMT community has been accomplished 

using a best source selector which performs either a post-

detection digital or analog video combine of signals from 

multiple antennas [2].  

In a post-detection digital combine, a single bit stream is 

selected based on a variety of signal strength and signal 

quality metrics. While this approach can be effective, 

selection criteria must be designed carefully, can be error 

prone, and performance is limited to the contributions of the 

single antenna with the highest signal-to-noise ratio (SNR). 

 In a typical analog combine, post-demodulated video 

signals are combined in a weighted sum. While some SNR 

improvements can be achieved with this approach, in 

practice achieving accurate timing synchronization between 

the various antenna sites can be challenging, particularly for 

widely separated antennas.  

An alternative approach is to implement a pre-detection 

diversity combine that operates on complex I and Q samples 

of the down converted received RF signal. Blind channel 

estimation seeks to compensate for the effects of an 

unknown communications channel based on a received 

signal. In particular, blind beamforming seeks to determine 

the complex weights which optimize the SNR of a weighted 

combination of signals received at spatially diverse antenna 

locations [3][4].  

In this paper we propose an approach by which these 

methods can be used to combine signals from multiple 

telemetry antennas. By first compensating for time and 

frequency offsets between antenna locations, then choosing 

optimal combining weights, it is possible to not only 

compensate for channel fading, but also improve SNR and 

thus demodulation accuracy in the combined signal. 

 

2.  SIGNAL MODEL 

In this paper, we address a moving vehicle transmitting a 

telemetry waveform received at spatially diverse receive 

sites. Telemetry waveforms, as specified in the IRIG 

Telemetry Standard [5], can be represented as continuous 

phase modulated (CPM) waveforms,  

 

                                                   

 

where the information is fully contained in the phase,      

of the transmitted waveform,       The spatial diversity 

combining application is illustrated in Figure 1.  
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Figure 1 - Multiple antenna combining example, the output of this processing chain is the input to demodulation and bit-sync 

 

Each antenna receives a signal that has passed through a 

unique radio channel. Models of wireless propagation 

channels can be extremely complex and consist of time-

varying path and fading losses, delay spread and Doppler 

spread. These effects are caused by path loss, transmit and 

receive antenna patterns, multi-path interference, and other 

various atmospheric effects which vary based on 

application.  

To model these effects to high fidelity, it is common to 

use a multi-ray scattering model with a convolutive impulse 

response (typically modeled as a FIR filter) [6]. In this 

work, we assume that the inverse bandwidth of the 

transmitted signal is much greater than the delay spread of 

the channel. This is common in situations where the line of 

sight ray dominates the received signal and the transmitted 

signal is narrowband. Thus, the channel effect can be 

modeled as a multiplication by single complex weighting 

with a time delay  

Thus, if we have M receive antennas, the received signal 

at antenna i is,  

 

              
                                             

 

where    represents the complex weighting applied by the 

channel and       represents the delay due to the range 

between the transmitter and receiver. A digital receive chain 

might include an analog down conversion (ADC) and 

filtering, then an analog to digital converter at a desired 

sample rate, finally followed by a digital down conversion 

and filtering. This results in a set of complex baseband I and 

Q samples which can be represented as, 

 

                                                         

 

where T is the sample period of the ADC,    is a time 

varying frequency offset which incorporates Doppler shifts 

and clock mismatch between transmitter and receiver, and   

is independent additive white Gaussian noise. Note that this 

simplified formulation assumes ideal filtering during down 

conversion stages. The goal of the spatial diversity combiner 

is to estimate        and    with the goal of coherently 

combining the M signals in such a way as to maximize 

SNR. 

 

3.  APPROACH  

The spatial diversity combiner proceeds in two steps. 

First, the N signals must be modified so that they are time 

and frequency aligned. Then the signals are combined with 

weights computed using blind beamforming subspace 

methods.  

 

3.1. Time and Frequency Compensation  

To align the received signals in time and frequency it is 

necessary to choose a reference signal. If we assume i = 1 is 

the reference we can represent the complex baseband 

signals as,  

 

              
                        (4) 

 

where    and    and the sample and frequency offset 

respectively. Since only relative offsets are necessary we 

can set    = 0 and    = 0. Thus, the goal of the time and 

frequency compensation is to determine the time varying    

and    for i = 2….M such that       add coherently i. This 

can be accomplished by choosing parameters which 

maximize an inner product between the reference and each 

other signals compensated versions of the other signals. 
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where   
  is the vector of compensated samples given by  

 

  
                

                                     

 

The expression being maximized in Equation 5 is known 

as the complex ambiguity function. These values can be 

efficiently computed by implementing a low pass filter of 

the mixing product between the signals [7][8]. The 

computation and tracking of the time and frequency offsets 

are essentially the determination of the time difference of 

arrival (TDOA) and frequency difference of arrival (FDOA) 

between the receive signals.  

The capability of these algorithms to perform frequency 

and time compensation is bounded by the ability to 

synchronize the local oscillators and sample rates of 

multiple receivers. Modern receivers with GPS 

synchronization should obtain accuracy +/-10 nanoseconds 

which should be sufficient for the majority of telemetry 

applications.  

It is worth noting that a byproduct of this approach to 

multiple antenna combining could be the geolocation of the 

transmitter based on standard TDOA and/or FDOA 

processing. Of course, this capability will depend on the 

geometry of the receive antennas as well as the accuracy of 

time and frequency calculations. Nevertheless, providing an 

additional data point for the physical location of an object 

transmitting telemetry could be of great use to the test 

community [9].  

 

3.2. Weighted Combine  

Once the frequency and time compensation is complete 

the combined signal can be created using a weighted sum of 

compensated received signals. In the following we detail the 

method of blind beamforming using a subspace approach, 

similar to that described in [3]. We can collect a set of N 

samples in a matrix formulation as follows,  

 

      
       

                                       

 

where the columns of Xc are the compensated sample 

vectors from the spatially diverse receive antennas. The 

columns of Xc are assumed to be noise matched, i.e. the 

noise is at the same level for each signal. A suboptimal, but 

heuristically good approach to determine combiner weights 

is based on the basis for the columnspace of Xc. These 

weights can be computed using the singular value 

decomposition (SVD).  

 

                                                 

 

For our problem of a single transmitted signal with 

multiple received signals we can show that the combining 

weights can be directly extracted from the first column of V. 

More explicitly,  

             
 
     ,                            (9) 

 

where        is the i
th

 element of the first column of  .    

 

4.  RTS TELEMETRY MODERNIZATION 

The Reagan Test Site (RTS), located at the Kwajalein 

Atoll in the central Pacific has tracking telemetry sites 

located on two islands separated by approximately 80 km. 

During a typical tracking mission, antennas on each island 

are used to co- track a particular object for weather and 

multi-path diversity. MIT Lincoln Laboratory has developed 

a software defined radio based architecture for the Reagan 

Test Site Telemetry Modernization (RTM) program, which 

will enhance the current operations of the ground based 

telemetry systems and enable new modes of operation [10]. 

 At each antenna facility commercial off the shelf (COTS) 

Receiver modules are used to perform the RF down 

conversion, wide band tuning, digitization, narrow band 

channelization and filtering functions. Each narrow band 

link is then sent to the central Telemetry Processing center 

on Kwajalein over a high speed fiber network where 

software defined radio processing techniques are used to 

perform telemetry signal processing. Software modules, 

running on general-purpose computers perform signal and 

data processing that have been traditionally performed in 

special purpose hardware based components. This provides 

the flexibility to scale and adapt to future needs, such as 

spectrum change, increased need for capacity, and changes 

to modulation, encoding, and compression.  

The combination of wide baseline telemetry receive sites, 

high speed fiber network, and the increased capabilities of 

the RTM program make RTS an ideal location to validate 

and test spatial diversity combining techniques. Currently 

the RTM program has installed a single prototype receiver 

and software defined radio server and will install an 

additional prototype system on a different island and make 

GPS synchronized multi-site data collections. This will 

allow us to fully characterize the performance of the 

combining algorithm specified here versus traditional 

analog and digital combining approaches. 
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5.  SUMMARY 

We have proposed to apply blind channel estimation and 

beamforming techniques to create a spatial diversity 

combiner for telemetry applications. This approach will be 

validated and its performance characterized as a part of the 

RTM program. 
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ABSTRACT 
 
The Department of Defense (DoD) anticipated the eventual sell off of a portion of the 
Aeronautical Mobile Telemetry (AMT) frequency spectrum (from 1755-1780 and 2155-2180 
MHz), prompting the telemetry (TM) community to start designing and testing systems capable 
of operating in a portion of the C-Band spectrum (4400-4940 MHz and 5091-5150 MHz) several 
years ago.  On December 17, 2014 the NAVY targets office at White Sands Missile Range 
(WSMR) launched the first in a series of C-band and S-band instrumented Orion vehicles to 
provide RF transmitted data products for ground system collection and in-depth analysis. This 
paper presents the first C-band Transmitter Experimental (CTrEX) high-dynamic, spinning 
vehicle test at WSMR and summarizes the initial findings along with a path forward for future 
CTrEX rocket tests. 
 
 
CTrEX Introduction 
 
Historically, the DoD telemetry spectrum was allocated as lower L-Band (1435 MHz – 1535 
MHz), upper L-Band (1710 MHz – 1850 MHz) and S-Band (2200 MHz – 2300MHz, 2310 MHz 
- 2390 MHz). However, in 1993 the DoD controlled RF spectrum began to be valued for more 
than its usefulness in the test range community as a transmission medium for missile and Aircraft 
telemetry.  The National Telecommunications and Information Administration (NTIA) and 
Federal Communications Commission (FCC) perceives the available DoD spectrum as being 
more valuable if it is used by commercial users. With this stance in mind, the DoD has given up 
much of the upper L band and some of the S-band spectrum. This has pushed the telemetry 
community to work within limited spectrum ranges and augmentation is necessary to compensate 
for current and anticipated losses.   Part of the C-band spectrum (4400 MHz – 4940 MHz, 5091 
MHz - 5150 MHz) has been allocated for telemetry use as a result of the loss of the L and S – 
band frequency spectrum (1525 MHz – 1535 MHz, 1710 MHz – 1780 MHz, 2290 MHz – 2360 
MHz).   
 
DoD test support elements foresee that operating in higher frequency bands comes with 
additional challenges that need to be addressed.  Testing is required to understand and mitigate 
any problems encountered when operating in a new spectral band.  A number of these issues are 
outlined in the Tri-Service C-band Roadmap Study (TSCRS) document.  The telemetry 
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community within the DoD has begun to study the move to these new bands and what needs to 
be accomplished in terms of testing and incentivizing commercial interests. This in turn has led 
to testing to assess current equipment and capabilities. Edwards Air Force Base (EAFB) has 
tested with transmitters aboard various aircrafts, China Lake has utilized an air to air missile, and 
other Test Ranges have used lab environments.   
 
Although these test results were valuable and successful, they did not test the performance of C-
band tracking systems on high-dynamic, spinning targets.  There are unique problems associated 
with missile and rocket tracking that require specific tests to evaluate system performance. It is 
extremely important to verify efficacy of the higher frequencies with respect to utilizing current 
technologies in antennas (transmitting and receiving) as the telemetry bands are reduced and 
higher frequency bands are opened to DoD test range use.   
 
The CTrEX test was orchestrated as a collaborative effort between the Navy, WSMR (Army), 
the Missile Defense Agency (MDA) and a Tri-Service support team consisting of EAFB, Naval 
Air Station Patuxent River (PAX), Corona, and National Aeronautics Space Agency (NASA).   
 
 
CTrEX Synopsis 
 
The purpose of the CTrEX experiment was to test and compare the performance of a telemetry 
data stream radiated at C-Band with the equivalent data stream radiated at S-Band from 
transmitters aboard a spin-stabilized, high-dynamic rocket. The test focused on evaluating the 
auto-tracking performance and data link quality of the various telemetry receiving ground 
stations between the C-Band and S-Band data links. 
 
The test was comprised of utilizing a single stage Orion rocket and a separating recoverable 
payload containing various experiments, including the CTrEX test articles. Due to the expense of 
instrumentation replacement and the probable need for additional flights, a recovery system was 
a requirement for the vehicle. A parachute was attached to the aft portion of the instrumentation 
section and configured for deployment upon atmosphere re-entry. This configuration facilitates 
re-use for future testing, while realizing cost savings.  
 
Analysis of the transmitting systems includes comparing the power output/consumption of C-
Band transmitters in comparison to S-Band transmitters, analyzing the effects or differences in 
antenna patterns being transmitted from the rocket’s wrap-around antennas in C-Band and S-
Band, and any interference caused by other instrumentation (C-Band Radar Beacon) aboard the 
rocket.   
 
Analysis of the ground systems consisted of comparing performance of trackers at C-Band’s 
tighter beam-width versus S-Band performance, analyzing multipath effects on C-Band systems 
versus S-Band systems, and evaluating overall data quality from the two bands. 
 
The Orion sounding rocket vehicle used for this test transmitted a 10-Watt signal at 5125.5 MHz 
(mid-C band) and at 2251.5 MHz (mid-S band). Both signals were modulated by an NRZ-L data 
stream originating from a common 2¹¹ PRN generating source set to 10 Megabits per second.  
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The vehicle transmitters were of common origin, as were the 360° vehicle conformal wrap 
antennas. The common data stream and the PCM modulation provided well understood and 
validated methodologies for later data analysis. This modulation format has been historically 
used for the majority of range missile tests DoD wide and provides a valid starting point for 
analysis.  
 
Other onboard systems provided inertial measurements, GPS position, and magnetometer 
measurements. These were transmitted on a separate 10-Watt S-band transmitter at 2215.5 MHz 
for additional truth data. This data was collected for post test data analysis of vehicle attitude, 
along with antenna pattern analysis, and definitive position data. In addition, a video link was 
transmitted using a 10-Watt transmitter at 2279.5 MHz.  Transponders were transmitting in the 
C-Band at 5690 MHz and 5760 MHz via button antennas on the surface of the vehicle body.  
Figure 1 illustrates the antenna configuration on the CTrEX missile.  
 

 

 

Figure 1: CTrEX Missile Antenna Configuration 

 
Ground Instrumentation was the primary focus of the Range support side of the test. Ground 
instrumentation was fielded in an arrangement to assure common geometric tracking with respect 
to the launch point and flight trajectory, and to provide maximal stress to the RF and 
electromechanical servo systems. The ground system data collection included seven varying 
capability Telemetry tracking systems.   

All ground systems were sited, set up, and calibrated utilizing a C-12 aircraft.  A similar C-
Band/S-Band transmitter arrangement used on the ORION vehicle was installed on the C-12.  Of 
the seven ground systems, two of them, a 2.7 meter system (WSMR-4) and a 7.3 meter system 
(WSMR-2), were legacy L and S band (only) tracking and receiving systems. Each served as a 
baseline measurement system. It was also known from previous testing that the WSMR-2 system 
was capable of tracking at the expected rates of the ORION.  The two modified C-Band systems 
being tested are the same as the baseline systems in size and manufacturer, with Cassegrain 
modifications to the feed to accommodate the additional C band capability. These systems were 
modified and not designed initially to support C-Band.  
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Comparisons between the two paired systems are considered critical to the generation of 
pertinent and validated decision capability in considering this modification path.  Additional 
participation came from multi frequency capable systems from invited test ranges. Some were 
modified from earlier S band systems (EAFB), and some designed from the ground up as tri-
band tracking systems (PAX, and Corona). See Figure 2. 
 

 

Figure 2: CTrEX Systems and Configurations  
 

Several of the ground telemetry systems were under development and as such, the test was seen 
as an acceptance test for those systems. The idea of maintaining something of a level playing 
field for all participants was viewed by the community as important to the successful 
engagement of participants and commercial interests.   
 
The test location chosen was approximately two miles from the launcher, a location that is 
normally a primary tracking support area for research rocket firings. The facility at this location 
is capable of serving most infrastructure needs for the various systems. See Figure 3. 

 

Figure 3: Layout of Systems Supporting CTrEX 
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CTrEX Pre-Launch Events 

In preparation for the CTrEX launch, preliminary tests were conducted on identical transmitters 
to ensure proper functionality and increase confidence of achieving expected outcomes.  These 
tests included laboratory bench tests, bore sight testing and equipping a ground vehicle with 
transmitters to perform preliminary tracking tests.  After successful preliminary testing, the 
following sequence of activities were performed before the CTrEX Hot firing: 

• 20 Nov 2014:  Army Air C-12 calibration exploration flight 
• 10 Dec 2014:  Army Air C-12 calibration flight 
• 13 Dec 2014:  Orion Vehicle horizontal and vertical checks 
• 15 Dec 2014:  CTrEX dress Rehearsal 

The Army Air C-12 aircraft was utilized twice to ensure all instrumentation was configured and 
ready for the test effort.  All systems participated in the C-12 evaluation flights except for the 
Corona flat panel array, which was not yet transported to the site.  All systems in the evaluation 
flight checked 100% mission ready for test participation.  The Army Air C-12 transmitting 
equipment included a suitcase containing the tested transmitters radiating the same C-Band and 
S-Band signals used for the CTrEX Hot launch.  The S-Band antenna was a 1/4λ monopole 
located mid-belly pan and the C-Band antenna was a button type located aft belly pan.  Multiple 
racetracks were executed, each one with different parameters stressing different test objectives.  
The antenna system performance parameters collected included Automatic Gain Control (AGCs) 
measurements, Antenna Control Unit (ACU) activity logs, and recorded telemetry data.  Aboard 
the C-12, a GPS system recorded position data that was used as truth data to assess accuracy of 
ground tracking systems.  The ACU logs consisted of pointing angles, time, signal strength 
measurements, axial velocities and accelerations, tracking modes and tracking error 
measurements. These recordings were used in system performance analysis to ensure the ground 
systems could track a flying object successfully. The vertical and horizontal checks during the 
Dress Rehearsal verified the systems’ readiness to support the CTrEX. 
 
 
CTrEX Flight 
 
The CTrEX Hot flight launched at the scheduled time and followed a nominal trajectory.  
Substantial amounts of data were collected (estimated in excess of gigabytes), and data analysis 
continues at this time.  The results section of this paper will be discussed during the presentation 
at the International Telemetry Conference (ITC) and will focus on comparing the WSMR S and 
C band systems.  The baseline systems (WSMR-2 and WSMR-4) tracking in S-Band only 
achieved very close to 100% data recovery.  Actual percentage data recovered remains under 
analysis, but preliminary observations suggest a number above 98% PRN code recovery.  The C-
Band data was also recovered at a high percentage level, but is expected to be less than the S-
Band data recovered by the baseline systems.   
 
 
 



6	  
	  

CTrEX Findings 
 
! This CTrEX effort was key in developing the footprint for the CTrEX Test Bed, which 

consists of incorporating C-12 calibration flights, bore site testing, flight simulation analysis, 
and post data analysis procedures.  By incorporating a recoverable rocket payload, costs are 
minimized allowing for more affordable rocket tests. 

! Multipath at C-Band is far more critical than multi-path at S-Band, particularly in the launch 
arena (multi-path mapping or investigation is required).  Mitigation efforts should include 
transmitter power level decrease to provide only the effective required power and/or select 
the location for the tracker more carefully. 

! The C-Band feeds were impacted more by saturation than the L/S-Band feeds.  This 
saturation created a problem when trying to distinguish between side and main lobes when 
scanning for signal pre-launch.  Additionally, the narrower beam-width at C-Band increases 
the risk of losing track at launch.   

! Fallback options will need to be in place to help re-acquire lost targets. Accurate and timely 
slave data and using the multi-path clipping feature become more important in C-Band 
because of the narrowness of the beam width.   

! A good bore sight will be very important when supporting C-Band since the tracking error 
gradient will need to be checked, and possibly changed, periodically.  This is due to the fact 
that supporting a larger range of frequencies requires the gradient values to change on a case 
by case basis. Operators typically do not change these error gradient values in S-Band. 

! Additional C-Band testing is needed in order to obtain more valuable information to better 
characterize C-Band telemetry systems.   

 
Summary 
 

This CTrEX test event was a success due to the amount of valuable test information gathered. 
System capabilities, and limitations, of the current C-band telemetry technology were identified. 
The current telemetry C-Band technology is mature enough to be able to track C-Band emitting 
vehicles, however this test proved that inherent limitations exist as some C-Band trackers 
struggled with tracking off the launcher, while their S-Band counterparts did not. The CTrEX 
test established the foundation to implement a test bed at WSMR which will continue to serve as 
an aid for future tests, enabling continued assessment of C-Band tracking systems performance.   
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Abstract: 
 Ultrasonic frequency signals can be employed in a manner similar to radio frequency 
signals for target detection and ranging by utilizing concepts from radar systems. This project 
uses components operating in the ultrasonic frequency spectrum to transmit and receive signals 
for detection and ranging. The project concept contains a single channel ultrasonic transmitter 
and a single channel ultrasonic receiver. An Arduino Due microcontroller is used to coordinate 
the radar system. The radar transmitter is continuously transmitting chirp waveforms in a 
frequency sweep pattern from 30 kHz to 50 kHz. Chirp echoes are received by the ultrasonic 
microphone. The echoes are mixed with the originally transmitted chirp, which creates a beat 
frequency response. The beat frequency is used to calculate the range of the target. 
 



Theory of Operation: 
The process of implementing an ultrasonic radar begins with implementing a linear FM 

chirp on an Arduino Due microcontroller using direct digital synthesis (DDS) techniques. An 
Arduino Due is used as both the controller for the individual system components and the 
processor for DDS. Software written for the Arduino Due allows for generation of a chirp 
waveform of varying waveform duration, phase offset, and start/stop frequencies through I/O 
setup. Programmable bandwidth allows for adjustable range resolution. Programmable phase 
allows for use of varying signal processing techniques. 

After signal generation, the chirp waveform is amplified, buffered, passed through a 
matching network, and launched into the air through an ultrasonic speaker. An ultrasonic 
microphone is used to receive target backscatter. Received backscatter is amplified, filtered, and 
mixed coherently with the transmitted chirp waveform to form a beat signal. After final 
amplification and filtering, this beat waveform can be shunted to an external location for 
sampling and processing. Determination of the frequency of the beat signal allows for calculation 
of target distance. The system diagram is shown in Figure 1. The single element transmitter and 
receiver system operate monostatically. 

 

	  
Figure	  1:	  System	  Diagram	  of	  Ultrasonic	  Transmitter	  and	  Ultrasonic	  Receiver	  

 
 
 



The Arduino Due executes software that emulates a DDS to generate a linear FM 
waveform sweeping from 30 kHz to 50 kHz with programmable start frequencies, chirp rate, and 
waveform duration. An external digital trigger signal is used to start chirp generation. All 3.3 V 
inputs of the Arduino Due are protected by voltage limiting circuits to avoid destroying the 
microcontroller. The chirp waveform is AC coupled and driven through dual programmable op-
amp buffers 180º out of phase for amplification, followed by a matching network consisting of a 
series resistor and inductor. The matching network is needed to extend the bandwidth of the 
Kobitone transducer sufficiently for an applied chirp waveform of 30 kHz to 50 kHz to be 
transmitted effectively. The waveform drives a Kobitone transducer, which transmits the signal 
through air.  

The project concept includes an on-board receiver that interfaces with a Knowles 
ultrasonic microphone. Chirp echoes received through the microphone are AC coupled and then 
amplified using a programmable amplifier. The received signal is then mixed with the 
transmitted chirp directly, allowing for detection of a beat frequency for range calculations. The 
relationship between the beat frequency and range is described below. Alternatively, the 
amplified signal travels into an RF mixer and is mixed with a local oscillator (LO) signal 
generated by a LTC6903 programmable oscillator. The LO signal is separately buffered and 
available externally to the board. The LTC6903 can be disabled when not in use. After mixing, 
the beat signal is conditioned with a low pass filter and shunted externally for processing. 
 The primary equation relating chirp rate, beat frequency, and round trip travel time is 
shown in Equation 1, where ‘𝑓!’ is the beat frequency in [Hz], ‘𝑘’ is the chirp rate in [Hz/s], and 
‘𝑇!"’ is the round trip travel time in [s]. The chirp rate is calculated using Equation 2, where 
‘∆𝑓’ is the chirp bandwidth in [Hz] and ‘𝜏’ is the chirp duration in [s]. The round trip travel time 
‘T!"’ is calculated using Equation 3, where ‘𝑅’ is the total distance the signal has traveled 
(approximately the same as the range to the target for long distances)* in [m] and ‘𝑣’ is the 
propagation velocity of the signal, which is 330 [m/s] for ultrasonic waves (speed of sound). The 
term ‘2R’ in Equation 3 is the total distance traveled by the signal for a monostatic configuration. 
A monostatic configuration is one in which the radar transmitter and receiver are collocated. 
 Using these three equations and a known chirp rate, the range to a target can be 
calculated from the received beat frequency waveform. The beat waveform is generated by 
mixing the received backscatter chirp signal with the transmitted chirp signal. The transmitted 
and received waveforms should be nearly identical, aside from variations in amplitude and 
relative time. The time offset creates a beat waveform when the two signals are mixed, from 
which the beat frequency is extracted using signal processing. 
 

𝑓! = 𝑘 ∗   𝑇!"                                                                                                                                                 [𝐸𝑞. 1]	  
	  

𝑘 =   
∆𝑓
𝜏                                                                                                                                                             [𝐸𝑞. 2]	  

	  

𝑇!" =   
2𝑅
𝑣                                                                                                                                   [𝐸𝑞. 3]  

	  
 

 



DDS Implementation of Linear FM Waveform: 
 A linear FM waveform with spanning from 30 kHz to 50 kHz is implemented on an 
Arduino Due using direct digital synthesis (DDS) concepts. To implement a DDS system, an 
array of sinusoid amplitude data is created. Each sample of the array will be referred to as a 
phase index. The phase index can be incremented at various clock rates to create different 
sinusoidal frequencies. The amplitude of the sampled phase index is output to the digital-to-
analog converter (DAC) to create a quantized sinusoid waveform over time.  
 
 To understand linear FM waveform generation, it is important to know the relationship 
between frequency, phase, and chirp rate. Equation 4 relates frequency and chirp rate with 
respect to time. Equation 5 relates phase and frequency with respect to time. 
 

𝑓 𝑡 =    𝑘  𝑑𝑡                                                                                                                                         [𝐸𝑞. 4] 

𝜙 𝑡 =    𝑓 𝑡 𝑑𝑡   = 𝑓 𝑡 | !!! +
𝑘
2 𝑡

!                                                                                            [𝐸𝑞. 5] 

 
In a digital system, integration can be represented as a discrete series accumulation.  
Equation 6 relates frequency and chirp rate for a DDS system. To achieve a linear frequency 
response, the chirp rate must be a constant value. Equation 7 relates phase and frequency in a 
DDS system, where the variable ‘𝑓!"#$"’ is the starting frequency of the frequency accumulator, 
and the variable ‘𝑓(𝑘)’ is the frequency accumulator output dependent on the chirp rate ‘k’. 
 

𝑓 =    𝑘                                                                                                                                                     [𝐸𝑞  6] 

𝜙   = 𝑓!"#$" + 𝑓 𝑘                                                                                                                   [𝐸𝑞. 7] 

Combining Equations 6 and 7, the phase ‘𝜙’ required to approximate a linear chirp waveform 
can be written in terms of the chirp rate as shown in Equation 8. 
 

𝜙 = 𝑓!"#$" + 𝑘                                                                                                                     [𝐸𝑞. 8] 
 
Note that the phase is represented as a double accumulation of the constant chirp rate 'k'. The 
phase accumulator output increases quadratically upon each clock increment. The output 
frequency of the waveform increases linearly from the beginning frequency ‘𝑓!"#$"’ to the end 
frequency ‘𝑓!"#’. 
 
 The DDS system block diagram to create a chirp waveform is shown in Figure 2. The 
chirp signal is implemented in software using two index accumulators in series (analogous to the 
double integration of the chirp rate). The initial accumulator represents instantaneous frequency 
and the following accumulator represents instantaneous phase. The sample rate ‘𝑓!’ is the rate at 
which the accumulators are incremented and the DAC output is updated. Each accumulator 
increment will be referred to as a clock interrupt. The amplitude resolution of the Arduino Due 
DAC is limited to 12 bits. 



 
Figure 2: Chirp Waveform DDS Block Diagram 

 
 For a DDS system, the output sinusoidal frequency is dependent upon the DAC sample 
rate ‘𝑓!’ and the n-bit resolution of the phase indices. The output frequency can be calculated 
according to Equation 9  [!]. The tuning variable ‘M’ represents the number of phase indices that 
will be incremented upon each clock interrupt. In other words, ‘M’ is the rate at which the 
sample clock increments through one cycle of an n-bit LUT.  
 

𝑓!"# =
𝑀 ∗ 𝑓!
2!                                                                                                     [𝐸𝑞. 9  (𝐹𝑟𝑜𝑚  [1])] 

 
For example, consider the system shown in Figure 3 with sample rate 𝑓! = 1 Hz and sinusoid 
phase resolution of 4 bits, indicating that there are 16 possible phase indices. If the phase indices 
are incremented by M=1 at each clock interrupt, then the output frequency is calculated to be: 
 

𝑓!"# =
1 ∗ 1 𝑠𝑎𝑚𝑝𝑙𝑒𝑠𝑒𝑐𝑜𝑛𝑑

16 𝑠𝑎𝑚𝑝𝑙𝑒𝑠𝑐𝑦𝑐𝑙𝑒

    =
1
16   

𝑐𝑦𝑐𝑙𝑒𝑠
𝑠𝑒𝑐𝑜𝑛𝑑 

 
If the phase indices are incremented by M=2, then the output frequency is calculated to be: 
 

𝑓!"# =
2 ∗ 1 𝑠𝑎𝑚𝑝𝑙𝑒𝑠𝑒𝑐𝑜𝑛𝑑

16 𝑠𝑎𝑚𝑝𝑙𝑒𝑠𝑐𝑦𝑐𝑙𝑒

    =
2
16   

𝑐𝑦𝑐𝑙𝑒𝑠
𝑠𝑒𝑐𝑜𝑛𝑑 



 
Figure 3: 4-bit Sinusoid Resolution, 𝑓! = 1, Varying Rates of M 

 
If the phase accumulator index exceeds the index array length, then the phase accumulator is 
reset and any remainder increment will be added to the phase accumulator. The tradeoff of 
doubling the value of ‘M’ is that there will be half as many sample points per cycle of the output 
waveform, thus introducing more quantization error. Now consider a system with sample rate  
𝑓! = 500 kHz and a sinusoid resolution of 32 bits. If the desired output frequency from the DAC 
is 30 kHz, then the tuning variable ‘M’ can be calculated as: 
 

𝑀 =
30000 𝑐𝑦𝑐𝑙𝑒𝑠𝑠𝑒𝑐𝑜𝑛𝑑 ∗ 2!" 𝑠𝑎𝑚𝑝𝑙𝑒𝑠𝑐𝑦𝑐𝑙𝑒

500000 𝑠𝑎𝑚𝑝𝑙𝑒𝑠𝑠𝑒𝑐𝑜𝑛𝑑

    =   257698037.76 

 
There are two issues with the previous example. The first problem is that 4 billion data samples 
of resolution would require large amounts of flash memory to store. The second problem is that 
an ‘M’ value containing a decimal value will not always increment to an integer number, 
meaning the phase index after the ‘M’ increment may be rounded. Both issues are addressed 
using a process called bit truncation. If the flash memory of the Arduino Due cannot hold 2!" (4 
billion) samples of data, then it is more reasonable to only define a sinusoid for 2!" (32768) 
samples of data. The phase accumulator, however, will still have 32 bits of precision. The phase 
accumulator is truncated to the 15 most significant bits before being sent to the DAC. By 
truncating the 32 bit result to 15 bits, any decimal value of ‘M’ that is added to the phase index 
will also be truncated. An integer value will be sent to the 12-bit DAC. 

M	  =	  1	  
M	  =	  2	  



 To create a linear frequency sweep from ‘𝑓!"#$"’ to ‘𝑓!"#’, the value of the phase 
increment ‘M’ must increase upon each clock interrupt. The value by which ‘M’ must increase 
after each clock interrupt to create a linear frequency sweep is calculated in Equation 10, where 
‘𝜏’ is the chirp waveform duration, and the phase accumulator has an n-bit resolution. ‘𝑀!"#$’ is 
analogous to the chirp rate of the DDS implementation. 

 

𝑀!"#$   =   
𝑓!"# −   𝑓!"#$"

𝜏 ∗
2!

𝑓!!
                                                                                                            [𝐸𝑞. 10] 

 
Equation 11 represents the value of ‘M’ over time, where ‘𝑖’ is the number of clock interrupts 
that have occurred since the accumulation was initiated. Equation 12 represents the 32-bit phase 
accumulator index over time, where ‘𝑖’ is the number of clock interrupts that have occurred since 
the operation was initiated, the symbol ‘%’ represents the modulus operation, and the phase 
accumulator is defined over n bits. The series operators of Equation 11 and Equation 12 use the 
same indices, ‘𝑗’ and ‘𝑖’, to show that they accumulate synchronously. Equations 11 and 12 
continue to accumulate until the value of ‘M’ has surpassed the value of ‘M!"#’, at which point 
the chirp waveform will end transmission or repeat transmission. ‘M!"#’ corresponds to the 
desired end frequency ‘𝑓!"#’. The number of clock interrupts ‘L’ required to accumulate from 
‘M!"#$"’ to ‘M!"#’ is calculated in Equation 13. 
 

𝑀 = 𝑀!"#$" +    𝑀!"#$ ∗ (𝑗 − 1)
!

!!!

                                                                                  [𝐸𝑞. 11] 

 

𝜙 =    𝑀!"#$" +    𝑀!"#$ ∗ 𝑗 − 1
!

!!!

∗ 𝑙 − 1
!

!!!

     %  (2!)                                  [𝐸𝑞. 12] 

 
𝐿 =   𝜏 ∗ 𝑓!                                                                                                                                        [𝐸𝑞. 13] 

 
 
 

Software Limitations: 
 For a chirp waveform ranging from 30 kHz to 50 kHz, the minimum waveform duration 
achievable is approximately 100  𝜇𝑠. The chirp waveform with 100  𝜇s duration has 
approximately 4 sinusoid cycles to cover the frequency range from 30 kHz – 50 kHz, meaning 
that quantization noise will have a larger effect on the waveform. The maximum sample rate 𝑓! 
achieved using the Arduino Due to implement the linear FM system is 500 kHz. The maximum 
phase resolution achieved is 15 bits or 32768 samples per period due to RAM limitations. The 
transmitter chirps from 30 kHz to 50 kHz at a sample rate of 500 kHz. The sample rate 𝑓! 
required to satisfy the Nyquist rate (𝑓! > 2𝑓) is achieved.  
 
 
 



 To find the approximate signal-to-quantization-noise (SQNR) range of the chirp 
waveform output from the Arduino Due, a 50 kHz continuous sinusoid is generated on the 
Arduino Due and the FFT is displayed on the DSO-X 3024A oscilloscope. The 50 kHz sinusoid 
is used for testing because it is the maximum desired frequency output, meaning that it will 
demonstrate the maximum DAC quantization noise of the system. The DDS continuous 
waveform has the following characteristics:  12-bit DAC amplitude resolution, 15-bit sinusoid 
phase resolution, and a DAC sample rate of 500 kHz. The SQNR of the 50 kHz sinusoid ranges 
from approximately 43.75 dB (maximum spurious peak) to 67.5 dB (minimum spurious peak).  
The minimum SQNR of the 50 kHz sinusoid is shown in Figure 4.  

Figure 4: Spectral plot of maximum SQNR 50 kHz waveform  

Efficacy of Ultrasonic Noise to Humans: 
 According to the Occupational Safety and Health Administration (OSHA), it has been 
concluded that ultrasonic noise does not affect the general health of an individual as much as 
originally believed [2]. Assuming that no direct body contact is made with the transmitter, harm 
can only occur from ultrasonic sub-harmonics above 88 dBA (A-weighted sound pressure level) 
lasting for over 8 hours or a peak value of 145 dB SPL (dB relative to a sound pressure level of 
20 µPa). The maximum power output of the ultrasonic transmitter is 107 dB SPL, implying that 
possible sub-harmonics will have even less power. According to the OSHA guidelines, there will 
not be any harm done to any individuals during project operation in terms of ultrasonic noise. 
 
Results: 
 The transmitter system is connected to a single channel receiver to test the functionality 
of the radar system. The transmitter is driven with the chirp signal produced by the Arduino Due. 
The received signal is amplified and mixed with the transmitted chirp to produce a beat 
frequency. Figure 5 shows the transmitted chirp waveform, the received chirp waveform, and the 



beat waveform produced by the mixer. The speaker and microphone were spaced 53 cm apart, 
the frequency swept from 30 kHz to 50 kHz, and the pulse duration was 1 second. 

	  
Figure 5: Transmitted Chirp (Yellow), Received Chirp (Pink) and Beat Waveform (Blue) 

	  
Figure 6 shows the beat waveform and its FFT produced on the oscilloscope. A beat frequency 
of 32.5 Hz was measured at a distance of 53 cm. This compares well to the calculated beat 
frequency of 32.1 Hz expected theoretically. This shows that the fundamental waveform 
generation, transmitter, and receiver designs perform as expected.  

 
Figure 6: Beat Frequency (Blue) and its Spectrum (Purple)	  



	  
 The single element transmitter and single channel receiver system is tested in a mono-
static configuration using a trihedral as a target.  Figure 7 shows an oscilloscope screen depicting 
waveforms for a test performed at a separation of 1.41 m between the target and transmitter.  
 The channel 1 waveform (yellow) is a buffered copy of the chirp produced by the 
Arduino Due. The chirp duration is 1 second with a frequency range of 30 kHz to 50 kHz. 
Channel 2 (green) is the chirp signal present at the positive terminal of the transducer, after 
passing through the matching network. Channel 3 (light blue) is the chirp signal present at the 
negative terminal of the transducer. Channel 4 (dark pink) shows the beat waveform produced by 
mixing the received echo waveform with the buffered chirp signal. Lastly, the spectrum (light 
purple) of the beat frequency is shown. A spike in the spectrum is seen at 172 Hz with a 
magnitude of -15.02 dBV, as shown by the cursor measurement. A beat frequency of 172 Hz 
corresponds to a calculated range of 1.42 m, which compares well to the actual range of 1.42 m. 
The large spike at the low frequency of 21.0 Hz with a magnitude of -22.22 dBV is present due 
to coupling between the transducer speaker and microphone in the monocratic arrangement of 
this test. The speaker and microphone are placed next to each other, causing appreciable 
coupling. 
	  

 
Figure 7: Oscilloscope Screenshot for Mono-Static Test with Trihedral Target at 1.41 m 

separation 
 

 
 
 
 
 



 The described test is performed again at a distance of 4.20 m. Figure 8 shows 
oscilloscope waveforms from this test. With the exception of target range, the test configuration 
is identical. The oscilloscope channels correspond to the same waveforms as the previous test. 

A spike in the spectrum is seen at 515 Hz with a magnitude of about -35 dBV. A beat 
frequency of 515 Hz corresponds to a calculated range of 4.25 m, which compares well to the 
actual range of 4.20 m. The speaker/microphone coupling is seen once again, this time with more 
power than beat frequency. This was the furthest testable distance with this configuration. 

These two tests show the fundamental operation of the single element transmitter and 
single channel receiver system and verify the integrity of the design. This also shows the value of 
using a trihedral target.  

 

 
	  

Figure 8: Oscilloscope Screenshot for Mono-Static Test with Trihedral Target at 4.20 m 
separation 
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ABSTRACT 

 

The aeronautical industries have been suffering financial cutbacks and the market has to face new 

challenges associated with new companies. Telemetry community has been facing the increase of 

the electromagnetic spectrum usage for a variety of applications (e.g. 4G), after all telemetry is 

everywhere. In view of these issues and focused on the inherent requirements of the Flight Test 

application, the IPEV R&D group proposes the iPCM Telemetry architecture as solution for the 

existing reliability and bandwidth issues associated with the telemetry link. In this article, as a 

proof-of-concept of the iPCM architecture, it has been performed an experimental assembly. The 

results demonstrate the iPCM's ability to regenerate corrupted data providing the required data 

integrity and reliability, besides the capability to dynamically select the FTI transmitted 

parameter list to optimize the bandwidth link. 

 

KEY WORDS 

Flight Test, Telemetry, Bandwidth, Reliability, iPCM 

 

1 INTRODUCTION 

 

Every aeronautical design and avionics systems regard to be tested and undergo rigorous 

certification processes according to national and international standards in order to ensure 

reliability and safety during the operation. One of the areas related to this activity is flight test, 

where it assesses in real conditions, what is predicted by the standards and engineering analysis. 

Although prediction and simulation techniques have advanced considerably in recent decades, 

flight tests are still essential for validation and certification of aeronautical projects and 

embedded systems. However, this activity involves risks related to flight safety and high costs 

with infrastructure, flight hours and qualified personnel. 

mailto:marcoaureliomac@ipev.cta.br
mailto:nelsonnpol@ipev.cta.br
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Regarding safety and efficiency the Real Time Telemetry Link (RTL) is one of the fundamental 

tools for successful completion of a flight test campaign. However, over the years the 

deficiencies of the adopted protocol for wireless data transmission in flight test has become well 

known. Nowadays the international community of flight test concentrates efforts in order to 

achieve the objectives to perform the flight test with how much safety as possible and at the same 

step reduce costs. For this, innovative techniques have been developed for real time data 

reduction in order to make the test campaigns most efficient [1]. In addition, great efforts have 

been put to minimize the repetition of flights whether by losses or by low quality of the data 

acquired from the telemetry link. However, for the success of these objectives it is essential a 

Telemetry Link (TL) to obtain the data from the test platform with reliability and quality within 

acceptable standards. In the particular case of low risk test flights carried on medium or large 

sized aircrafts, these inherent TL issues can be overcome. At such condition it is possible to 

include a full flight test crew airborne to perform the flight test coordination, data validation and 

data reduction analysis. In this case the TL is downgraded to a secondary role. On the other hand, 

when the test platform is a Remotely Piloted Aircraft (ARP), fighters or guided weapons, the TL 

plays a vital role to the test campaign safety and efficiency. In this case, the operational scenario 

for the development and certification test campaigns includes several test points carried under 

high dynamics flight regimen, where the TL signal to noise ratio (SNR) is degraded and 

consequently the signal losses rate is higher. 

 

After decades in use, the telemetry protocol based on the IRIG-106/13 Standard Chapter 4 [2] has 

endured with almost with no changes, due to its high efficiency and low complexity architecture. 

However, the reliability of this protocol has been under check. Although its high efficiency, it has 

no mechanisms for data recovery when degradation of RTL quality or signal abrupt losses occur. 

Engineers have been trying to find new protocols to solve this issue, but it still with no final 

solution. The most discussed architecture is the Integrated Network-Enhanced Telemetry (iNET) 

[3], based on the Ethernet protocols, aiming the implementation of telemetry networks with 

wideband wireless capability, high reliability and covering vast areas, similarly to a large 

computers network. However, the use of Ethernet protocols such as Transport Control Protocol 

(TCP) [4] or User Datagram Protocol (UDP) [5] do not achieve the transmission requirements of 

the flight test environment, as addressed in references [6] and [7].  

 

Associated with the high usage demand of the available bandwidth, due to the telemetry 

employment in several areas of industry, the telemetry link also brings great challenges, keeping 

open the discussion to the study of new technologies that will meet the actual flight test 

community requirements that are based on the real needs to improve the reliability and the data 

analysis efficiency [8]. Faced with this real need the Instituto de Pesquisas e Ensaios em Voo - 

IPEV (Flight Test and Research Institute) and the international flight test community, emerges 

the idea of creating an efficient protocol based on legacy PCM protocol specified by IRIG-106/13 

standard [2] employing algorithms to evaluate quality of data and losses identification associated 

with two telemetry channel in order to allow recovery the lost data by telemetry link during 

flight. This solution should encompass the improvement of TL reliability and integrity leading to 

a more effective usage of the telemetry, which is everywhere. 
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2 INTEGRATED PULSE CODE MODULATION (iPCM) 

 

The Integrated Pulse Code Modulation (iPCM) [9] was designed to provide new features for the 

flight test community. The iPCM encompasses the integration of new capacities for the legacy 

transmission protocol to address data transmission reliability issues and bandwidth efficiency 

usage. Consequently the iPCM is a way to solve the recurring issues related to the reliability of 

the TL. This technology employs PCM IRIG-106/13 Standard Chapter 4 [2] and algorithms that 

verify the received data quality and integrity to identify corrupted and lost information. 

Employing two telemetry channels (i.e. RT and QRT channels) iPCM provides the capacity of 

retrieve the lost data from airborne FTI. Consequently it is possible to recover the full flight data 

set during the flight test and use them in the second channel, which will be treated as a Quasi 

Real Time Channel (QRT). During the execution of the flight test, such data could be used for 

test point validation and data reduction analysis.  

 

For instance, if the test bed leaves the system range or deviate from the antenna beam, when it 

returns and the telemetry link was reestablished, all the lost data will be sent back to the ground 

station. This capability allows maneuvers to be performed outside the antenna envelope and keep 

the ground crew updated during the flight test. The basic architecture of the iPCM system is 

composed of (Figure 1): 

 

 
Figure 1 - iPCM Architecture 

 

1. Airborne System: 

 

a. Flight Test Instrumentation (FTI) with the frame counter programmed, termed 

Frame Lost Identification (FLID); 

b. Data Recorder (REC); and 
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c. iPCM Buffer: This system storages flight data and perform read while write 

feature. Its main function is to identify the requested data by the FLID and 

sends it back to the ground. iPCM Buffer also has a capability of receive 

control commands to select which set of data will be transmitted in order to 

improve bandwidth usage.  

 

2. Ground System: 

 

a. RT Channel: Legacy PCM IRIG-106/13 Standard Chapter 4 [2] telemetry 

system to receive data in real time; 

b. The function QUALITY of SIGNAL (QoS) is detect failures in the received 

data and identify the lost frames sending this information to the QRT Channel 

and store the healthy data received from RT Channel in the RT RECORDER; 

c. The function QRT CHANNEL, which is responsible to receive the FLID and 

sends it to the iPCM BUFFER for the information retrieval. The QRT Channel 

system recovers the full data set appending received data from second channel 

with the stored health data in the RT RECORDER. 

 

 

3 EXPERIMENTAL RESULTS 

This work was carried out in order to make a proof of concept of the iPCM system which was 

only tested in computer simulations [9]. It was not possible to have a final prototype at this point, 

but it was tested the software and the hardware involved in the process of reception, transmission 

and decomutation available in IPEV (Flight Test and Research Institute) telemetry station (Figure 

2). 

 

Figure 2 - iPCM Antenna Assembly 
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To achieve this purpose, a desired final state was defined for this phase, as well as sub-phases for 

the implement of the experiment. The work was started with the purpose to carry out the 

assembly of the experiment, as shown in Figure 2, where it would be possible to test the system 

in a controlled environment, both on the ground and in flight, with suitable constraints for control 

and analysis of the variables involved in the process. Regarding on the aforementioned figure, the 

current work status is in the subphase represented in Figure 3. 

 

 

Figure 3 - iPCM Cable Assembly 

 

This subphase is a previous step to the final state mentioned before, and includes all software for 

logical processes implementation and all real telemetry station hardware. The difference between 

this assembly from the proposed one in Figure 2, lies on the fact that it was employed a wired 

communication between system components. This methodology was used to allow a better 

control of the variables and the environment to provide the development and testing of the 

functionalities of both hardware and software of the system as a whole. The results obtained until 

this sub-phase were treated in this work. 

 

The experiment assembly could be better performed dismembering the iPCM system in Airborne 

System and Ground System. The Airborne System encompasses the FTI and the iPCM Buffer 

while the Ground System includes all telemetry station systems added to RT Channel, QoS and 

QRT Channel. FTI is comprised by a KAM-500 data acquisition system (DAS), acquisition 

cards, telemetry transmitters QSX TIMTER, signal generator to emulate flight data and Ethernet 

and Serial interfaces to exchange information between the systems.  
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The primary role of FTI is data acquisition, data storage and sending data to the telemetry station 

via PCM protocol by QSX transmitter and to iPCM Buffer via UDP protocol by telemetry 

network. In addition, it receives the data retrieved sent by IPCM Buffer via RS-232 and sent back 

to the telemetry station via PCM protocol by a second transmitter. 

 

The iPCM Buffer was designed in Matlab
®

 and Simulink
® 

[10] environment aimed to receive via 

UDP protocol by telemetry network the data packets generated by the DAS and stores them. 

Additionally, it receives the frame identifier FLID, sent by QRT Channel. After receiving the 

FLID, the program identifies the data to be retrieved and send it back via RS-232 to the UAR 

interface present in FTI system, which converts the serial data to PCM IRIG-106/13 protocol and 

transmits it to telemetry station by a second telemetry transmitter QSX TIMTER. The iPCM 

Buffer also can receive commands to select the appropriate format previously programmed in the 

DAS. It is possible using an interface that receives the command from iPCM Buffer and set 0 V 

or 5 V to select lines values. There are 15 available formats for user application in KAM-500 

[11].  

The telemetry system employed encompasses all real hardware components and software of the 

telemetry station. To receive the data, two telemetry receivers operating in L and S-band were 

used associated to all real system of decomutation and processing as Telemetry Front-End (TFE) 

and Work Stations (WS), all them interconnected by a high performance network of 

SCRAMNet
®
 type. In order to change the format during the flight, it is necessary that the 

database of telemetry station has been previously programmed for each FTI format. In addition, 

when the QRT Channel sends the command to the iPCM Buffer to change the FTI format, at the 

same time the command “switch” must be performed in the telemetry workstation in order to load 

the new compatible format in the telemetry system to allow the new set of data might be 

decomutated e processed. 

 

Thus, the data from the two PCM streams are provided on a WS connected to both networks 

available in the telemetry station, SCRAMNet
®
 and telemetry network. For dealing with these 

data, programs were implemented in Matlab
®
 and Simulink

®
 [10] environment: RT Channel, 

responsible for receiving data from the telemetry real time channel and make them available to 

the ground crew for decision-making;  

QoS receives the real time and retrieved data and analyzes them detecting failure and identifies 

which data packets should be retransmitted. To fulfill this function, QoS make use of parameters 

from Receivers and Telemetry Front End system, besides checking control parameters inserted in 

specific positions along the frame and determines the FLID and sends it to the QRT Channel. 

Furthermore, the QoS excludes corrupted data and stores healthy data obtained from RT Channel; 

QRT Channel is responsible for sending FLID information to iPCM Buffer, additionally it 

receives the retrieved data returned by iPCM Buffer and regenerates the complete information by 

adding the retrieved data with the healthy data received from the RT Channel and recorded by 

QoS, in an orderly manner. 

 

For the test setup were used two identical PCM frames to RT Channel and QRT Channel with the 

following characteristics: Words per minor frame: 64; Minor per Major frame: 1;  

Bits per word: 16; Fill pattern: AAAAh; Bit rate: 32,768 bit/sec; Bits per minor: 1024;  

Sync. pattern: FE6B2840h; PCM code: NRZ-L; Acquisition cycle: 32 Hz. In this case it was 

created a simple frame to make the implementation and data analysis easier. Fixed parameters 

and parameters generated from the signal generators were inserted in frame structure in order to 
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reproduce the data acquisition in flight. The serial interface RS-232 was set with the baud rate of 

230,400 baud; 8 data bits; 1 stop bit; no parity; no hardware control. The original intention was to 

use UDP instead of RS-232, but this second option did not affect the results of the experiment 

and it was available for immediate use in the telemetry facilities.  

 

Imperfections were included in the RT Channel via software by a specific function adding white 

Gaussian noise and/or complete losses on the received data from the telemetry system. Another 

important point to consider is the fact that in the real system the RT and QRT channels will be 

compatible in performance and will be susceptible to the same wireless environmental issues 

under the operating conditions, therefore when there is a failure in the RT channel the QRT will 

remain inoperative until the channel status will reach the minimum operational conditions. This 

critical condition can even occur during data retrieval and the system will be robust enough to 

keep on transmitting all requested data after finished this condition. However, in the present 

experiment, the QRT was not susceptible to loss and it was independent of the RT conditions and 

it could continue their retransmission even RT was under losses or noise. 

Some tests were carried out separately for testing the functions of an exchange format in order to 

optimize the bandwidth usage. It was employed a microcontroller coupled to IPCM Buffer to 

generate the logic levels required for selecting formats in the DAS from the corresponding pins of 

Bus Controller Unit [11].  

 

To analyze the experimental results it was used an analog parameter derived from the signal 

generator. This parameter has been generated from a sinusoidal signal with amplitude of 5 Vpp 

and frequency of 0,050 Hz, acquired by DAS. According to Figure 4, it is possible to verify the 

signal received from the RT channel with simulated noise and losses and additionally, some 

spikes could be identified, which was originated by the own real telemetry system. Figure 4 also 

brings the data returned by QRT Channel. 
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Figure 4 – RT Channel Data versus QRT Channel Data 
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From the analysis of these data it was possible to conclude that the system was able to recover 

corrupted data due to simulated noise and losses and also retrieving the corrupted data by spikes 

occurred in the real telemetry system. However, there was an increase delay in the data received 

from QRT Channel over the time. This can be verified by analyzing the first set of data received 

from QRT Channel compared to the last set, which occurs only after about 300 samples after the 

ending the loss at RT Channel. This delay is predominantly attributed to the telemetry network 

employed in the experiment, which had a great number of equipment connected by the same 

network switch. The time processing magnitude was despised for being about 20 times smaller 

than the acquisition period configured in the DAS. 

 

In order to complete the data recovery sourced in the RT Channel these data were processed by 

QoS and stored only healthy data, which are presented in Figure 5. This figure also presents the 

recovered data and processed by QRT Channel which is now delay free. 
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Figure 5 – Processed Data and Recovered Data 

 

Using the healthy data received from the RT Channel and stored by the QoS added to the data 

retrieved with delay free, the QRT Channel merged them in an orderly manner, regenerating the 

full information free of imperfections in the telemetry station, enabling the use of these data by 

ground crew for data reduction and test point validation in a real flight test campaign. 

 

In legacy telemetry systems based on PCM IRIG-106, when the data is corrupted it is necessary 

to await the test platform return from flight for the complete data recovery from the FTI data 

recorder. However, the iPCM proposal consist of provide reliability to the protocol making 

available all data during the flight unless a delay. This feature was proved in the performed 

experiment, considering the test conditions, and the result can be verified in Figure 6. 
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Figure 6 – FTI Data Recorded versus iPCM Data Recovered 

 

In Figure 6, the strip charts refer to the parameter analyzed, obtained from the data recorded by 

FTI, in comparison with the telemetry data regenerated by iPCM system. It may be verified that 

the curves are identical, and the data were satisfactorily recovered, given the test conditions 

which the system was undergone. Thereby, the data obtained from the experiment performed on 

the IPEV telemetry station facilities can be considered as the proof of concept of the iPCM 

system implementation viability as a way to add reliability and more efficiency to the telemetry 

channel. 

 

 

4 CONCLUSIONS 

 

In this paper it was presented the iPCM protocol architecture and some experimental results 

aimed to improve the reliability and bandwidth usage. An experimental setup was assembled 

using the real telemetry hardware and software providing significant results in a lossy 

environment. The systems were wired connected to allow a better control of the variables and 

environment to provide the suitable development and testing conditions. The results obtained 

from the experiment shows that data were satisfactorily recovered after losses occurred and the 

data retrieved can be compared with the data recorded by FTI embedded on aircraft. Based on the 

results, the iPCM system implementation viability was demonstrated as proof of concept of the 

proposed architecture.  

The next step is to apply the iPCM in the wireless environment, test it in limit situation and install 

the airborne system in an aircraft for assessment in a real flight test conditions.  
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ABSTRACT 

 

Power supply is the most critical unit in an airplane. A defect in a power supply might 

lead to a crash. Therefore, it is very useful and important to monitor the status of the 

airplane’s power supply during flight. This paper presents a real-time evaluation 

system constructed by a central process unit for processing and detecting defects and 

several remote units for acquiring parameters. Because of the huge amount of data 

acquired, a combination of Ethernet and time division multiplexing technique has 

been applied for constructing a 2.5Gbps synchronous data transportation network for 

the system. 
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Data Acquirement, Real-time Process，Airborne Power Supply Evaluation 

 

 

INTRODUCTION 

 

Today’s airplanes depend more on various electronic equipments, so the working 

status of any onboard equipment had become to a crucial factor during a flight. 

Naturally, the airborne power supplies for these utilization equipments are never more 

important. The solution of how to make sure there is no defects in the airborne power 

supply system during flights must be given before an airplane being delivered to a 

user. 

 

The defects of an airborne power supply system are recognized by the abnormal 

operation limits, including over voltage, under voltage, over frequency, under 

frequency, AC and DC distortions, and etc. Therefore, data sampling of voltage, 

electric current, and AC or DC distortions should be acquired. It is better to use 

distributed data acquiring system to get the data from different locations inside the 

airplane with a fast data transportation network and a high-speed recorder. In addition, 

it is important that the system should be able to process the data acquired within the 
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airplane, because that it is impossible to send the huge amount of data to the ground to 

process.  

 

In this paper, an evaluation system is discussed for detecting defects of an airplane’s 

power supply during flight by equipping a real-time process module in a distributed 

data acquiring system. How to construct the large-scale data acquiring system is given 

in following section, and the real-time processing described next. 

 

 

PARAMETERS ACQUIREMENT 

 

There are three problems need to be solved to constructing a data acquiring system for 

the purpose of defect detecting for an airplane’s power supply. The first one is that 

AC or DC distortions should be separated from the acquired data of voltage. Then 

large amounts of data acquired in every second should be transported and recorded. 

And last, each DAU (Data Acquiring Unit) should sample synchronously under 

system timing. 

 

DAU1 DAU2 DAU8

CGU

……

……

Recoder

Timing Resource
Onboard Monitor

 

Figure 1. Defect Detecting for Airborne Power Supply 

 

We had designed a system shown as Figure 1. There are eight DC DAUs and AC 

DAUs in the system, each of the DC DAU will acquire one DC power source, 

including its voltage signal and its current signal which is converted to a voltage 

signal as well. And the AC DAU will acquire one AC power source, including its 

voltage signals and current signals (converted to voltage signals). In addition, the AC 

or DC distortions will be filtered out and acquired by each DAU. The DAUs will send 

the data acquired to the recorder through the data gathering modules in the CGU 

(Central data Gathering Unit). The CGU is composed of a power unit, a controller, a 

recorder and several data gathering modules. The CGU will also send the working 
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data processing results and key parameters to onboard monitor(s) though an output 

interface. 

 

A system timing module had been implemented on the controller module in the CGU, 

which could receive IRIG B timing signals from outside time resource. A modified 

version of IEEE 1588 precision clock synchronization protocol 
[1]

 has also been 

applied for time synchronization in the system. 

 

To construct a network for transporting data acquired from DAUs to the system’s 

recorder in the CGU, we used direct Ethernet connection between each of the DAUs 

and CGU 
[2]

. That means each DAU could send data to the CGU without any conflicts 

with other DAUs in an independent 1Gbps Ethernet channel. It is the CGU’s 

responsibility to collect the data from all the DAUs and reframe the data and send 

them to the recorder module and the airborne monitor. Since the amount of data 

acquired in each of the DAUs will not exceed 200Mbps and the transition rate of each 

data bus (data channel on the motherboard) of CGU is designed as 2.5Gbps, we could 

use one data gathering module to receive acquired data from four of the DAUs. That 

means to mount four Ethernet ports in each data gathering module (shown as Figure 

2). In addition, the TDM (Time Division Multiplex) mechanics had been applied to 

the data gathering module to keep the original time-order of data and to 

synchronously transport the data in one of the data bus within the CGU.  

 

DAU1 DAU2 DAU4

Data Gathering 
Module

DAU3

Data Bus

 

Figure 2. Data Gathering Module in CGU 

 

There will be a tough thing that there are huge amount of acquired data in a defect 

detective system for airborne power supplies. The data rate may reach as much as 

2~5Gbps, so that there is no COTS recorder to meet such requirement of such a 

recording speed. We have to adapt a parallel recording structure in the recorder of the 

CGU. As shown in Figure 3, the recorder is composed by four record modules, each 

of which will monitor one of four data buses of CGU and record the acquired data 
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transported on the bus. It is a totally parallel process, and each of the four modules 

will work independently during the whole data acquiring. Furthermore, a group of 

recorder modules could be mounted in the CGU for a faster recording speed and more 

storage volume. 
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Figure 3. Parallel Recording of the Recorder 

 

Finally, an evaluation system for airborne power supplies should be able to work 

normally when its power supply is in some abnormal status. 

 

In this paper, how to download the acquired data from above recorder with parallel 

recording structure is not discussed.  

 

 

REALTIME PROCESS 

 

It is not practical either to transport all the data acquired to the monitor or to send 

them to ground by a radio for analysis. Instead, many works should be done before or 

right after data acquired. 

 

To detect defects in airborne power supplies, the AC or DC distortions is needed to 

determine if there is any abnormal transient state. However, the AC or DC distortions 

signals are much weaker than the voltage signals and they would be lost if we directly 

use an AD (Analog to Digital sampler) to sample the voltage signals. So instead of 

calculating the AC or DC distortions after sampling the voltage signals, they must be 

extracted from the original incoming voltage signals. A high pass filter should be used 

to get the DC distortions when sampling the DC voltage signals. It will be a little 

more complicate when separating the AC distortions before sampling the original AC 

voltage signals. We had used a couple of filters to have it done. 

 

In addition, it is also an important part of work to find if there is any abnormal current, 

overvoltage or undervoltage for detecting defects. A mathematical model based on 
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finite element approximation has been applied to estimate if the voltage or frequency 

domain is out of the permitted range.  

 

 

CONCLUSION 

 

The amount of data acquired for testing or defect-detecting for airborne power 

systems is huge, and the data rate may reach as much as 2~5Gbps. It is a great 

challenge to construct a data transportation network and recording device for this 

purpose. The system presented above successfully solved these problems by utilizing 

direct Ethernet connection plus TDM mechanics and parallel recording. As mentioned 

before, the system could handle the acquired parameters at a data rate up to 8Gbps. 

 

In addition to be a distributed data acquiring system, the defects detecting system for 

airborne power supplies should be like a real time process system as well. 
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ABSTRACT

This paper examines the bit error rate (BER) performance of four equalization techniques with
Forney and matched filter observation models for BPSK operating over multipath channels mea-
sured at Edwards AFB. The maximum likelihood sequence estimator is able to eliminate all the ISI
induced by the multipath channel. For the filter-based equalizers (zero-forcing, minimum mean-
squared error, and decision-feedback), the depth of the nulls defines the performance of the filter-
based equalizers. Generally speaking, the matched filter observation model produces a channel
with deeper nulls than the Forney observation model. But this advantage is achieved at the cost of
a noise whitening filter. For flight-line channels the Forney observation model is the best choice
for any filter-based equalizer. For low-elevation angle up-and-away channels the decision-feedback
equalizer with either observation model yields excellent performance.

INTRODUCTION

Equalization is a means of mitigating distortion introduced when modulation pulses spread in time
into adjacent symbol intervals. This phenomenon, known as inter-symbol interference (ISI), occurs
when the bandwidth of the modulated signal exceeds the coherence bandwidth of the radio channel
[1]. In aeronautical telemetry, ISI is a result of multipath propagation [2].

In modern communication systems, equalization is a discrete-time system, operating on samples
obtained from the received waveforms. In the classical formulation of equalization, the received
signal is processed by a filter matched to the composite pulse shape and multipath channel and
sampled at the symbol rate [3]. A noise whitening filter is applied to the resulting discrete-time
sequence. The output of the noise whitening filter forms the input to the equalizer. The equivalent
discrete-time system is known as the Forney observation model. An alternative approach is to
apply a filter matched to the transmitted pulse shape and to sample the output at the symbol rate.

The advantage of this approach, called the matched filter observation model, is that no noise
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whitening filter is required. The disadvantage is that the bit error rate measured at the equal-
izer output is higher than that with the Forney observation model. How much of a disadvantage
this represents is an open question.

In this paper, we investigate the performance of both observation models over multipath channels
measured at Edwards AFB [4]. The assessment assumes BPSK modulation (not a modulation used
in aeronautical telemetry) because the modulation is simple and provides insight into how well dif-
ferent equalization techniques and observation model combinations operate on mutipath channels
encountered in aeronautical telemetry. Our assessment uses four equalization techniques: zero-
forcing equalization, minimum mean-squared error equalization, decision-feedback equalization,
and maximum likelihood sequence estimation.

The paper is organized as follows. First, the mathematical description of the Forney and matched
filter observation models, together with the equalization techniques is presented in the next sec-
tion. After that, a brief description of the multipath channels used in our simulations is presented.
Finally, the simulation results are summarized. In the development, bold upper case letters, such
as M represent a matrix, bold lower case letters, such as v represent a vector. The Hermitian (or
conjugate-transpose) is denoted by M′ and v′, and for a square matrix M, the matrix inverse is
denoted M−1.

MATHEMATICAL FORMULATION

The classical development of equalization starts with a formalism known as the “Forney observa-
tion model” (abbreviated FOM here). The FOM is outlined in Figure 1 (a). The BPSK symbols
Ik ∈ {−1,+1} are applied to a pulse-shaping filter p(t) and transmitted over a channel whose
low-pass equivalent impulse response is hc(t). White Gaussian noise, modeling the thermal noise
due to the receiver electronics, is added to the channel output. A channel matched filter is applied
to the received waveform. The output of the channel matched filter is sampled at 1 sample/bit to
form a discrete-time sequence. Because the channel matched filter does not satisfy the Nyquist
no-ISI condition, the noise samples at the output of the channel matched filter are correlated. For
this reason, the FOM applies a discrete-time noise whitening filter as shown. The output of the
noise whitening filter may be expressed as

yk =

N2∑
n=0

fnIk−n + nk (1)

where the noise samples nk form an uncorrelated sequence of Gaussian random variables. The
expression (1) motivates the notion of the equivalent discrete-time system shown in Figure 1 (b).

In this paper, we explore an alternative formulation we call the “matched filter observation model”
or MFOM. The MFOM is outlined in Figure 2 (a). The difference between this model and the
Forney observation model lies in the filter applied to the received signal. Here, a filter matched
to the pulse shape is used. If the pulse shape satisfies the Nyquist no-ISI condition [5], the noise
samples resulting from sampling the filter output at 1 sample/bit are uncorrelated and no noise
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(a)

(b)

t = kTb

Equalizer
Detector

noise 
whitening

channel
matched filter

Equalizer
Detector

Figure 1: The Forney observation model: (a) a block diagram showing the pulse shaping filter,
channel filter, channel matched filter, and noise whitening filter; (b) the equivalent discrete-time
system.

(a)

(b)

t = kTb

Equalizer
Detector

pulse shape
matched filter

Equalizer
Detector

Figure 2: The matched filter observation Model: (a) a block diagram showing the pulse shaping
filter, channel filter and pulse matched filter; (b) the equivalent discrete-time system.
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equivalent channel model
(Forney or matched filter 

observation model)

decision

Figure 3: A block diagram showing the position of the equalizer filter C(z) and the detector
relative to the equivalent discrete-time model. This block diagram applies to both the ZF and
MMSE equalizers.

whitening filter is required. The samples may be expressed as

yk =

N2∑
n=−N1

gnIk−n + nk (2)

where the noise samples nk form an uncorrelated sequence of Gaussian random variables. Again,
the expression (2) motivates the notion of the equivalent discrete-time system shown in Figure 2
(b).

Note that due to noise whitening, the equivalent discrete-time channel produced by the FOM is
causal, whereas the equivalent discrete-time channel produced by the MFOM may not be.

The outputs of either the FOM or the MFOM, called yk here, are applied to equalizers. In this
paper we explore the performance of the four equalizers outlined in the next for subsections.

A. Zero Forcing (ZF) Equalizer

The zero-forcing (ZF) equalizer is a linear filter that operates on the channel outputs yk to produce
a sequence Îk used for detection. A block diagram illustrating the idea is shown in Figure 3.
The design criteria for the filter C(z) is to “invert the channel.” Because an ISI channel has a
non-constant transfer function, inverting the channel is the most intuitive approach to equalization.
Mathematically, the goal is to choose C(z) so that

H(z)C(z) = 1. (3)

This solution is not a practical one because if H(z) is a finite impulse response (FIR) system, then
the resulting C(z) is an infinite impulse response (IIR) system. For the case where C(z) represents
an FIR system, only an approximate solution is obtainable. The problem is formulated as follows.
Let ck be the desired equalizer filter for k = −K1, . . . , 0, . . . , K2. The goal is to choose the ck to
make the convolution with hk the impulse δk:

K2∑
n=−K1

cnhk−n = δk, −N1 −K1 ≤ k ≤ N2 +K2. (4)
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Writing out the convolution sums for each k and arranging into a matrix vector formulation gives

h−N1 0 0
h−N1+1 h−N1 0
h−N1+2 h−N1+1 h−N1

...
...

h0 h−1
...

...
...

0 0 hN2




c−k1

...
c0
...
ck2

 =



0
...
0
1
0
...
0


. (5)

The system of equations is of the form
Hc = d (6)

and represents an over-determined set of equations (there are more equations than unknowns).
Because there are no solutions to an over-determined set of equations [6], the least squares solution
is used [6]

c = (H′H)−1H′d (7)

B. Minimum Mean Square Error (MMSE) Equalizer

For channels with deep nulls, simple “channel inversion” tends to amplify the noise and reduce
the signal-to-noise ratio of the signal presented to the detector. To address this shortcoming, the
minimum-mean squared error (MMSE) equalizer adopts as its criterion one that includes both
residual ISI and signal-to-noise ratio. This criteria is the mean squared error criterion. The equal-
izer output error is

e(k) = Ik − Îk = Ik −
K2∑

j=−K1

cjyk−j, (8)

and the mean squared error is
E = E

{
|e(k)|2

}
. (9)

The vector of filter coefficients that minimize E is

c =

[
Rh +

2σ2

Eb

I

]−1
u, (10)

Rh =


Rh(0) Rh(−1) · · ·
Rh(1) Rh(0)

. . .
Rh(0)

 (11)

where
Rh(k) =

∑
n

hn+kh
∗
n (12)
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equivalent channel model
(Forney or matched filter 

observation model)

decision

Figure 4: A block diagram showing the relationship between the DF equalizer, comprising the two
filters shown, and the detector.

and
u =

[
hK1 hK1−1 · · · h0 · · · h−K2

]′ (13)

where it is understood that hn = 0 when n < −N1 or n > N2. The position of the MMSE
equalizer in the system is identical to that of the ZF equalizer and is illustrated in Figure 3.

C. Decision Feedback (DF) Equalizers

Both the ZF and MMSE equalizers attempt to “invert the channel” (although the MMSE equalizer
does so in a constrained way). For channels with deep nulls, the “inversion” process tends to
amplify the noise at frequencies around the null. The result is a signal in which the ISI has been
reduced, but the signal-to-noise ratio has also been reduced. To address this shortcoming, decision-
feedback (DF) equalizers use feedback to cancel the ISI.

A block diagram illustrating the basic approach is shown in Figure 4. The channel output yk is
processed by an FIR filter with transfer function CFF (z). The output of this filter is combined
with a replica of the ISI produced by the feedback filter CFB(z) operating on the decisions. The
usual approach is to make the feedback filter an anti-causal filter and the feed-forward filter a
purely causal filter [3]. In mathematical terms the relationship between the equalizer input, filter
coefficients, the detector input, and the detector output is

Îk =
0∑

j=−K1

cjyk−j +

K2∑
m=1

cj Ĩk−m. (14)

Using the MMSE criterion to design the feed-forward filter coefficients gives

c1 =

[
R1 −R2 +

2σ2

Eb

I

]−1
u1 (15)

where c1 is a vector containing the coefficients:

c1 =

c−K1

...
c0

 , (16)
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equivalent channel model
(Forney or matched filter 

observation model)

MLSE

Figure 5: A block diagram showing the relationship between the maximum likelihood sequence
estimator and the equivalent discrete-time model. Note that because the sequence estimator makes
the bit decisions, there is no separate detector.

R1 =


R1(0) R1(−1) · · · R1(−K1) 0 · · · 0
R1(1) R1(0) · · · R1(−K1 + 1) R1(−K1) · · · 0

...
...

0 · · · 0 R1(K1) R1(K1 − 1) · · · R1(0)

 (17)

with

R1(i− j) =
N2∑

m=−N1

hmh
∗
m+j−i, (18)

and

R2 =


R2(0) R2(−1) · · · R2(−K1) 0 · · · 0
R2(1) R2(0) · · · R2(−K1 + 1) R2(−K1) · · · 0

...
...

0 · · · 0 R2(K1) R2(K1 − 1) · · · R2(0)

 (19)

with

R2(i− j) =
K2∑
m=1

h∗m−ihm−j (20)

and
u1 =

[
hK1 hK1−1 · · · h0

]′
. (21)

To cancel the remaining ISI appearing at the output of the feedforward filter, the feedback filter
coefficients are

cm = −
0∑

j=−K1

cjhm−j 1 ≤ m ≤ K2 (22)

where it is understood that hk = 0 for k > N2.

D. Maximum Likelihood Sequence Estimator (MLSE)

The maximum likelihood sequence estimator is the best-performing technique of the four consid-
ered in this paper. This is because it chooses the sequence of bits that minimizes the difference be-
tween the sequence of received samples and all the sequences the channel is capable of producing.
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Table 1: Time-domain properties of the channels used in the simulations. See also Figure 6.
FOM MFOM

Channel N1 N2 N1 N2 Comments

Channel 1 0 4 0 4 Taxiway E
Channel 4 0 2 0 2 Takeoff on 22L
Channel 7 0 1 0 1 Cords Road
Channel 8 0 3 1 1 Black Mountain

In mathematical terms, this idea is expressed as follows. Suppose a block of L bits, I0, I1, . . . , IL−1
is to be determined from the channel outputs y0, y1, . . . , yL−1. The MLSE chooses, as its decision

Î = argmin
Ik,0≤k<L


L−1∑
k=0

∣∣∣∣∣yk −
N2∑

m=−N1

hmIk−m

∣∣∣∣∣
2
 (23)

where Î is the vector of symbols Î0, Î1, . . . , ÎL−1. The search is performed by the Viterbi algorithm
operating on a trellis comprising 2N1+N2 states [3].

MULTIPATH CHANNELS

The multipath channels used in the simulations were derived from the channel sounding exper-
iments at Edwards AFB described in [4]. The frequency-domain properties of the channels are
illustrated in Figure 6. In each row, the left-most figure shows the transfer function of the channel
together with the power spectral density of the transmitted signal; the center plot shows the cor-
responding Forney observation model; the right-most plot shows the corresponding matched filter
observation model. The time domain properties of the channels are summarized in Table 1.

SIMULATION RESULTS

We simulated the BER performance of BPSK using the square-root raised cosine pulse shape with
50% excess bandwidth [5] over the channels described in Figure 6 and Table 1. The BER results
are shown in Figures 7 and 8. The performance over channel 1 is similar to the performance over
channel 4.

• The BER performance of the MLSE for both observation models is very close to the BER
performance on the AWGN channel.

• The BER performance of the three filter-based equalizers over the FOM is better than the
BER performance over the MFOM. Close examination of the first and second rows of Fig-
ure 6 explains why this is so. The MFOM displays deeper nulls than the FOM. For each
observation model the DF equalizer is better than the MMSE equalizer which is better than

8



the ZF equalizer. This is also expected given the equalizer design criteria and the fact that
the channels presented to the equalizers by both observation models have nulls.

This is in contrast to the performance over channels 7 and 8.

• As before, the BER performance of the MLSE for both observation models is very close to
the BER performance on the AWGN channel.

• The performance of the DF equalizer for the FOM is only slightly better than the perfor-
mance of the DF equalizer for the MFOM. Furthermore, the performance of the DF equal-
izers for both observation models is better than the performance of the other filter-based
equalizers for both observation models.

• The performance of the ZF and MMSE equalizers for the FOM are better than the ZF and
MMSE equalizers for the MFOM. (This is only true for channel 8 for BER less than 10−3.)

CONCLUSIONS

Over the four channels we examined and with both observation models, MLSE achieves the best
performance. The fact that the BER performance of MLSE coincides with the BER performance
of the AWGN channel means that MLSE is able to compensate completely for the ISI induced by
multipath channels typically encountered in aeronautical telemetry. We note this is true for BPSK,
it remains an open question whether this is true for SOQPSK-TG. We also note that this excellent
performance is achieved at a high cost: the channel must be known (or accurately estimated) and a
sequence estimator, operating on a trellis where the number of states grows exponentially with the
channel length, is required.

The filter-based equalizers have much lower computational complexity than MLSE. In all cases,
the depth of the nulls defines the performance of the equalizers. Generally speaking, the MFOM
produces a channel with deeper nulls than the FOM. But this advantage is achieved at the cost of a
noise whitening filter.

For flight-line channels, such as channels 1 and 4, the FOM is the best choice for any filter-
based equalizer. For low-elevation angle up-and-away channels, such as channels 7 and 8, the
DF eqaulizer with either observation model yields excellent performance. This is a strong motiva-
tor for developing a decision-feedback algorithm for SOQPSK-TG.
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Figure 6: Frequency-domain properties of the channels used in the simulations. In each row, the
left-most figure shows the transfer function of the channel together with the power spectral density
of the transmitted signal; the center plot shows the corresponding Forney observation model; the
right-most plot shows the corresponding matched filter observation model. The rows here corre-
spond to the rows of Table 1.
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Figure 7: Simulation results for the 4 equalizers operating on the two observation models: (a)
channel 1, (b) channel 4.
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Figure 8: Simulation results for the 4 equalizers operating on the two observation models: (a)
channel 7, (b) channel 8.
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ABSTRACT

This paper deals with the problem of producing the best bit stream from a number of input bit
streams with varying degrees of reliability. The best source selector and smart source selector are
recast as detectors, and the maximum likelihood bit detector (MLBD) is derived from basic prin-
ciples under the assumption that each bit value is accompanied by a quality measure proportional
to its probability of error. We show that both the majority voter and the best source selector are
special cases of the MLBD and define the conditions under which these special cases occur. We
give a mathematical proof that the MLBD is the same as or better than the best source selector.

INTRODUCTION

Challenging air-to-ground radio links are a fact of life in aeronautical telemetry. While these chal-
lenges exasperate many a program monitor in his quest for pristine flight test data, the challenges
make the range engineer’s job interesting. Less-than-ideal channel conditions are caused by a
number of spatial factors such as RF interference, shadowing (blockage by structures or terrain),
multipath propagation, or large transmitter-to-receiver distances. These factors are termed “spa-
tial” because they are location dependent in the sense that when the airborne test article moves to a
different location, these factors tend to change. Some factors are not spatial, such as faulty cables
and connectors or circuit failure in the transmitter.

For the spatial factors limiting link availability, the obvious approach to use some form of spatial
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Figure 1: An illustration of the spatial diversity concept.

diversity. The concept is illustrated in Figure 1. The basic idea is that when the propagation path
from the airborne test article to one of the receivers is bad, the other propagation paths are good.
The greater the spatial separation, the more likely this is to be true. Many ranges deploy receiving
stations as shown in Figure 1 for a more simple reason: to provide radio downlink coverage over
the entire test range. In these situiations, spatial diversity is an added bonus.

The optimum form of spatial diversity is RF/IF combination.1 Generally speaking, diversity re-
ception operates in one of three modes: selection diversity (choose the best signal and ignore the
others), equal gain combiners (co-phase and add the available signals), or maximum ratio combin-

ers (co-phase, weight the available signals based on the signal-to-noise ratio, and add). Essentially
all of the work in spatial diversity in aeronautical telemetry has been devoted to selection diversity.
Turner and Potter [1] describe a telemetry ground station in Japan using two antennas and selec-
tion diversity. Several papers describe methods for identifying the best signal from hypothetical
antennas [2] – [7].

Given the large distances separating most ground stations, RF/IF combining has not been con-
sidered practical. What is practical is delivering to a central location the bit decisions from de-

1This is why polarization diversity combiners operate prior to demodulation. But polarization diversity in the aero-
nautical telemetry environment does not provide the spatial diveristy improvement in the sense this paper emphasizes.
This is because the “spatial separation” between the two polarizations is insufficient to overcome the type of impair-
ments considered here. Polarization diversity, as perfomed in aeronautical telemetry, has the benefit of reclaiming the
3 dB loss accompanying the synthesis of the two circular polarizations from the two linear polarizations in the antenna
feed.

2



modulators operating at widely separated receiving sites. This situation has given rise to what is
generally called “best source selection” (BSS) [8] – [19]. Because BSS operates on the recovered
bit streams, BSS can be thought of as “poor man’s” diversity.

The earliest systems attempting merge different bit streams were summarized by Rigley et al. [10]
and Gatton [13], whose descriptions conjur the remarkable mental image of a telemetry engineer
switching patch cables in response to what he observed on oscilloscopes. Later versions, described
by Peterson [8], Wilson [11], and Endress [19] focused on the post-test phase of creating a “master
file” from “source files” recorded at each receiver site. Real-time approaches first took the form of
“best source selection” in the sense that the “best” of the input bit streams was passed to the user.
Examples of the criteria for “best” include receiver AGC when available [9, 13], signal-to-noise
level metrics derived from bit syncs when “analog inputs” where available [9, 14, 18], and frame
synchronization stastistics (usually extracted from the decommutator) [8, 10, 12, 13, 15]

It quickly became apparant that it was better to produce the “best bit” than select the “best source.”
Gatton [13] termed this concept a “best data selector” whereas Fewer, Wilmot [16] and Corry [17]
termed the concept a “smart data selector.” The most popular form of best/smart data selector is
the majority vote [12, 13, 14, 15, 18, 19]. After aligning the bit stream outputs from the available
demodulators, the best/smart data selector examines the available outputs on a bit-by-bit basis and
selects for each bit the most common bit value. Generalizations of majority voting, sometimes
called “weighted majority vote” [18] are used to break ties when an even number of sources are
available or to improve performance. The voting weights described in the open literature are
based on the familiar quality measures such as receiver AGC [14], signal-to-noise level metrics
derived from bit syncs2 [14, 18], frame synchronization statistics [12, 13, 15], and a variety of
ad-hoc approaches based on assumptions of oversampling [11], occurrence of fill patterns [19],
or assumptions about high error rates adjancent to a data dropout [19]. Fewer, Wilmot [16] and
Corry [17] describe a maximum ratio “soft-bit combiner” that is perilously close to the optimum
IF combiner.

The best/smart data selector is similar to the best source selector in the sense that it produces one
(hopefully better) bit stream from a number of input bit streams. But the best/smart data selector
operates on a fundamentally different principle: the goal is to produce a bit estimate based on all

2The signal-to-noise ratio metric is only available when the bit sync input is “analog,” i.e., the (video) output of FM
demodulator. This approach applies almost exclusely to PCM/FM. Gerstner and Lillevold [18] point out the problem
of transmitting the analog video output over long distances and describe a work-around where this information is
quantized at its source and digitally encoded in the form of frame “encapsulation.” An SOQPSK-TG counterpart
can be envisioned based on similar principles, but it does not involve a bit sync as in Gerstner and Lillevold because
SOQPSK-TG demodulators do not require an external bit sync: symbol timing synchronization is embedded in the
detection process internal to the SOQPSK-TG demodultor.
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available inputs without attempting to replicate or select any one input. In this sense, the best/smart
data selector is not a selector, but a detector. In this paper, we develop the Maximum Likelihood
Bit Detector (MLBD) based on the assumption that each bit value is accompanied by a quality
measure proportional to its probability of error. We show that both the majority voter and the best
source selector are special cases of the MLBD and give a mathematical proof that the MLBD is
the same as or better than the best source selector.

MAXIMUM LIKELIHOOD BIT DETECTOR

The Maximum Likelihood (ML) bit detector (MLBD) is based on the following two assumptions:

Assumption #1 The transmission channel, from the point of view of the input and output bits, is
what is called a binary symmetric channel or BSC. An example of the BSC is illustrated in Figure 2
(a). The BSC has an input x ∈ {0, 1} and an output y ∈ {0, 1} and a transition probability p. The
BSC is completely characterized by the conditional probability p(y|x). Because there are only two
possibilities for x and y, the values for the conditional probability p(y|x) can be listed:

p(0|0) = 1− p, p(0|1) = p, p(1|0) = p, p(1|1) = 1− p. (1)

Because all four probabilities depend on the parameter p (this is the probability of bit error), we
say the BSC is completed parameterized by the transition probability p.

Assumption #2 The best source selection problem involves N statistically independent observa-

tions of a bit. The block diagram illustrating this view of the MLBD problem is illustrated in
Figure 2 (b). Here, a bit x is simultaneously transmitted over N BSCs, each characterized by their
own transition probability pn, for n = 1, 2, . . . , N . The observation is the vector y = [y1, . . . yN ]

where yn is the output of the n-th channel. The conditional probability that defines this system is
p(y|x). Because the N parallel channels are assumed independent, we have

p(y|x) =
N∏

n=1

p(yn|x) (2)

where each probability is given by (1) where p is replaced by pn.

With these assumptions in place, the MLBD can now be defined. The ML estimate of the bit x is
given by

x̂ = 0 ⇐⇒ p(y|x = 0) > p(y|x = 1), (3)
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Figure 2: Binary symmetric channels (BSCs): (a) A binary symmetric channel with input x and
output y and transition probability p. (b) A conceptualization of the MLBD problem: a data bit x
is transmitted over N independent binary symmetric channels.

otherwise x̂ = 1. Examining condition (3) in more detail, we have

x̂ = 0 ⇐⇒ p(y|x = 0) > p(y|x = 1)

⇐⇒
N∏

n=1

p(yn|x = 0) >
N∏

n=1

p(yn|x = 1) (4)

Let N0 be the set of indexes for which yn = 0 and let N1 be the set of indexes for which yn = 1.
Using these definitions, condition (4) may be expressed as

x̂ = 0 ⇐⇒
∏
n∈N0

p(yn|x = 0)
∏
n∈N1

p(yn|x = 0) >
∏
n∈N0

p(yn|x = 1)
∏
n∈N1

p(yn|x = 1)

⇐⇒
∏
n∈N0

(1− pn)
∏
n∈N1

pn >
∏
n∈N0

pn
∏
n∈N1

(1− pn)

⇐⇒ log

(∏
n∈N0

(1− pn)
∏
n∈N1

pn

)
> log

(∏
n∈N0

pn
∏
n∈N1

(1− pn)

)
⇐⇒

∑
n∈N0

log(1− pn) +
∑
n∈N1

log(pn) >
∑
n∈N0

log(pn) +
∑
n∈N1

log(1− pn)

⇐⇒
∑
n∈N0

log(1− pn)−
∑
n∈N0

log(pn) >
∑
n∈N1

log(1− pn)−
∑
n∈N1

log(pn)

⇐⇒
∑
n∈N0

log

(
1− pn
pn

)
>
∑
n∈N1

log

(
1− pn
pn

)
. (5)
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The last relationship (5) defines the MLBD.

Example Suppose there are N = 3 channels with p1 = 10−4, p2 = 10−3, and p3 = 10−2. The
log-ratios for the three channels are

log

(
1− p1
p1

)
= 9.2 log

(
1− p2
p2

)
= 6.9 log

(
1− p3
p3

)
= 4.6.

Now suppose the three channel outputs are y1 = 1, y2 = 0, y3 = 1. This defines the sets

N0 = {2} N1 = {1, 3}.

The summations in (5) are

∑
n∈N0

log

(
1− pn
pn

)
= 6.9

∑
n∈N1

log

(
1− pn
pn

)
= 13.8.

Because the summation over the set N1 is greater than the summation over the set N0, the MLBD
output is 1. �

Special Case: Equal Channels For the special case where all N channels are the same, pn = p

for 1 ≤ n ≤ N and the ML rule (5) reduces to

x̂ = 0 ⇐⇒ |N0| > |N1|. (6)

where |N0| is the number of elements in the set N0. In words, the MLBD assigns x̂ = 0 if there
are more zeros than ones, otherwise x̂ = 1. This is the majority vote rule. In summary, the MLBD
reduces to the majority voter when the channels are the same. �

Special Case: Dominant Channel Suppose the channels are ordered so that p1 ≤ p2 ≤ · · · ≤
pN . Then we have

log

(
1− p1
p1

)
≥ log

(
1− p2
p2

)
≥ · · · ≥ log

(
1− pN
pN

)
. (7)
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Channel 1 is a dominant channel if

log

(
1− p1
p1

)
>

N∑
n=2

log

(
1− pn
pn

)
. (8)

When condition (8) holds, the summands corresponding to channels 2 through N can never sum to
a value that changes the decision based on observing the output of channel 1. Consequently, when
a dominant channel exists, the MLBD reduces to the output of the dominant channel. That is, the
best source selector is optimal. �

PERFORMANCE ANALYSIS

If the MLBD is to be of practical value, the probability of error at the MLBD output P (E) cannot
be greater than any of the bit error probabilities at the MLBD input. In this section we evaluate the
probability of error at the MLBD output. The starting point is the conditional probability of error
P (E|0) which is the probability of error given x = 0. Referring to (5), an error occurs when the
inequality is not satisfied. Consequently, the conditional probability of error is

P (E|0) = Pr

{∑
n∈N1

log

(
1− pn
pn

)
>
∑
n∈N0

log

(
1− pn
pn

)}
. (9)

Similarly, the conditional probability of error assuming x = 1 is

P (E|1) = Pr

{∑
n∈N0

log

(
1− pn
pn

)
>
∑
n∈N1

log

(
1− pn
pn

)}
. (10)

The symmetry of the BSCs are such that P (E|1) = P (E|0). The average probability of error is

P (E) =
1

2
P (E|0) + 1

2
P (E|1) = P (E|0). (11)

Because the functional dependence between the channel transition probabilities and the MLBD
output errors lies in membership in the sets N0 and N1, it is hard to draw any general conclusions
from the form (9). An example illustrates how the computations work.

Example Returning to the example of N = 3 with p1 = 10−4, p2 = 10−3 and p3 = 10−2,
we assume x = 0 and construct the following table listing all possible channel outputs, their

7



probabilities, and the values of the summations:

y1 y2 y3 probability
∑
N0

∑
N1

0 0 0 (1− p1)(1− p2)(1− p3) = 9.8891× 10−1 20.7 0
0 0 1 (1− p1)(1− p2)p3 = 9.9890× 10−3 16.1 4.6
0 1 0 (1− p1)p2(1− p3) = 9.8990× 10−4 13.8 6.9
0 1 1 (1− p1)p2p3 = 9.9990× 10−6 9.2 11.5
1 0 0 p1(1− p2)(1− p3) = 9.8901× 10−5 11.5 9.2
1 0 1 p1(1− p2)p3 = 9.9900× 10−7 6.9 13.8
1 1 0 p1p2(1− p3) = 9.9000× 10−8 4.6 16.1
1 1 1 p1p2p3 = 1.0000× 10−9 0.0 20.7

An error occurs when the
∑
N1

column is larger than the
∑
N0

column. This occurs on the fourth,
sixth, seventh, and eighth rows. Adding the probabilities gives

P (E|0) = 9.9990×10−6+9.9900×10−7+9.9000×10−8+1.0000×10−9 = 1.1098×10−5. (12)

In this example, the best channel at the MLBD input has a probability of error 10−4 whereas the
BSS output has a probability of error approximately 10−5. This is an example where the MLBD
output has a lower probability of error than any of the inputs. Furthermore, the MLBD output has
a lower probability of error than the best source selector. �

Special Case: Equal Channels For the case of equal channels, pn = p for all n and the MLBD
reduces to the majority voter. Assuming x = 0, an error occurs if a majority of the yn are 1. The
probability this occurs is

P (E|0) =
N∑

n=dN/2e

(
N

n

)
pn(1− p)N−n (13)

where dze is the smallest integer greater than or equal to z. A plot of the MLBD output probability
of error for N = 3, 5, 7 is shown in Figure 3. The plot shows a remarkable improvement in the
probability of error. �

The probability of error performance of the MLBD has been illustrated for a simple example and
for the special case of equal channels. Generalizing beyond these examples is difficult. At first
glance it is not clear that the MLBD generally improves the situation. In the next section we prove
that the bit error probability at the output of the MLBD is always the same as or better than the best
input channel. The implication is that MLBD is the same as or better than best source selection.
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Figure 3: A plot of the probability of bit error at the MLBD output for the special case of equal
channels each with transition probability p.

PROOF THAT THE MLBD IS EQUAL TO OR BETTER THAN
BEST SOURCE SELECTION

We introduce the concept of the error pattern to prove that the MLBD is equal to or better than
best source selection. The BSC output symbols are yn ∈ {0, 1}. We model these as yn = x ⊕ en,
where x ∈ {0, 1} is the information bit that is common to all BSCs, en ∈ {0, 1} is an error bit, and
⊕ is modulo-2 addition. Due to the nature of the BSC model, en = 1 occurs with probability pn

and en = 0 occurs with probability 1 − pn. There are 2N possible length-N binary error patterns,
e[i], where i ∈ {1, . . . , 2N}. The elements of the column vector e[i] are en[i] ∈ {0, 1}, where
n ∈ {1, . . . , N}. We define N0[i] as the set of indexes n for which en[i] = 0, and N1[i] as the set
of indexes n for which en[i] = 1.

The i-th error pattern occurs with probability

P [i] =
∏

n∈N0[i]

(1− pn)
∏

n∈N1[i]

pn. (14)

and
∑

i P [i] = 1 by virtue of P [i] being a probability mass function. We define the MLBD metric
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for the i-th error pattern as

M [i] =
∑

n∈N1[i]

log

(
1− pn
pn

)
−
∑

n∈N0[i]

log

(
1− pn
pn

)
. (15)

Let I+ be the set of indexes i for which M [i] > 0, and let I− be the set of indexes i for which
M [i] < 0. Let e[j] be the complement of e[i]. Because complementing each en[i] switches the
the set to which n belongs, for each i+ ∈ I+ there is an i− ∈ I− for which M [i+] = −M [i−].
Therefore, I+ and I− each contain half of the indexes in {1, . . . , 2N}, i.e. |I+| = |I−| = 2N−1,
and these two sets of indexes are mutually exclusive.

We will now show that the largest M [i] has the smallest P [i]. The first step is to show that for the
positive–negative index pairs, i+ and i−, we have

P [i−] > P [i+], or, equivalently,
P [i−]

P [i+]
> 1 (16)

Because the ones and zeros for e[i+] and e[i−] are reversed, it follows that N0[i+] = N1[i−] and
N1[i+] = N0[i−]. Therefore, we begin with the the definition that M [i+] is positive and proceed
from that point:

∑
n∈N1[i+]

log

(
1− pn
pn

)
−

∑
n∈N0[i+]

log

(
1− pn
pn

)
> 0 (17)

∑
n∈N1[i+]

log

(
1− pn
pn

)
+

∑
n∈N0[i+]

log

(
1− pn
pn

)
> 0 (18)

and raising both sides to the power of e we get

P [i−]

P [i+]
> 1 =⇒ P [i−] > P [i+]. (19)

Next, we consider two positive MLBD metrics with the relationship M [i+] > M [j+]. Using the
identity M [i+] = log(P [i−]/P [i+]) that was established above, we see that

M [i+] > M [j+]⇐⇒
P [i−]

P [i+]
>

P [j−]

P [j+]
(20)

Ordinarily, the relationship a/b > c/d would not imply that a > c and b < d. However, due to
the relationship qn = 1 − pn, when P [i+] diminishes, P [i−] grows. Therefore, the only way (20)
can be satisfied is for P [i−] > P [j−] and P [i+] < P [j+]. Combining (19) and (20) completes the
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proof that the largest values of M [i] have the smallest values of P [i].

The probability of error for the MLBD scheme is equivalent to the probability that a positive error
metric M [i] occurs, i.e.

Pe =
∑
i∈I+

P [i] (21)

Likewise, the probability of being correct is equivalent to the probability that a negative error
metric M [i] occurs, i.e.

Pc =
∑
i∈I−

P [i] (22)

with the expected result of Pc + Pc = 1. The MLBD scheme yields the minimum probability of
error, because the probability of error calculation in (21) sums the 2N−1 terms with the smallest
values.

The consequence of the minimality of (21) is profound. Let I ′ be any set of 2N−1 indexes. Then,
the minimality of (21) means that ∑

i∈I+

P [i] ≤
∑
i∈I′

P [i] (23)

where equality holds when I ′ = I+.

Now assume without loss of generality that p1 = min
n
{pn}. The best source selector relies soley

on the input from the best channel (BSC 1). The probability of bit error of the best source selector
is obtained from (14) by summing over i for which e1[i] = 1. Let I1 be the set of i for which
e1[i] = 1. Then we have

p1 =
∑
i∈I1

P [i]. (24)

But by (23), we must have
Pe =

∑
i∈I+

P [i] ≤
∑
i∈I1

P [i] = p1. (25)

This establishes the relationship
Pe ≤ min

n
{pn} (26)

and shows that the bit error rate of the MLBD (5) is always equal to or better than the bit error
rate of the best input channel. Because the best source selector ideally selects the bit from the best
input channel, we conclude that the bit error probability of the MLBD is equal to or better than
that of the best source selector.
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Special Case: Dominant Channel In the case of a dominant channel, I+ = I1 and the relation-
ships (25) and (26) are satisfied with equality. �

We close by pointing out that N = 2 is always the dominant channel case when p1 6= p2 (otherwise,
it is the equal channel case). The consequence is that for N = 2, best source selection (when
p1 6= p2) or majority voting (when p1 = p2) is optimal.

CONCLUSIONS

We derived the maximum likelihood bit detector (MLBD) based on the assumption that each input
bit is accompanied by a value proportional to its probability of error. The MLBD reduces to the
majority voter when the bits from all channels have the same probability of error, and the MLBD
reduces to the best source selector when there is a dominant channel in the sense of condition (8).
We concluded with a mathematical proof that the bit error probability of the MLBD is the same as
or lower than the bit error probability of the best source selector.
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ABSTRACT

This paper presents a frequency domain equalization (FDE) technique for aeronautical telemetry
channels. The FDE has significantly lower computational complexity compared to its time-domain
counterpart, however both are found to exhibit almost identical performance. A cyclic prefix is
generally needed to implement the FDE. In this paper, we exploit the repetition of iNET preamble
and ASM bits in place of cyclic prefix.

INTRODUCTION

The propagation of the radio signal from an airborne transmitter to a ground-based receiver over
multiple paths may cause multipath interference. Usually, one of the paths is the line-of-sight
propagation path whereas the others are due to reflections. Multipath interference continues to be
the dominant cause of link outages in aeronautical telemetry. In this paper, we investigate the use
of data-aided frequency domain approach to equalization assuming iNET packet structure. Data-
aided frequency domain equalizer (FDE) filter coefficients may be computed from the multipath
channel coefficients like their time-domain variants.

iNET-formatted transmissions include a 128-bit preamble and 64-bit attached sync marker (ASM)
preceding a block of data bits (at least 6144 bits: an LDPC codeword): see Figure 1. Since
the preamble and ASM bits are known, the receiver can compare the received signal to a locally
stored copy of the SOQPSK-TG signal corresponding to the preamble and ASM bit fields. This
comparison is capable of producing estimates of the frequency offset, noise variance, and multipath
channel coefficients [1]. The multipath channel coefficient estimates can then be used to obtain
equalizer filter coefficients in either time or frequency domain.
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Figure 1: The iNET packet structure used in this paper (samples shown at an equivalent rate of 2
samples/bit).

The minimum mean-squared error (MMSE) FDE filter coefficients depend on multipath channel
coefficients, power spectrum of the SOQPSK-TG waveform and noise variance [2]. Unfortunately,
SOQPSK-TG waveform is not wide-sense stationary [3]. This situation lead us to make two ap-
proximations of the autocorrelation function [4] towards calculating the power spectrum of the
transmitting waveform. We investigate the performance of the FDE for measured aeronautical
telemetry channels. Our numerical results demonstrate that the FDE has similar performance to
its time-domain analogue [4, 5] and offers at least 7 times less computational complexity. The
recurrence of preamble and ASM bits in iNET formatted data transmission (as shown in Figure 1)
serves the purpose of cyclic-prefix needed to implement the FDE.

SYSTEM-LEVEL DESCRIPTION

The bit sequence for iNET is depicted in Figure 1. The preamble sequence (PRE) is CD98hex re-
peated eight times [6, p. 48]. The preamble field is followed by the attached sync marker (ASM)
field defined as 034776C7272895B0hex. The DATA field is 6144 randomized data bits.1 The iNET
bit sequence is modulated by SOQPSK-TG waveform which propagates through a frequency selec-
tive channel and experiences a frequency offset as well as the addition of additive white Gaussian
noise.

The received signal is filtered, down-converted to I/Q baseband, and sampled (not necessarily in
that order) using standard techniques. The relationship between the samples of the transmitted
SOQPSK-TG signal s(n) and samples of the received signal r(n) is

r(n) =

[
N2∑

k=−N1

h(k)s(n− k)

]
ejω0n + w(n), (1)

where h(n) is the impulse response of the equivalent discrete-time channel with support on−N1 ≤
n ≤ N2, ω0 rads/sample is the frequency offset, andw(n) is a complex-valued zero-mean Gaussian
random process with variance σ2

w.

The focus of this paper is on equalizing the I/Q baseband samples of the received signal (1) in
frequency domain. Prior to applying the equalization techniques multiple tasks need to be per-
formed by the receiver as shown in Figure 2. The preamble and ASM bits are known and thus
the samples corresponding to those bits are used to estimate the frequency offset, channel impulse

1These bits correspond to a single LDPC codeword in the coded system. Here, we evaluate the uncoded bit error
rate (BER) after equalization.
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Figure 2: The data packet format and high-level signal processing explored in this paper.

response, and, for the MMSE equalizer, the noise variance. Before these estimations can be per-
formed, the start of the samples corresponding to the preamble bits in the received signal must be
detected. This is accomplished by the preamble detector block, whose algorithm is based on the
detection algorithm described in [7]. Once the start of the preamble is known, the frequency offset
is estimated using the algorithms described in [1]. The frequency offset is used with a complex-
exponential to derotate the received data to remove the frequency offset. The derotated data rd(n)
are used to estimate the channel and noise variance as described in [1]. The channel estimates
ĥ(n), for −N1 ≤ n ≤ N2, are then used to compute the FDE filter coefficients adopting the
MMSE criterion.

THE EQUALIZATION ALGORITHMS

Since SOQPSK-TG is a nonlinear modulation, the equalizer cannot operate on the symbols in the
same way it does for linear modulation (cf., [3, Chapter 9]). Consequently, the equalizer must
operate on the samples of SOQPSK-TG, similar to the way fractionally spaced equalizers operate.
The equalizers operate in the system configuration shown in Figure 3 [cf., Figure 2]. Here, the
derotated samples rd(n) are equalized in frequency-domain using a linear filter C(ω) to produce
the output

Y (ω) = C(ω)Rd(ω). (2)

The frequency domain equalizers will work if signal transmission is performed in a block-by-block
fashion and a cyclic prefix longer than the channel length is added to each transmitted data block.
This cyclic prefix is removed at the receiver prior to transformation in the frequency domain. In
this paper, instead of inserting cyclic prefix separately we take advantage of the preamble and ASM
bits used in iNET formatted data transmission.

The inverse fast Fourier transform of the FDE output in (2) forms the input to the well-known
symbol-by-symbol SOQPSK detector comprising a detection filter operating at N = Tb/T sam-
ples/bit and a decision process, operating on the decision variable u(k) at 1 sample/bit. This
detector, based on an offset QPSK approximation of SOQPSK-TG, is described in more detail
in [8, 9]. The detectors of Figure 3 also include a phase lock loop (PLL). The PLL is required to
track out any residual phase increments due to frequency offset estimation errors. A timing loop is
not required because timing offsets are part of the channel estimate ĥ(n).
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As mentioned earlier, continuous-time waveform of the modulated signal is not wide-sense sta-
tionary. Therefore, the autocorrelation function of s(n)

Rs(k, `) =
1

2
E
{
s(k)s∗(`)

}
, (3)

is a function of both sample indexes, not the difference between them. Consequently, the FDE
filter coefficients with the MMSE criterion are not realizable due to unavailability of a fixed power
spectrum. Thus we are left with suboptimal approaches similar to [4].

The simplest suboptimal approach we assumed in [4] is that the signal samples are wide-sense
stationary. Here, the autocorrelation function is of the form

Rs(k − `) =
1

2
E
{
s(k)s∗(`)

}
, (4)

that is, the autocorrelation function depends on the difference of the sample time indexes. Because
the FDE coefficients can be calculated, the relationship between the spectrum of the transmitted
signal S(ω) and the equalizer output Ŝ(ω) is

Ŝ(ω) = C(ω)Rd(ω) . (5)

Recall that Rd(ω) is the Fourier transform of derotated version of the received samples. The vector
of filter coefficients that minimizes the mean squared error

E = E
{∣∣∣S(ω)− Ŝ(ω)

∣∣∣2} , (6)

is given by [2]

Copt(ω) =
H∗(ω)

|H(ω)|2 + [SNR(ω)]−1
, (7)

where SNR(ω) = E {|S(ω)|2} /σ2
w.

The question is now, what function for the autocorrelation function Rs(k) should be used to cal-
culate the power spectrum E {|S(ω)|2}? Two approximations of autocorrelation function was ex-
plored in [4]. The first is an empirically-derived autocorrelation function. Given L samples of s(n)
for n = 0, 1, . . . , L− 1, this empirical autocorrelation function is

Re(k) =
1

2(L− k)

L−1∑
n=k

s(n)s∗(n− k), 0 ≤ k < L− 1 (8)

together with
Re(k) = R∗

e(−k), −L < k < 0. (9)

A plot of Re(k) corresponding to L = 2× 106 samples of SOQPSK-TG sampled at 2 samples/bit
is shown in Figure 4 of [4] for the first 100 lags (i.e., −100 ≤ k ≤ 100). Normalized average
power spectrum for SOQPSK-TG associated with Re(k) is shown in Figure 4. Let denote this
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Figure 4: Normalized average power spectrum for SOQPSK-TG calculated from Re(k)

approximation to E {|S(ω)|2} by Ψ(ω). Therefore, our first approximation to the linear MMSE
filter in (7) can be found as following NFFT × 1 vector

CMMSE-Re-FDE(ω) =
Ĥ∗(ω)

|Ĥ(ω)|2 + [ŜNR(ω)]−1
=

Ĥ∗(ω)

|Ĥ(ω)|2 + [Ψ(ω)
σ̂2
w

]−1
, (10)

where ω = 2π k/TsNFFT , for k = 0, 1, . . . , (NFFT − 1); Ĥ(ω) is the Fourier transform of the
channel estimate ĥ(n) and σ̂2

w is the estimate of the noise variance.

The second approximation in [4] assumed that the data are uncorrelated. This generated a correla-
tion function of the form

Ri(k) = σ2
sδ(k). (11)

Equation (7) yields the corresponding NFFT × 1 vector of the MMSE equalizer filter coefficients
as

CMMSE-Ri-FDE(ω) =
Ĥ∗(ω)

|Ĥ(ω)|2 + σ̂2
w

σ2
s

. (12)

PERFORMANCE RESULTS

The BER performance of the equalization techniques described in the previous section was as-
sessed using the simulation environment outlined in Figure 5. The simulation parameters were the
following:

1. The payload data rate was equivalent to 10 Mbits/s (the equivalent “over-the-air” bit rate was
10.3125 Mbits/s). The iNET-formatted SOQPSK-TG signal and channel were generated at
an equivalent sample rate of 2 samples/bit.

6



Figure 5: A block diagram of the simulation procedure.

Table 1: Description of the test channels used in the simulations.
channel N1 N2 length environment

1 1 7 9 Taxiway E
2 5 13 19 Takeoff on 22L
3 0 4 5 Cords Road
4 2 3 6 Black Mountain
5 2 3 6 Land on 22L

2. Because the channel estimator does not know the true length of the channel, the estimator
used values for N1 and N2 larger than any of the test channels. These values were N1 = 12
and N2 = 25 samples.

3. The length of the FDE equalizer filter was NFFT = 12672 samples. The time domain
equalizer (TDE) [4] used L1 = 4 × N1 = 48 samples and L2 = 4 × N2 = 100 samples.
Thus the length of the TDE filter was L1 + L2 + 1 = 149 samples.

4. The simulations were performed over 5 representative channels derived from channel sound-
ing measurements conducted at Edwards AFB under the M4A program [10]. The test chan-
nels are summarized in Table 1 and the corresponding frequency-domain plots are shown in
Figure 6.

The simulated BER performance is shown in Figures 7 – 11. In all cases, we observed that each
versions of the FDE and its time domain analogue exhibited almost identical performance. Approx-
imate computational complexities of both the TDE and the FDE are shown in Table 2. From this
table, we can see that the MMSE based FDE offers about 7 times less complexity than the MMSE
based TDE. For the calculation of the computational complexity, we assumed Gauss–Jordan elim-
ination method for matrix inversion needed in the TDE and split–radix FFT algorithm for Fourier
transforms required in the FDE. Again, although computation time for the equalizer CMMSE-Re-FDE

is about 1.3 times more than CMMSE-Ri-FDE, it can be reduced by precomputation of Ψ(ω). Thus
the computational complexities of both versions of the FDE were turned out to be the same. From
the plots of BER, we observed that equalizer CMMSE-Ri-FDE performed slightly better than equalizer
CMMSE-Re-FDE. Therefore, from both performance and computational perspectives CMMSE-Ri-FDE is
preferable over CMMSE-Re-FDE.

7



Table 2: Comparison of the Computational Complexity for the equalization in time and frequency
domain

Equalizer type Length of equalizer approximate # of real multi-
plications and additions

MMSE TDE 149 18791603
MMSE FDE 12672 2605080

Figure 6: Frequency-domain plots of the example channels from channel sounding experiments at
Edwards AFB. In each plot, the thick line is the channel frequency response and the thin line is the
power spectral density of SOQPSK-TG operating at 10.3125 Mbits/s.
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Figure 7: Simulation results for test channel 1.
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Figure 8: Simulation results for test channel 2.
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Figure 9: Simulation results for test channel 3.
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Figure 10: Simulation results for test channel 4.
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Figure 11: Simulation results for test channel 5.

CONCLUSIONS

In this paper, we investigate the performance of the MMSE based FDE against the MMSE based
TDE with iNET-formatted SOQPSK-TG over measured aeronautical telemetry channels. Our nu-
merical results demonstrated that both the FDE and the TDE offered almost identical performance.
However, the FDE is about 7 times more computationally efficient than the TDE. It is also observed
that the FDE based on uncorrelated SOQPSK-TG data samples performed slightly better than the
FDE designed by assuming SOQPSK-TG as a wide-sense stationary process.
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Abstract: There is great potential in using Best Source Selectors (BSS) to improve link 
availability in aeronautical telemetry applications. While the general notion that diverse data 
sources can be used to construct a consolidated stream of "better" data is well founded, there is 
no standardized means of determining the quality of the data streams being merged together. 
Absent this uniform quality data, the BSS has no analytically sound way of knowing which 
streams are better, or best. This problem is further exacerbated when one imagines that multiple 
vendors are developing data quality estimation schemes, with no standard definition of how to 
measure data quality.  In this paper, we present measured performance for a specific Data 
Quality Metric (DQM) implementation, demonstrating that the signals present in the 
demodulator can be used to quickly and accurately measure the data quality, and we propose test 
methods for calibrating DQM over a wide variety of channel impairments.  We also propose an 
efficient means of encapsulating this DQM information with the data, to simplify processing by 
the BSS.  This work leads toward a potential standardization that would allow data quality 
estimators and best source selectors from multiple vendors to interoperate. 
 
Keywords: Data Quality Metrics, Data Quality Encapsulation, Best Source Selection, Maximum 
Likelihood Data Combining 
 
 
 
 

1 INTRODUCTION 

Numerous devices in the general category of “Source Selectors” have been available in the 
telemetry market for over a decade.  The fundamental premise of source selectors is that by using 
multiple receiving assets to collect the telemetry from a single test article, errors and dropouts in 
the recovered data can be eliminated.  Source selectors typically accept anywhere from 2 to 32 
input data streams, sometimes accompanied by some measure of “data quality”, and then 
synthesize a single data stream that is ostensibly better than the input streams (or at least the 
better of the two, in the two-input case).  An overview of this concept is shown in Figure 1. 
 
From a system perspective this would seem to have great potential, but not all that potential has 
been achieved.  One of the most significant limitations to source selector performance has been 
the lack of a consistent, uniform definition of data quality.  Some products rely upon an estimate 
of Eb/N0 or dB above “AGC zero”, while others attempt to measure the opening in the PCM/FM 



 

eye pattern or the error vector magnitude of an SOQPSK waveform.  Although all of these signal 
parameters are correlated with data quality, they do not actually quantify it. 
 

 
 

Figure 1: Hypothetical Range Infrastructure using Best Source Selection. 
 
For a system designed to carry binary data, we assert that the one uniform figure of merit, by 
which one can quantify data quality, is the number of incorrect (or correct) data bits in the 
stream.  Since actually knowing which bits are incorrect requires a priori knowledge of the data 
(which would obviate the need to transmit the data at all), we will resort to quantifying the bit 
error probability (BEP). 
 
In this paper, we will show that it is possible to quickly and accurately determine BEP, even 
when there is no known data in the stream.  Building on this, we will propose a simple scheme 
for “encapsulating” this BEP information with the data, paving the way for both improved source 
selector performance and multi-vendor interoperability. 

2 BEST SOURCE SELECTION ALGORITHMS 

While not the focus of this paper, we will briefly summarize some of the schemes employed for 
performing best source selection.  (Note that we are assuming here that any of these algorithms 
are applied after the multiple bit streams have been time-aligned to the bit level.  Schemes that 
do not perform this critical time alignment step are actually likely to have more errors in the data 
at the selector output than were present in the input, owing to the skipping or duplication of bits 
every time the selector switches or combines sources.) 

• Majority vote – A popular approach to selecting the value for a given bit is to simply 
majority vote the multiple inputs to the selector.  While reasonably effective with three or 
more sources, this approach is sub-optimal and degenerates to pure guesswork with only 
two sources. 



 

• Frame sync errors – An alternative scheme is to examine the known bits in the PCM 
frame sync header, and use errors in this field to estimate the BEP of the whole frame.  
However, this approach uses only a tiny fraction of all the bits in the stream to estimate 
BEP, leading to very coarse and noisy estimates.  Furthermore, it cannot be used at all 
with encrypted data, since the PCM frame headers are not visible until after decryption. 

• Log-likelihood weighting – Rice and Perrins show in [1] that voting each bit with a 
weighting factor calculated as log {(1 - BEP) / BEP} leads to the maximum likelihood 
(optimal) output decision.  We will assume in this paper that this scheme is employed at 
the best source selector. 

3 DATA QUALITY METRIC (DQM) 

Since [1] points us toward a maximum likelihood data combining scheme based on bit error 
probability, we propose to utilize BEP as the basis for our data quality encapsulation (DQE) 
scheme.  We note here that using a measured bit error rate (BER) instead of the BEP is not 
practical, since it requires known data in the stream, something that is not possible with 
encrypted data.  Bit error probability (BEP), however, does not require any known data, can be 
determined quickly and accurately from internal demodulator statistics, and is a true data quality 
metric, regardless of the channel impairment that created the likelihood of errors.  When 
calibrated per a standardized procedure as described later in this paper, a DQM that is based 
on BEP allows DQE from multiple vendors to interoperate. 

Because of the wide variety of demodulation algorithms employed by the various vendors, we 
will not attempt to define how to calculate BEP.  Each vendor will likely develop their own 
algorithm for deriving BEP from the signals present in their demodulators. 

We define DQM as calculated directly from BEP, as follows.  We first compute the Likelihood 
Ratio (LR) in the conventional manner as  

LR = (1 - BEP) / BEP. 

We then define the data quality metric (expressed as a 16-bit unsigned integer) as  

DQM = min (round (-log10 (LR) / 12 * (2^16)), 2^16 -1). 

The use of the log function not only allows easy representation of a wide range of error rates, but 
it also paves the way to a direct implementation of the maximum likelihood data combining 
scheme defined in [1]. 

The conversion to a 16-bit integer allows DQM to be easily processed in common digital 
hardware, and the numerical scaling then represents BEP from 0.5 to 1e-12, as shown in Table 1.  
We note here that this representation yields a DQM of zero when the BEP is 50%, which is 
intuitively satisfying. 
  



 

BEP LR DQM 
0.5 1.00 0 
1E-01 1.11111E-01 5211 
1E-02 1.01010E-02 10899 
1E-03 1.00100E-03 16382 
1E-04 1.00010E-04 21845 
1E-05 1.00001E-05 27307 
1E-06 1.00000E-06 32768 
1E-07 1.00000E-07 38229 
1E-08 1.00000E-08 43691 
1E-09 1.00000E-09 49152 
1E-10 1.00000E-10 54613 
1E-11 1.00000E-11 60075 
1E-12 1.00000E-12 65535 

 

Table 1.  Likelihood Ratio and DQM as a function of BEP. 

4  DATA QUALITY ENCAPSULATION (DQE) 

We define data quality encapsulation as the process of “bundling” DQM words and payload data, 
as shown in Figure 2.  The proposed DQE structure includes a 48-bit header, defined as follows: 

• 16-bit sync pattern (0xFAC4), expressed as MSB first: 1111101011000100 
• 8-bit reserved word, potentially for packet header version number (currently must be 0) 
• 8-bit reserved word, potentially for source ID tag (currently must be 0) 
• 16-bit DQM as defined above 

 
Figure 2: Data Quality Encapsulation (DQE) Packet Structure. 

Since the 48-bit header is transported to the BSS via the wired (or optical fiber) range 
infrastructure, the four header fields can be reasonably expected to arrive at the BSS error-free. 

Following the header is a block of payload data of user-selectable length N, where 128 ≤ N ≤ 
16,536.  In consideration of the digital hardware and/or software expected to process the DQE 
packets, we propose that N be restricted to an integer multiple of 8, i.e., N mod 8 = 0. 

It is clear by inspection that the DQM update interval is Td = N / (Payload bit rate).  This is 
plotted in Figure 3 for several bit rates and values of N.  We also define the efficiency of the 
DQE structure as the fraction of all bits sent to the BSS that are payload data bits:  

Efficiency = N / (N + 48) 

This is plotted in Figure 4. 



 

The programmability of the payload data block size allows the telemetry system engineer to 
strike a balance between more frequent DQM updates (to allow tracking of more rapidly varying 
channels), or less frequent updates (making more efficient use of the range infrastructure 
bandwidth).  Note that since DQM is inserted during demodulation, it has no effect whatsoever 
on the over-the-air bandwidth.  Since the update rate also increases as the data rate increases, it’s 
quite likely that the “sweet spot” for N will depend on the data rate. 

It should also be noted here that regardless of the algorithm used to calculate DQM from the 
demodulator’s internal statistics, the block-to-block variation of DQM will necessarily increase 
as the block size decreases.  Consequently, the block size N should be no smaller than is required 
to achieve the desired update rate. 

 
Figure 3: DQM Update Rate as a Function of Data Rate and Payload Data Block Size. 

 
Figure 4: Network Bandwidth Efficiency as a Function of Payload Data Block Size. 



 

5 DQM CALIBRATION TECHNIQUES 

As defined above, the proposed DQM and DQE approach can provide the BSS with a 
mathematically sound means of combining multiple data streams to create a new stream with 
fewer bit errors, and it can do so with minimal utilization of network bandwidth to deliver the 
DQM information.  While this simple packet structure can be readily implemented in any 
modern demodulator, this still does not ensure interoperability amongst equipments developed 
by different vendors.  To achieve this, we need to provide a means of calibrating the DQM 
values against the actual BEP of the data stream. 

As has been well documented over the years, the aeronautical telemetry channel is fraught with a 
wide variety of impairments including additive white Gaussian noise (AWGN), signal dropouts 
(which might be regarded as a step function in AWGN level), interfering signals (both in-band 
and adjacent channel), phase noise, timing jitter, and multipath (both static and dynamic). 

In order for DQE / DQM to reliably steer the BSS toward the best signal or signals, the DQM 
values must provide a timely and (reasonably) accurate evaluation of the BEP.  Toward that end, 
we propose a set of calibration procedures, as described below.  Figure 5 shows the proposed test 
fixture for performing these calibrations.   

 
Figure 5: DQM Calibration Fixture. 

The data flow through the test fixture starts with any standard PN generator.  To ensure good 
characterization of patterns with long strings of ones or zeros, such as will occur with encrypted 
data, we propose a maximal length PN sequence of length 223-1 or greater.  Note that the 
computation of DQM does not in any way depend upon the data being a known sequence; this is 
only necessary for the calibration of the DQM. 

The input data is then converted to the modulation of interest at the RF carrier frequency of 
interest.  At a minimum, this generator should be capable of producing accurate ARTM Tier 0, 
Tier I, and Tier II signals, as it is quite likely that the DQM results will be different for each 
modulation. 

Finally, and most importantly, this test setup must be capable of synthesizing the impairments 
previously listed.  This is done using the Quasonix Receiver Analyzer, which can generate a 
wide range of calibrated RF impairments.  While Figure 5 shows this as a post-modulation step, 
certain impairments (timing jitter, for example) may be better imposed at the input to the 
modulator. 



 

The “corrupted” RF signal is input to the unit under test (UUT), and the UUT delivers 
“corrupted” data with a synchronous clock.  (If the UUT does not include a bit synchronizer, 
then an external synchronizer is required.)  The test system then extracts the frame sync word 
and measures the actual BER of the payload data.  This is computed and stored on a packet-by-
packet basis.  Finally, the captured DQM is converted to BEP using 

BEP = 1 / (1 + 10(-12 * DQM / 2^16)) 

This allows direct comparison of BEP and BER. 

6 DQM CALIBRATION RESULTS 

For the results presented here, the test equipment comprised a Quasonix 3rd Generation RDMS™ 
telemetry receiver (model QSX-RDMS-3R1D-A1-1111-00-EQ-14), and a Quasonix Receiver 
Analyzer (model QSX-RXAN-3R1D-A1-1111).  This pairing of equipment afforded a 
considerable degree of automation in the test process.  All the results presented here used a 
payload data block size (N) of 4096 bits. 

The impact of signal impairments on receiver performance will likely vary from one receiver (or 
demodulator) to the next.  It is important to bear in mind that our objective here is not to 
determine the demodulator’s performance with these impairments (although that emerges from 
the test procedures), but rather the demodulator’s ability to evaluate and quantify its own 
performance, so that the BSS can make informed decisions about how to combine sources. 

Static AWGN Test - The most fundamental impairment in any radio link is additive white 
Gaussian noise, and we propose that the DQM calibration against AWGN be the first step in the 
calibration process.  Most of the subsequent tests rely upon the AWGN results. 

The AWGN can be created by either synthesizing the noise in the modulator, or by lowering the 
RF signal level to point that the front-end noise is causing errors.  While generating noise in the 
modulator allows very precise control of the Eb/N0 achieved, it is not representative of how the 
receiver being calibrated is actually used.  For this reason (and to simplify the test process), we 
propose to use RF signal level as the independent test variable.  This leads to a data presentation 
as depicted in Figure 6, which is used to set the test parameters for subsequent tests. 

 
Figure 6: BEP and BER as a Function of RF Input Level. 



 

Dynamic AWGN Test - The test data collected for Figure 6 can be averaged over a long period 
of time, because the AWGN level is essentially static for as long as the test engineer would like 
it to be.  Actual telemetry channels are not so gracious, and rapid fluctuations in RF level can 
arise from a multitude of conditions.  Since our goal is to help the BSS construct the best source 
out of several such dynamically varying signals, we propose to measure the DQM step response 
as a way of characterizing the ability of the DQM to track these variations. 

The BEP and BER data plotted in Figure 6 sets the test limits for the step response test, as 
follows.  Note the RF levels that yield a BER of 1e-2 and 1e-7.  For most telemetry modulations, 
these two levels will be about 6 to 7 dB apart, although in modes using forward error correction, 
they may only be 1 to 2 dB apart.  Set the signal generator to “step” between these two levels.  
Note that the step response time of the signal generator must be significantly less than the DQE 
block length. 

Since the two RF levels are selected to yield a BER of 1e-2 and 1e-7, there is no need to re-
measure the BER; only the BEP needs to be plotted.   The figure of merit in this test is how 
quickly the BEP settles to the values previously determined in the Static AWGN test.  The DQM 
is only calculated and inserted into the data stream every N payload data bits.  Therefore, at the 
point the RF level changes, one DQM value will be a mix of the 1e-2 state and the 1e-7 state, and 
it should be expected that one measurement of BEP will be somewhere between those two 
values.  The data from this test can be presented as shown in Figure 7.  The “blended” values are 
evident at the transitions. 

 
Figure 7: BEP Response for Abrupt Change in RF Signal Level. 

In some telemetry receivers, the AGC time constant may have an effect on the step response of 
the DQM.  The step response test should be repeated with at least two different AGC time 
constants to determine what impact, if any, the receiver’s AGC loop has on the response time of 
the DQM value. 

Dropout Recovery Test - The Dynamic AWGN Test evaluates the ability of the DQM to track 
modest variations in signal level.  This is relevant to the case where the RF signal stays within 
the receiver’s synchronization range.  Again, real telemetry channels are not so benign, and 
complete dropouts will occur.  Therefore, we propose a set of three additional tests, modelled 
after the Flat Fade Recovery Test in IRIG-118, to assess how rapidly DQM settles to an accurate 
value when the receiver has lost sync on the signal. 



 

The setup for this test is similar to the Dynamic AWGN Test, except that the two RF levels are 
“off” and that which yields the target BER.  We propose to run this Dropout Recovery Test at 
target BERs of 1e-2, 1e-4, and 1e-7.  As before, the BER vs. RF signal level collected in Figure 6 
tells us the required RF levels.  Data collected in this test can be presented as shown in Figure 8.  
So long as the receiver’s synchronization time is small compared to the 4096-bit DQE block, the 
results should be quite similar to the Dynamic AWGN Test above. 

 

 

 
Figure 8: BEP Recovery from Complete Loss of Signal. 



 

Adjacent Channel Interference Test - The tests described above provide a reasonably thorough 
characterization of the DQM performance under both static and dynamic AWGN.  However, 
there are bigger challenges than AWGN.  Despite frequency managers’ best efforts, there are 
many cases where multiple signals appear within the passband of the receiver.  Since these 
interfering signals are often other telemetry signals, they are quite different from AWGN in 
terms of their impact on the receiver.  Consequently, we propose to evaluate the ability of the 
DQM to quantify the degradation caused by interfering signals. 

Tallying the number of modulations that might appear as interferers, the data rates they might be 
carrying, and their relative amplitudes and frequencies, the list of candidate interfering signals is 
literally infinite.  We propose a test that is an adaptation of the test procedures for adjacent 
channel interference in section 7.5 of IRIG-118. 

Specifically, we propose to set the desired signal to an RF level approximately 20 dB above a 
BER of 1e-6 (this level is not critical), and set the interferer frequency offset per Table A-1 in 
Appendix A of IRIG 106-15.  Start with the interferer 20 dB above the victim (per the guidance 
of IRIG 106-15, Table A-1), and progressively raise the interferer level while monitoring BER 
and BEP.  Continue until the receiver loses lock.   

Again, our goal is to determine how accurately the demodulator can assess its own performance, 
not the absolute level of that performance.  That said, it is worth noting that for this particular 
receiver, the interferer has no measurable effect until it is more than 30 dB above the victim.  
Representative test results are shown in Figure 9. 

 
Figure 9: BEP and BER with Adjacent Channel Interference 

Timing Jitter Test – Adjacent channel interference is certainly not AWGN, but it is an additive 
impairment in the sense that the interference is added to the receiver input.  Another source of 
link degradation is timing jitter, most often originating in the PCM encoder at the transmit end of 
the link.  While most modern PCM encoders exhibit low jitter, and modern transmitters further 
filter this, legacy systems are still in use and they often do not conform to today’s standards. 



 

The impact of timing jitter on receiver performance will likely vary from one receiver (or 
demodulator) to the next, and our objective here is determine the demodulator’s ability to 
evaluate and quantify that impact.  To achieve this, we propose to drive the signal generator in 
Figure 5 with a clock that has a calibrated degree of jitter, while driving the receiver with the RF 
signal level that results in a BER of 1e-7 (again, found from the results of the Static AWGN Test 
in Figure 6).  Start with no added jitter, and increase the jitter until the demodulator loses lock.  
Typical results are shown in Figure 10. 

 
Figure 10: BEP and BER with Timing Jitter. 

Static Multipath Test – Most telemetry links utilize high gain antennas on the ground.  When 
the test article is well above the horizon, the highly directive receive antenna pattern can be quite 
effective at rejecting signals reflected off the ground or water.  For low-flying or grounded test 
articles, however, multipath reflections can cause severe signal distortion.  This distortion, if not 
mitigated by techniques such as adaptive equalization, can create bit errors even when the signal 
level is very high. 

We propose to characterize a receiver’s ability to recognize and quantify this condition with a 
Static Multipath Test.  As in the case of adjacent channel interference, there are literally an 
infinite number of possible channels, so we will test a miniscule subset, using only a two-ray 
multipath model.  The three channel parameters of interest in this case are the delay between the 
two paths and the magnitude and phase shift of the second path relative to the first path.  Since 
we are focused on the impact of multipath, we propose to run this test at -40 dBm input level.  
This is high enough that receiver front-end noise is negligible, and low enough that the front end 
should still be safely away from saturation. 

A complete characterization of even this simple case is beyond the scope of this paper, but an 
example, with differential delay as the independent variable, is shown in Figure 11.  The signal 
in this case is SOQPSK at 1850 MHz and -40 dBm. 



 

 
Figure 11: BEP and BER with Static Multipath. 

7 SYSTEM-LEVEL PERFORMANCE 

All of this effort to have the receiver assess its own performance would be an academic exercise 
if there were no best source selectors (BSS) to utilize the DQM / DQE packet structure.  
However, as of this writing in August 2015, there are at least two BSS vendors (NetAcquire and 
GDP Space Systems) who have already developed the processing algorithms necessary to read 
and utilize the DQM values provided by the 3rd Generation Quasonix receivers.  A four-receiver 
test system with best source selectors from both vendors has been installed at Naval Air 
Weapons Station China Lake, and this system is slated for flight test in September 2015. 

Lab testing at the system level (including the NetAcquire Advanced Correlating Source Selector) 
has been underway for many months, and the measured bit error rate at the BSS input and output 
is shown in Figure 12 (note the inverted BER scale).  Since zero cannot be plotted on a log scale, 
an error-free BERT test interval is plotted as BER = 1e-10.  It is quite apparent that the source 
selector, driven with the DQM / DQE packet structure, can turn four very mediocre telemetry 
links into nearly error-free data. 

 
Figure 12: BER Improvement with Four Slowly Fading Channels and a BSS. 



 

8 AREAS FOR FUTURE RESEARCH 

The results and test procedures described above could provide a starting point for a new chapter 
of IRIG 118, which would have the potential to enable receivers and best source selectors from 
multiple vendors to interoperate.  To provide a more comprehensive evaluation, we propose to 
develop at least two more tests. 

Phase Noise Test – Similar to timing jitter, phase noise can degrade demodulator performance, 
even at high RF signal levels.  Phase noise is additive through the complete RF link, so 
contributions from both the transmitter and receiver impact performance.  Quasonix is 
developing a calibrated phase noise generator for the Receiver Analyzer, and DQM calibration 
results for phase noise may be included in a future publication. 

Dynamic Multipath Test – IRIG 118 includes the Break Frequency Test as a way of 
characterizing the ability of a diversity combiner to keep up with rapid fading.  The Receiver 
Analyzer already automates the Break Frequency Test, and evaluation of the DQM algorithms 
under this dynamic test case may also be published in a future paper. 

9 CONCLUSIONS 

We have defined a packet structure for bundling data quality information along with the payload 
data, for the purpose of assisting a correlating best source selector to combine multiple streams 
carrying the same data.  We have proposed that bit error probability within a block of data is a 
uniformly understood metric for data quality, and presented a numerical representation of that 
error probability, which leads directly to a maximum likelihood data combiner.  We have shown 
that there are computational techniques that yield timely and accurate calculations of bit error 
probability, and we have proposed test methods by which the accuracy of these calculations can 
be assessed in the presence of several types of channel impairments.  Finally, we have shown 
that best source selectors available in the market today can utilize the DQM / DQE scheme 
defined here to produce nearly error-free data from relatively poor sources. 
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ABSTRACT 
 
Power line communications (PLC)-based transceivers provide an alternative to establishing 
dedicated aircraft Ethernet networks.  Adding new aircraft functionality or installing special 
purpose instrumentation often requires significant engineering and aircraft down time to 
complete.  PLC-based networks can reduce project cost and schedule by enabling localized 
aircraft modifications and leveraging existing aircraft wiring for the Ethernet medium.  PLC 
standards continue to evolve and achieve greater throughput rates and noise mitigation.  Ethernet 
communications have been tested over AC and DC power busses, data busses, and discrete 
wiring.  PLC networks have been successfully demonstrated in avionics test beds and aircraft 
(including live video transfers) without causing interference to the basic systems or the 
underlying wiring functionality.  PLC transceivers provide a cost effective solution to the adding 
Ethernet capabilities or Ethernet-based subsystems to existing aircraft. 
 
 
KEY WORDS 
 
Power line communications, Intercommunication data rate, Broadband on aircraft 
 
 
INTRODUCTION 
 
Today’s technology requires increasingly high bandwidth data transfers.  However, different 
technologies evolve on vastly different time scales.  In the aerospace industry, new aircraft are 
developed over 5 - 10 years and then are operated for 30 years or more.  Commercial computer 
technology, on the other hand, changes dramatically with 10x improvements considered routine 
within a 5-year period.  With a few exceptions, aircraft in use today were developed with what 
the commercial industry would consider obsolete technology.  Many new systems, especially 
video-oriented systems, are prohibitively expensive to install on legacy aircraft because of the 
lack of network infrastructure in place and the complexity and cost of re-wiring the airplane. 
 
Modern aircraft platforms feature network “backbones” that many systems share and that allow 
for simple additions to and removals from the overall network.  As an example, the state-of-the-
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art Joint Strike Fighter (JSF) aircraft is wired with 1000 BASE-T Ethernet using fiber optic and 
Category 6 cable.  This allows any number of new systems and associated components to be 
added to the aircraft simply by connecting them to the existing network.  That is not the case 
with an A-10 or F-16 that have a limited 1Mbps 1553B network on board.  Installing a new 
system like the Advanced Tactical Data Link (ATDL) or state-of-the-art targeting pods (e.g. 
Northrop Grumman’s LITENING) requires a significant increase in a legacy aircraft platform’s 
Intercommunication Data Rate (IDR).  The traditional method for accomplishing such 
integrations is to retrofit the legacy platform with networking cables or fiber.  However, this is 
often not practical due to cost, time out of active service (i.e. depot time); and also size, weight, 
and power considerations.   
 
A cost effective and sustainable solution to the IDR challenge is to leverage commercial Power 
Line Communications (PLC) technology.  This technology, developed to provide digital 
communications over power lines in a home or small office environment, has advanced 
significantly over the last decade to include major increases in bandwidth, reliability, and noise 
immunity.  PLC technology can be adapted to permanent and temporary system installations for 
both commercial and military aircraft environments, resulting in increased IDR over the existing 
aircraft wiring.   
 
 
PLC TECHNOLOGY HISTORY 
 
PLC technology transmits data via the electrical supply network, thereby extending an existing 
local area network or sharing an existing Internet connection through electrical outlets with the 
installation of specific units.  PLC devices encode the data to be transmitted onto multiple Radio 
Frequency (RF) carriers spread across a wide spectrum (e.g. 2 - 100 MegaHertz (MHz)).  The 
carriers are modulated and superimposed onto the transmission medium (i.e. existing wiring).  
These secondary signals are transmitted via the power infrastructure and are received and 
decoded remotely, reproducing the original bitstream.  This architecture enables PLC signal 
reception by any PLC receiver located on the same electrical network. 
 
Basic narrowband power line communications followed the widespread use of high-tension 
power lines in the 1920’s for long range telemetry purposes.  Narrowband PLC injects low 
frequency (e.g. 3 – 500 kiloHertz) signals onto the electric network and achieves data rates up to 
100’s of kilobytes per second.  Narrowband development continues to this day, focusing on 
smart meter reading and grid control.  Medium-speed (0.1 – 1.0 Megabits per second (Mbps)) 
narrowband technology continues to evolve and focuses on intelligent, long-range meter reading 
capabilities. 
 
High speed, broadband PLC has been adopted for residential use, where wireless operations are 
not sufficient and remodeling to add network cabling is impractical.  Broadband PLC operates at 
higher frequencies (e.g. 1 - 250MHz) and supports data rates in the 100’s of Mbps.  Unlike 
narrowband PLC, which can operate at a range of several kilometers, broadband PLC is intended 
for much shorter distances (e.g. 100’s of feet).  Many United States and European standards have 
evolved from the PLC technology to cover broadband development, including Institute of 
Electrical and Electronics Engineers (IEEE) 1901, HomePlug, and the International Telegraph 
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Union Telecommunication Standardization Sector (ITU-T) G.hn.  These technologies continue to 
evolve, especially in the area of interference mitigation, resulting in ever-increasing transmission 
rates and data integrity. 
 
 
AIRCRAFT APPLICATION RESEARCH 
 
The United States Air Force (USAF) operates a fleet of aircraft and aircraft types that were 
developed with varying ranges of technological capability.  Due to budget constraints, USAF 
(and foreign air forces) generally modernizes existing aircraft instead of indiscriminately 
replacing older platforms with new, state-of-the-art aircraft and avionics.  In 2009, novel and 
innovative approaches were sought for upgrading older aircraft with, for example, the Joint 
Helmet Mounted Cueing System (JHMCS).  This led to a request for proposals under Small 
Business Innovation Research (SBIR) topic AF093-035 [1] to provide 16Mbps (threshold) and 
100Mbps of data throughput.  In 2014, USAF requested new SBIR proposals (topic AF141-035 
[2]) with greater throughput requirements – 100Mbps (threshold) and 1000Mbps (objective).  
USAF awarded 5-D Systems a Phase I and a Phase II contract for both of the above referenced 
SBIR topics. 
 
As part of the SBIR research activities, test configurations and simulation environments were 
developed to mimic a military aircraft electrical environment.  This included 115 Volts 
Alternating Current (VAC), 400 Hertz (Hz) power, 28 Volt Direct Current (VDC) power, 
MIL-STD-1553 bus wiring, and generic signal wiring.  Noise sources and simulated loads were 
also added to the simulation environment to replicate dynamic aircraft conditions.   
 
The initial research focused on adapting commercially available HomePlug AV (HPAV) 
modules modified for aircraft environment usage.  Although there are considerable differences 
between residential/commercial Alternating Current (AC) power systems and aircraft power and 
wiring systems, the HPAV technology incorporated several key features that are beneficial to 
both environments.  Home power systems often include various appliances, lighting, and other 
equipment that induces significant noise on the AC lines.  In addition, these lines are susceptible 
to frequent voltage spikes and fluctuations.  To overcome these issues, HPAV operates across a 
wide frequency range from 2 - 30 MHz and employs windowed Orthogonal Frequency Division 
Multiplexing (OFDM) and Turbo Convolutional Code (TCC).  The windowed OFDM provides a 
flexible spectrum notching capability that can be used to block especially noisy frequencies, and 
as an added benefit in the aircraft environment, can be utilized to avoid frequencies and 
harmonics where induced interference cannot be tolerated (e.g. UHF/VHF radio systems).  The 
TCC provides advanced Forward Error Correction (FEC) to minimize the need to retransmit data 
packets that are partially corrupted.  Other features include the capability to utilize multiple 
modulation schemes ranging from Bi-Phase Shift Keying (BPSK) to 1024 Quadrature Amplitude 
Modulation (QAM), which carries 10 bits of information per symbol.  These modulation 
schemes are selected independently for each of the HPAV’s 1155 channels utilized across the 
frequency range to maximize the collective bandwidth.  All of these features enable HPAV 
technology to be successfully utilized in aircraft implementations.   
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Subsequent research focused on adapting HPAV2 and G.hn technologies for the aircraft 
environment.  Both technologies have features similar to HPAV.  G.hn also provides 
Neighboring Domain Interference Mitigation (NDIM), an interference mitigating mechanism 
between adjacent power line networks (ground or airborne). A key performance difference 
between HPAV and HPAV2 is the available frequency bandwidth.  HPAV modulates the data 
onto carriers in the range of 2 – 28MHz, whereas HPAV2 has carriers from 2 - 86MHz.  This 
additional bandwidth enables HPAV2 to provide greater throughput than HPAV.  Similarly, 
G.hn has multiple operating modes (or profiles) with frequency ranges of 2 – 80MHz and also 2 - 
100MHz. 
 
 
LABORATORY TESTING 
The respective technologies were evaluated by assessing their User Datagram Protocol (UDP) 
and Transmission Control Protocol (TCP) throughput and the capability to stream video, which 
is the primary objective of the first SBIR.   
 
The UDP testing measured the maximum non-deterministic bandwidth available with the various 
test configurations.  The UDP protocol does not guarantee packet arrival or that packets will 
arrive in the order they were sent, but is useful for transferring live data feeds such as 
surveillance video and/or audio, or real-time sensor data where the only relevant data is the most 
current.  Testing was conducted with minimum and maximum sized packets to illustrate the 
protocol overhead impact.  Real world throughput will depend on the application and likely fall 
somewhere within the measured test values shown in Table 1 below.  The average throughput for 
the non-115VAC, 60Hz configurations was 56.4Mbps, far exceeding the SBIR threshold of 
16Mbps. 
 

Table 1.  HPAV UDP Throughput Measurements 

Test Scenario 
Throughput  

(Mbps) 

1 byte 63 Kbyte 
Baseline (pre-modification) 2.8 67.0 
115VAC, 60 Hz 2.8 73.3 
28VDC 2.8 64.0 
28VDC w/Noise 2.8 62.0 
Control Line (28 VDC) 2.8 63.3 
115VAC, 400Hz 2.9 51.0 
115VAC, 400Hz w/Noise 2.9 56.6 
Shielded wire 2.7 55.3 
Shielded, twisted pair 2.8 49.0 
MIL-STD-1553 (inactive) 3.0 53.8 
MIL-STD-1553 (active) 2.8 52.4 
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The TCP testing measured the maximum bandwidth available with guaranteed data payload 
delivery.  This ensured that the data sent was received uncorrupted.  Since TCP requires an 
acknowledgement of packet receipt, the largest packet size (1500 bytes) was used to minimize 
the impact from the protocol overhead. The TCP throughput measurements are shown in Table 2 
with an average TCP throughput of 32.5Mbps, also exceeding the SBIR minimum threshold of 
16Mbps.  As a reference point, recommended connection speeds for High Definition (HD) 
quality video is 5Mbps and is 25Mbps for Ultra HD. 
 

Table 2.  HPAV TCP Throughput Measurements 

Test Scenario Throughput 
(Mbps) 

28 VDC 34.2 
28 VDC w/Noise 17.7 
Control Line 28 VDC 33.7 
115 VAC 400 Hz 33.9 
115 VAC 400 Hz w/Noise 30.4 
Shielded wire 36.2 
Shielded, twisted pair 34.3 
MIL-STD-1553 (inactive) 35.8 
MIL-STD-1553 (active) 36.0 

 
For the video streaming tests, an Arecont Vision ARE-AV1305 IP camera was used to evaluate 
the HPAV video transmission capabilities.  The camera captured full color video (1280x1024 
resolution) of a rotating globe, compressed it using the H.264 algorithm, and then packetized and 
streamed the data using the modified HPAV hardware over the simulated aircraft wiring.  The 
manufacturer supplied software was used to remotely configure/control the camera and receive 
and display the video.  The average measured frame rate was 31-33 frames per second across all 
test scenarios.  As the measured rate matches the maximum camera frame rate, no conclusive 
performance differences were detectable amongst the test scenarios. 
 
Prototype units based on HPAV and HPAV2 architectures were manufactured and tested.  The 
HPAV-based prototype (nicknamed “BOA”) test results mirrored the proof of concept test 
results.  The HPAV2-based prototype (nicknamed “BOAe”) was purpose-built to communicate 
over MIL-STD-1553 cabling and demonstrated UDP throughput ranging from 150 – 160Mbps 
over a temperature range of -40° Celsius (C) to +70°C.  In addition to temperature testing, the 
test article was subjected to a suite of MIL-STD-810 environmental and MIL-STD-461 
electromagnetic compatibility tests, including altitude, humidity, shock, vibration, and 
radiated/conducted emissions/susceptibility.  The BOAe’s sustained 2X throughput increase over 
BOA is a direct result of HPAV2’s additional bandwidth and carriers. 
 
Similar to the HPAV research, the G.hn research leveraged commercially available G.hn 
modules that were modified for aircraft environment usage.  The HPAV testing was restricted to 
a single, active transmission medium.  The G.hn testing initially assessed single medium 
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performance and later evaluated performance using multiple, parallel transmission mediums.  
The G.hn device under test supports multiple profiles to maximize performance for a particular 
system installation.  The baseline measurements in Table 3 depict the observed single stream and 
multiple stream throughput in a standard 115VAC, 60Hz environment.  Using a non-energized 
wire pair configuration, the multiple stream impact on throughput was evaluated using laptop 
computers with varying hardware capabilities.  Table 4 lists the multiple stream throughput 
improvements using the PLC100MHz profile.  Table 5 provides similar data for the 
Coaz100MHz profile.  The G.hn modules were also evaluated using different transmission 
mediums with Table 6 summarizing the single stream results using the Coax100MHz profile. 
 

Table 3.  G.hn Baseline Throughput 

Profile 
Single stream 
Ethernet TCP 

(Mbps) 

Multiple stream 
Ethernet TCP 

(Mbps) 
PLC100MHz 121 250 
PLC50MHz 121 180 

Coax100MHz 280 450 
Phone100MHz 149 350 

PLC50Mhz w/MIMO (disabled) 69 250 
 

Table 4.  Multiple Streams using PLC100MHz 

Computer 1 Stream 
(Mbps) 

2 Streams 
(Mbps) 

4 Streams 
(Mbps) 

6 Streams 
(Mbps) 

A 139 187 (+34%) 241 (+73%) 265 (+90%) 
B 133 182 (+36%) 238 (+78%) 264 (+98%) 
C 131 176 (+34%) 227 (+73%) 244 (+86%) 

 
Table 5.  Multiple Streams using Coax100MHz 

Computer 1 Stream 
(Mbps) 

2 Streams 
(Mbps) 

4 Streams 
(Mbps) 

6 Streams 
(Mbps) 

A 216 285 (+31%) 383 (+77%) 427 (+97%) 
B 242 304 (+25%) 396 (+63%) 437 (+80%) 
C 235 303 (+28%) 381 (+62%) 422 (+79%) 

 
Table 6.  Coax100MHz TCP Throughput with Different Mediums 

Communication Medium Single Stream Throughput 
(Mbps) 

Baseline (Wire Pair) 272 
28 VDC 268 
28 VDC with motor load 211 
120 VAC 240 
120 VAC with motor load 220 
MIL-STD-1553 270 
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In addition to the in-house laboratory testing, a helicopter Systems Integration Laboratory (SIL) 
was used to evaluate G.hn compatibility with helicopter avionics.  Four G.hn channels were 
interfaced with the SIL’s redundant MIL-STD-1553 bus.  These tests verified the prior single 
channel performance and also evaluated G.hn’s neighboring network (or NDIM) capabilities.  
Table 7 and Figure 1 provide the effective throughput using the Coax100MHz profile and four 
independent channels with staggered starts and stops.  This testing proved NDIM’s ability to 
adapt to dynamic conditions and continue reliable communications, but at the expense of 
individual channel throughput. 
 

Table 7.  Aggregate Channel Throughput using MIL-STD-1553 
 1 Stream (Mbps) 
Channel 0, Bus A 240 179 122 94 0 0 0 
Channel 0, Bus B 0 133 92 70 92 0 0 
Channel 1, Bus A 0 0 128 98 124 150 0 
Channel 1, Bus B 0 0 0 98 128 163 250 

Total: 240 312 343 360 344 313 250 
 

 
Figure 1.  Multi-Channel Throughput using MIL-STD-1553 

 
 
AIRCRAFT TESTING 
 
The BOA transceivers were ground tested on an F-4 Phantom II, where the transceiver pairs 
were interfaced to the left and right wing pylon station.  Communications were verified using the 
aircraft’s three 115VAC, 400Hz phase references and with the aircraft 28VDC power bus.  The 
HPAV technology’s ability to inductively couple across wires was also evaluated.  Table 8 
summarizes the measured throughput for the various power sources and demonstrates throughput 
is not affected by inductive coupling. 
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Table 8.  HPAV Throughput on F-4 Phantom 
Left Wing 

Station 
Right Wing 

Station 
Throughput 

(Mbps) 
Phase A Phase A 63.5 
Phase A Phase B 65.9 
Phase A Phase C 63.8 
28 VDC 28 VDC 65.5 
Phase A 28 VDC 64.2 
Phase B Phase B 64.9 
Phase B Phase C 64.1 
Phase C Phase C 64.2 

 
Aircraft ground testing has also been performed on an A-10 Thunderbolt II using the modified, 
commercially available G.hn modules.  The test configuration was a multi-channel, 
multi-medium setup with one channel for 115VAC, 400Hz power, one for 28VDC power, and 
one channel each for MIL-STD-1553 Bus A and B.  A staggered single stream, start/stop test 
similar to the one in the avionics SIL was performed (see Figure 2).  Once again, active NDIM is 
observed by the throughput reduction on the DC bus when the AC bus activity is started.  At the 
conclusion of DC bus activity, NDIM detected reduced interference and autonomously increased 
the AC bus data rate from 30Mbps to approximately 100Mbps.   
 

 
Figure 2.  Multi-Channel Throughput using Multiple Mediums 

 
 
EXAMPLE ARCHITECTURES 
 
Laboratory and ground testing has proven the viability of an aircraft-based PLC network in a 
point-to-point configuration, multi-drop configuration (multiple transceivers on a single 
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medium), and independent channels on independent mediums.  The first two architectural 
implementations can be implemented using HPAV, HPAV2, or G.hn.  The third architecture 
should be reserved for G.hn due to its interference mitigation capabilities.   
 
The point-to-point configuration is appropriate for single client / single server architectures.  By 
extension, the multi-drop configuration is appropriate for distributed systems and multi-client / 
multi-server architectures.  These are the most probable implementations for a legacy aircraft 
upgrade or a special purpose, temporary installation (e.g. proof of concept flight).  As a 
representative example, Figure 3 depicts a fictitious client/server upgrade to the F-4 to add a 
camera payload.  In this example, the wiring modifications are limited to the wing pylon and the 
avionics bay – the aircraft power busses are used as the communications medium. 
 

 
Figure 3.  Multi-Channel Throughput using Multiple Mediums 

 
 
CONCLUSION 
Although conceived for residential and commercial use, PLC technology has proven to be 
readily adaptable to aircraft environments.  This technology enables new mission equipment to 
be integrated onto existing aircraft without significant aircraft retrofit or down time.  Initial 
research and testing demonstrated PLC’s ability to provide more than sufficient bandwidth for 
video streaming using both UDP and TCP protocols.  Preliminary assumptions that 
multi-channel, multi-medium configurations can provide greater aggregate bandwidth were 
disproven.  Testing proved crosstalk effects can be minimized in multi-channel implementations, 
but with a reduction in throughput.  Aircraft testing also demonstrated that a single transceiver 
pair on, for example, MIL-STD-1553 cabling effectively provided the same throughput as the 
multi-channel, multi-medium configuration.  PLC-based transceiver implementations are an 
effective alternative when integrating a modern, network-based subsystem enhancement for a 
legacy aircraft system. 
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ABSTRACT 

 

This paper documents one proposed approach for transitioning the Integrated Network Enhanced 

Telemetry (iNET) Standards into the IRIG 106 Part 2 Telemetry Network Standards.  Describing 

the iNET Standards in terms of the Transmission Control Protocol/Internet Protocol (TCP/IP) 

Model provides a solid foundation for the proposed IRIG 106 Part 2 chapter structure.  The 

proposed approach incorporates an application-centric paradigm by emphasizing application-to-

application communication.  One change proposal augments the current Simple Network 

Management Protocol (SNMP) application protocol with a Hypertext Transfer Protocol (HTTP) 

application protocol that enables advanced data transfer features and other options.  Another 

change proposal includes Data Channel enhancements resulting in a more harmonious 

relationship between statically and dynamically-defined Data Channels.  This paper includes a 

high level transition plan for migrating towards this proposed approach for IRIG 106 Part 2. 

 

 

INTRODUCTION 

 

The Central Test and Evaluation Investment Program (CTEIP) launched the iNET project to help 

develop capabilities to support the increasing needs for test and evaluation of modern and 

upcoming military vehicles and systems [1].  By augmenting traditional point-to-point telemetry 

links with Internet Protocol (IP) networks, flight test capabilities could be greatly enhanced.  A 

key iNET project objective was to develop a set of well-established and validated 

interoperability standards (referred to as the iNET Standards) with the ultimate goal of 

incorporating those standards into the Range Commander’s Council (RCC) IRIG 106 Telemetry 

Standards [1].  In 2013, the RCC Telemetry Group (TG) initiated a task to review the iNET 

Standards and formulate an approach for transitioning the iNET Standards into the IRIG 106 Part 

2 Telemetry Network Standards.  This paper documents one proposed approach for the 

transition.  Furthermore, this paper identifies several change proposals that the RCC TG may 

take under consideration for inclusion into IRIG 106 Part 2.  Familiarity with the iNET Standards 

is assumed; for this proposed approach to IRIG 106 Part 2, the iNET abbreviation “TmNS” has 

been repurposed from “Telemetry Network System” to “Telemetry Network Standards”. 
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INET STANDARDS LAYERED ON TCP/IP MODEL 

 

The iNET Standards consist of four documents:  Test Article (TA) Standard [2], System 

Management (SM) Standard [3], Metadata Standard [4], and Radio Access Network (RAN) 

Standard [5].  These standards reference many existing protocols, most of which are part of the 

TCP/IP Protocol Suite.  Figure 1 illustrates the Open Systems Interconnection (OSI) Model, the 

corresponding TCP/IP Model, and the major components of the TCP/IP Protocol Suite.  Figure 2 

represents the iNET-specific protocols layered onto the TCP/IP Model. 

 

Figure 1.  OSI and TCP/IP Model with TCP/IP Protocol Suite 

Figure 2.  iNET-specific Protocols Layered onto the TCP/IP Model 
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INET STANDARDS OVERVIEW 

 

The iNET System Management Protocols (iNET SM Protocols) are implemented by all TmNS 

Applications; SNMP is the primary application protocol.  The iNET SM Protocols include a 

Configuration Protocol for configuring an application using a Metadata Language (MDL) 

Instance Document.  Data transfer applications use the Latency/Throughput Critical (LTC) and 

Reliability Critical (RC) Delivery Protocols to exchange measurement data in the form of 

Metadata-defined TmNS Data Messages.  The Radio Frequency (RF) Network Management 

applications use RF Network and Link Management Protocols to control the transmission of data 

across the shared RF link.  The iNET Standards leverage the existing TCP/IP Model’s Transport 

and Internet Layer Protocols so the messages passed between the Application Layer protocols 

and the Network Access Layer are standard TCP segments and User Datagram Protocol (UDP) 

datagrams encapsulated in IP datagrams.  The RF Link and Physical Layers transport IP 

datagrams across the RF link.  The RF Link Layer incorporates a Time-Division Multiple Access 

channel access method for sharing RF spectrum between multiple participants.  The RF Physical 

Layer modulation uses an RCC-TG defined modified version of the MIL-STD-188-181 Single-

carrier Offset Quadrature Phase Shift Keying, abbreviated as SOQPSK-TG. 

 

From a high level perspective, the iNET Standards may be partitioned into the Radio Access 

Network (RAN) Standard and a set of application standards.  The RAN Standard encompasses 

the RF Physical and Link Layers as well as all applications required to manage the shared RF 

spectrum.  The RAN Standard provides the infrastructure for managing the IP wireless networks 

between Test Article applications and Ground applications.  The application standards include 

standards for application configuration, control, and status; standards for measurement data 

transfer between applications; and standards for describing application configurations and the 

structure of application data messages.  The application standards define the interoperability 

between applications communicating via the IP network.  The RAN Standard provides the IP 

interconnectivity but without the application standards, there would be little vendor-independent 

interoperability between Test Article applications and Ground applications.   Driven by the 

critical relationship between application standards and application interoperability, the 

proposed approach to IRIG 106 Part 2 focuses on standardizing application-to-application 

communication. 

 

 

PROPOSED IRIG 106 PART 2 CHAPTER STRUCTURE 

 

The IRIG Standard 106-13 Part 1, Telemetry Standards, contain Chapters 1 – 10 and a set of 

appendixes labeled Appendix A, B, etc.  The RCC-TG initially defined a second part to IRIG 

106 named “IRIG Standard 106-xx Part 2, Telemetry Network Standards”.  To avoid any 

potential ambiguity with the existing IRIG 106 Part 1 chapters, the proposed approach is to start 

IRIG 106 Part 2 with Chapter 21 and have the appendixes labeled Appendix AA, BB, etc.  With 

this chapter structure, the RCC-TG has the option of restoring IRIG 106 to a single Telemetry 

Standard where the chapters above Chapter 20 are part of the Telemetry Network Standards 

section (this is an option for the RCC-TG to consider).  The RCC-TG was presented with the 

following proposed refactoring of the iNET Standards to consider for IRIG 106 Part 2: 
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1. Split the TA Standard into three chapters: 

a. Core Protocol Suite Chapter:  identifies all of the core protocols available for use 

by TmNS Network Nodes. 

b. Application Messages Chapter:  defines application level messages and includes 

the TmNS Message structure definition. 

c. Application Data Transfer Chapter:  includes the existing LTC and RC Delivery 

Protocols and includes a change proposal to define an HTTP-based Data Channel 

protocol for transferring TmNS Messages between applications. 

2. Abstract the SNMP Management Information Base (MIB) variables as Application 

Resources.  The majority of the System Management Standard is included in the 

Application Resources Chapter. 

3. Include only top-level descriptive information in the Metadata Chapter; the MDL schema 

already includes the explicit element definitions. 

4. Split the RAN Standard in two chapters: 

a. RF Network Access Layer Chapter:  defines the RF Link and Physical Layers. 

b. Radio Access Network Management Chapter:  defines the Application Layer 

protocols for controlling and monitoring the RAN. 

5. Include the MDL Extensible Markup Language (XML) Schema and TmNS MIB 

documentation in Appendixes. 

6. Propose creation of TmNS Engineers Handbooks to capture Metadata Language Best 

Practices, RAN Supplemental Information, Quality of Service Management, and 

Application Development.   

Figure 3 contains the proposed IRIG 106 Part 2 Telemetry Network Standards Table of Contents. 

Chapter Chapter Title iNET Standard Document 

21 Introduction None 

22 Core Protocol Suite Test Article Standard 

23 Metadata Metadata Standard 

24 Application Messages Test Article Standard 

25 Application Resources System Management Standard 

26 Application Data Transfer Test Article Standard 

27 RF Network Access Layer Radio Access Network Standard 

28 Radio Access Network Management Radio Access Network Standard 

AA 
Metadata Language (MDL) XML Schema 

Documentation 
Metadata Standard 

BB 
Application Resources Language (ARL) 

XML Schema Documentation 
None 

CC 

Instrumentation Hardware Abstraction 

Language (IHAL) XML Schema 

Documentation 

None (IHAL XML schema already 

defined in IRIG 106 Part 1, Chapter 9) 

DD 
TmNS Management Information Base 

(TMNS-MIB) Documentation 
System Management Standard 

Figure 3.  Proposed IRIG 106 Part 2 Telemetry Network Standards Table of Contents  
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Figure 4 represents the proposed IRIG 106 Part 2-specific protocols layered onto the TCP/IP 

Model along with the proposed IRIG 106 Part 2 chapter references. 

 

 

Figure 4.  Proposed IRIG 106 Part 2-specific Protocols Layered onto the TCP/IP Model 

 

 

APPLICATION RESOURCES 

 

Application-to-application communication is an integral part of the iNET Standards.  Each 

application implements an SNMP Agent with a set of common and application-specific MIB 

variables.  The proposed approach to IRIG 106 Part 2 abstracts these MIB variables along with 

other functions into a set of application resources.  Application communication occurs when one 

application accesses another application’s resources.  Many SNMP resources (i.e., MIB 

variables) implement specific functions (e.g., Data Source Transmit Enable) while some SNMP 

resources define a communication protocol (e.g., Configuration Protocol).  SNMP resources are 

sufficient for simple control functions, but may not be the optimal application protocol for more 

complex application-to-application communication requirements. 

 

One proposed addition to IRIG 106 Part 2 enhances the iNET System Management philosophy 

by augmenting the SNMP resources with HTTP resources.  As compared to SNMP, HTTP 

coupled with XML technology provides the foundation for more robust and extensible 

communication protocols.  The iNET Standards SNMP resources along with HTTP resources 

(and possibly other non-SNMP resources) could be placed under a single all-encompassing 

TmNS Application Resources Hierarchy.  This hierarchy identifies each application resource and 

the applicable application layer protocol. A possible addition to this hierarchy would be the 

Instrumentation Hardware Abstract Language (IHAL) from IRIG 106 Part 1 Chapter 9.   
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Figure 5 represents the top tier of one possible TmNS Application Resources Hierarchy; the 

RCC TG would ultimately be responsible for defining the hierarchy. 

 

 
Figure 5.  One Possible IRIG 106 Part 2 TmNS Application Resources Hierarchy 

 

 

INET DATA TRANSFER 

 

The iNET Standards define two delivery protocols:  LTC and RC Delivery Protocols.  Typically, 

LTC data transfers are instantiated via Metadata whereas RC data transfers are always 

instantiated via a client request to a data server.  All Metadata-defined data transfers deliver data 

via UDP (over an LTC Data Channel) whereas client requests typically have data delivered via 

TCP.  However, client requests may also deliver data via UDP (over an LTC Data Channel) so 

an LTC Data Channel may either be instantiated via Metadata or via a client request.  Some 

consider the ambiguous origin of an LTC Data Channel a point of confusion within the iNET 

Standards.  All LTC and RC data transfer statistics are reported via SNMP MIB variables. 

 

All client requests are implemented using a customized version of the Real Time Streaming 

Protocol (RTSP), an HTTP-variant protocol designed for controlling streaming media servers.  

The iNET-customized RTSP requires an iNET-specific Uniform Resource Identifier (URI) (i.e., 

TmNS URI), an iNET-specific time format (i.e., PTP Time), and an independent TCP data 

channel connection protocol (RTSP’s TCP delivery implementation interleaves binary data onto 

the TCP control channel).  Once all of the iNET customizations are applied, only a small fraction 

of the original RTSP is actually used. 
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APPLICATION DATA TRANSFER 

 

A proposed adjustment to the iNET LTC and RC Delivery Protocols for IRIG 106 Part 2 is to 

define data transfer in the context of instantiating and maintaining Data Channels.  A Data 

Channel identifies a logical network connection used to transfer TmNS data between a Data 

Source and Data Sink.  A Data Channel is described by the following information: 

 

 Network Transport Characteristics:  includes destination address, port, transport protocol 

(UDP or TCP), direction (send or receive), and DiffServ Code Point level. 

 Message List:  nominally a list of Message Definition IDs. 

 Time Range:  comprised of a Start and End time. 

 

Both Metadata and client request interfaces support the sending and receiving of data using 

either UDP or TCP.  For Metadata-defined data transfers, a new Data Channel element structure 

is proposed to identify Message Definition IDs for transport along with a specific set of network 

transport parameters.  While the iNET Standards restrict Metadata-defined data transfers to UDP, 

IRIG 106 Part 2 could support both UDP and TCP for Metadata-defined data transfers by 

including the proposed Data Channel approach. 

 

Another proposed addition to IRIG 106 Part 2 involves client data requests.  An HTTP-based 

data transfer interface could be added to IRIG 106 Part 2 that supports both sending and 

receiving of data using either UDP or TCP.  Figure 6 shows the proposed request-based data 

transfer interface capabilities. 

 

Figure 6.  Proposed IRIG 106 Part 2 Request-based Data Transfer Interface Capabilities 

 

The data transfer interface supports the retrieval of Data Channel information regardless of 

whether a Data Channel is instantiated via Metadata or via a client request.  This highly 

extensible interface enables future extensions like data compression requests (e.g., send data 

currently sampled at 100 hertz only at 1 hertz) and data queries (e.g., return all samples outside a 

specific threshold range).  If adopted, the instrumentation community could migrate away from 

the LTC and RC Delivery Protocols to the HTTP-based Data Channel approach. 
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TmNS MESSAGES 

 

The iNET Standards define the TmNS Data Message format for transporting measurement data.  

To facilitate future extensibility, another proposed change for IRIG 106 Part 2 generalizes this 

format into a TmNS Message by adding a Message Type field to the Message Header.  A TmNS 

Message with a Message Type of zero would be functionally equivalent to the current iNET 

TmNS Data Message format (comparison shown in Figure 7).  Other Message Types could be 

added to IRIG 106 Part 2 in the future. 

 
 iNET TmNS Data Message:  First Word of Data Message Header 

TmNS Data 
Message 

Message 
Version=1 

(4 bits) 

Option 
Word 
Count 
(4 bits) 

Reserved 
(8 bits) 

MessageFlags 
(16 bits) 

  
Proposed IRIG 106 TmNS Message:  First Word of Data Message Header 

TmNS Message:  
Data Message 

Message 
Version=2 

(4 bits) 

Option 
Word 
Count 
(4 bits) 

Reserved 
(4 bits) 

Message 
Type=0 
(4 bits) 

MessageFlags 
(16 bits) 

Figure 7.  iNET TmNS Data Message Compared to Proposed IRIG 106 Part 2 TmNS Message Type 0 

 

 

TRANSITION PLAN 

 

The proposed transition plan for IRIG 106 Part 2 includes the chapter structure and the change 

proposals described previously.  At this time, these proposed changes have not been approved by 

the RCC TG. 

1. Change Proposals from iNET Standards to IRIG 106 Part 2: 

a. Add Data Channel and associated elements to MDL. 

b. Add Data Channel Protocol and HTTP-based data transfer interface. 

c. Add TmNS Message Version 2. 

 

2. Proposed Eventual Removal from IRIG 106 Part 2: 

a. Remove network attributes from the MDL Message Definition element; replaced by 

Data Channel element (see 1a previously listed). 

b. Remove LTC and RC elements from MDL (see 1a previously listed). 

c. Remove LTC and RC MIB branches from the TmNS MIB; replaced by equivalent 

data statistics and control via HTTP-data transfer interface (see 1b previously listed). 

d. Remove LTC and RC Delivery Protocols; replaced by Data Channel Protocol (see 1b 

previously listed). 

e. Remove TmNS Message Version 1; replaced by Version 2 (see 1c previously listed). 
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All items identified in #1 above may be incorporated into IRIG 106 Part 2 without affecting 

existing iNET-compatible Network Nodes.  The key to providing transitional support between the 

iNET Standards and the proposed IRIG 106 Part 2 lies in the Manager Applications that 

configure, control, and monitor TmNS Applications.  With respect to MDL Instance Document 

generation, the current Manager Applications could implement items 1a above resulting in the 

generation of an MDL Instance Document compatible with existing iNET Network Nodes and 

IRIG 106 Network Nodes.  For data channel monitoring, the Manager Applications could be 

enhanced to read Data Channel statistics via the HTTP-based Data Channel interface.  Metadata 

could indicate whether a particular TmNS Application’s Data Channel statistics are available via 

SNMP, HTTP, or both interfaces.  Implementing Manager Applications that support both types 

of Network Nodes provides vendors with an elegant solution for the transitional coverage of their 

existing iNET Network Nodes while supporting new IRIG 106 Network Nodes. 

 

Since the proposed approach to IRIG 106 Part 2 defines both TmNS Message Version 1 and 

Version 2, vendors could augment all Data Sinks to support both.  For Data Sources, a vendor 

may choose to implement a Version 1 / Version 2 control to maintain compatibility with Version 

1 Data Sinks.  For the transition from the RTSP-based to HTTP-based data transfer protocol, 

Ground applications could be augmented with the capability of supporting both RTSP and HTTP 

concurrently.  Although Test Article RTSP-based systems could also support both protocols 

concurrently, the limited Test Article hardware resources may make concurrent implementation 

impractical.  As long as Ground applications support both protocols, the Test Article vendors 

may continue to support the RTSP-based interface.  Figure 8 shows an example of the proposed 

dual standards Manager and Ground applications. 

 

 

Figure 8.  Example of Proposed Dual Standards Manager and Ground Applications 

 

Once a smooth transition has been accomplished, items 2a – 2e may eventually be removed from 

IRIG 106 Part 2 at the discretion of the RCC TG. 
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CONCLUSIONS 

 

Describing the iNET Standards in terms of the TCP/IP Model provides an excellent foundation 

for IRIG 106 Part 2.  While preserving the iNET Standards’ underlying requirements, the 

proposed approach for IRIG 106 Part 2 evolves the iNET Standards by implementing an 

application-centric paradigm.  The proposed TmNS Application Resources Hierarchy 

encompasses all application level communication by including both SNMP and HTTP 

application protocols.  The proposed Data Channel protocol unifies the concept of statically-

defined and dynamically-defined Data Channels.  Thanks to the flexibility of the proposed 

enhancements, the transition plan for migrating from the iNET Standards to the proposed IRIG 

106 Part 2 minimizes the overall impact of this transition on existing vendors’ hardware.  At this 

time, these proposed changes have not been approved by the RCC TG. 
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ABSTRACT

It is anticipated that XML will heavily dominate the next generation of telemetry
systems. The syntax of XML-based languages can be constrained by a schema that
describes the structure of valid documents. However, the schemas cannot express all
dependencies between XML elements and attributes, both within a single document
and across multiple documents. This prohibits the XML validation process from being
fully automated with standard schema processors.

This paper presents an approach that is based on the W3C Semantic Web technolo-
gies and allows different vendors and system integrators to independently develop their
own semantic validation rules. The rules are equipped with powerful semantics, which
allows for specification and validation of complex types of constraints. The approach
is not specific to a particular T&E standard and is entirely standards-based.

Keywords: XML semantic validation, semantic web, inference rules, TMATS, MDL

I INTRODUCTION

It is anticipated that XML will heavily dominate the next generation of telemetry systems [1].
Already today, the IRIG 106[2], a comprehensive telemetry standard maintained and devel-
oped by the Telemetry Group of the Range Commanders Council (RCC), incorporates three
XML-based standards: Telemetry Attributes Standard (TMATS), Data Display Markup
Language (DDML) and Instrumentation Hardware Abstraction Layer (IHAL)[3]. Addition-
ally, the integrated Network Enhanced Telemetry (iNET) Metadata Description Language
(MDL)[4] is anticipated to be incorporated into IRIG as well.

Since XML does not capture the semantics of particular domains, the applications that
handle the XML documents must hard-code procedures for the interpretation of the meaning
of XML documents. For instance, there is no difference between the semantics of the fol-
lowing two XML snippets: <name>John</name> and <aaa>John</aaa>. Obviously, the
first version is easier to comprehend by humans, but it makes no difference to a computer.
Thus, independent vendors must agree on the meaning of the XML tags and implement the
interpretation procedures in order to effectively make use of the data exchanged between
them.

The syntax of XML-based languages can be constrained by a schema that describes the
structure of valid documents and allowable values of attributes using data typing facilities.
However, even on the syntactical level, the schemas cannot express all dependencies between
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XML elements and attributes, both within a single document and across multiple documents.
This greatly complicates the validation process of XML data used in testing, because the
process cannot be fully automated with standard schema processors. This applies to large
multi-vendor systems in particular, where XML data might contain conflicts that cannot be
detected with off-the-shelf validators.

We have investigated a solution that is based on Web Ontology Language (OWL) [5, 6],
a language with formal, computer-processable semantics. Using a language with formal se-
mantics guarantees that inference is sound and complete, and with OWL, tractable. XML
data can be automatically lifted to OWL and then processed using standards-based inference
engines, which can detect conflicts not detectable at the XML level. The inference capability
of OWL can be augmented with rules that can be used to encode specific semantic rules for
handling XML, but also for detecting conflicts. The rules are of declarative nature — they
have no prescribed order of invocation. This allows vendors and system integrators to inde-
pendently develop their own validation rules. Moreover, rules can invoke procedural code and
interact with a GUI, showing the user information about the validation conflicts. Figure 1
shows the concept of the investigated approach. It must be noted that the approach relies
on open standards only and can be realized using general-purpose tools — XSD validator
and an OWL inference engine.
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Figure 1: The approach to validation of semantic constraints described in this paper.

This paper describes the results of the investigation and is organized as follows: Section II
provides a short introduction to the Semantic Web technologies, while Section III describes
the process of semantic lifting and how it was applied to TMATS and MDL schemas and
instance documents. Section IV describes how semantic rules can be applied to the semantic
representation of T&E data in order to detect conflicts.
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II SEMANTIC WEB TECHNOLOGY

URI/IRI

XML

Data interchange:
            RDF

Rule:
RIFRDFS

Query:
SPARQL

Ontology:
OWL

Cr
yp

to

Unifying Logic

Proof

Trust

User Interface & Applications

Figure 2: Semantic Web Layer Cake —
the architecture of Semantic Web [7]

The knowledge-based approach described in this pa-
per stems from the production systems architecture
where an inference engine component, also known
as reasoner, plays the central role. This approach
separates the knowledge about the particular do-
main from the flow of control (algorithm). The
reasoner that is oblivious to the domain handles
the control flow, i.e. it is general-purpose. The
knowledge about the domain is formulated by do-
main experts and is encapsulated in the Knowledge
Base (KB) in the form of ontology (facts) and rules.
Ontology defines common terms and concepts used
to describe and represent the domain knowledge.
Rules, similarly as ontologies, have a declarative
nature and express the logic of a domain-specific
program without describing its control flow, which
allows the reasoner to infer new facts given some initial facts. In practice, rules can be used
to implement a specific application, but they can also be used to implement policies, e.g.
security or regulatory.

We investigated the use of OWL as the knowledge representation language. OWL is a
standard that has been widely adopted in the Semantic Web community. Semantic Web
(SW) builds on the traditional hypertext web technologies: IRI/URI, Unicode, XML and
XML namespaces. Figure 2 shows the so called “Semantc Web Layer Cake”, emphasizing the
foundation of OWL in previous technologies. The elements of the cake, representing different
technologies, have been subject to standardization since the dawn of SW. Currently, from
the bottom up to OWL, all technologies are widely-used and accepted W3C standards (the
remaining ones are subject of ongoing research):

• Resource Description Framework (RDF) [8] — a framework for conceptual mod-
eling of information that is based on the idea of making statements about resources.
• RDF Schema [9] — provides means for user communities to define application-specific

vocabularies (or ontologies).
• SPARQL [10] — a powerful query language for RDF with SQL-like syntax, which

allows to pull, explore and transform semantic data using graph patterns.
• Rule Interchange Format (RIF) [11] — an extensible family of languages, called

dialects, that enables exchange of rules among rule systems. RIF can be used to extend
the power of OWL by adding implication in the form of if-then rules.
• Web Ontology Language (OWL) OWL, is the last part of the SW layer cake that

has been standardized under the W3C umbrella. The semantics of OWL is based on
Description Logics (DL) [12], a family of Knowledge Representation (KR) formalisms
equipped with a formal, model-based semantics. DLs are decidable fragments of First
Order Logic (FOL) and have been designed to optimize the trade-off between expres-
siveness and complexity of reasoning. The architecture of a system based on DL allows
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for setting up a knowledgebase (KB) and for reasoning about its content. The KB
consists of two components, TBox and ABox. In the context of OWL, the TBox in-
troduces axioms defining the ontology — classes and properties; the ABox contains
assertions about named individuals — instances of classes and properties defined in
the TBox.

XML and SW technologies

There are many parallels between the technologies used in XML and in SW (see Table 1).
[13] describes the comparison of the two worlds in great detail. While both worlds facilitate
representation of data, metadata and querying, the SW world provides technologies that rely
on formal semantics and the capability of automatic inference, which in turn can be utilized
to enhance the system integration process.

Table 1: Comparison of XML and SW technologies

XML Technologies SW technologies
Data XML RDF, OWL ABox
Metadata Schema RDFS, OWL TBox
Query language XQuery, XPath SPARQL
Semantics None Model Theory-based
Inference capability No Yes

III LIFTING THE T&E XML DATA

The process of semantic lifting, is the process of converting non-semantic data (e.g. XML)
to a language with formal semantics (e.g. OWL). It can be applied to any XML data,
not just to that of T&E. This process can be largely automated, but with some caveats
because not all XML schema constructs have a direct counterpart in OWL. A recent survey
of approaches to applying Semantic Web tools to XML data [13] shows that there is a
plethora of research efforts in this area. Unfortunately, virtually all of those efforts are
limited to prototypes (at best) that are not publicly available either as free or as commercial
products. In the end, the following three tools were evaluated against the TMATS and MDL
XML schemas: XSD2OWL/XML2RDF [14], TopBraid Composer Maestro Edition [15] and
Ontmalizer [16]. Unfortunately, none of the tools produced a complete ontology for TMATS
or MDL that could be used for the purpose of validation. There are various reasons for which
the translation did not work well. The following observations have been made:

• The TMATS schema makes extensive use of the more complex XSD Schema constructs,
like xs:choice, xs:key, or xs:keyref. These constructs were typically omitted, or not
translated correctly by the reviewed tools.
• The simple types were translated well by XSD2OWL and Ontmalizer.
• TMATS uses a type taxonomy, which when automatically translated to OWL, looks

far from what one would design when building an ontology from scratch. This is
important, since the complexity of the resulting ontology has a direct impact on the
quality of rules that would be written for this ontology.
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Given the lack of appropriate tools to lift T&E data to OWL, we decided to develop our
own semantic lifter (Figure 3 shows its design). The TBoxBuilder takes an XSD schema and
generates a corresponding OWL ontology. It also instantiates an ABoxBuilder for build-
ing OWL data from XML instance documents, based on the mapping produced by the
TBoxBuilder. Both builders generate semantic data that closely reflects the structure of the
input XML documents. In order to yield an ontology that better represents the domain,
both builders can be tailored to a specific schema by implementing appropriate Customizer
API in Java.

TBox Builder ABox Builder

XML 
Data

Schema 
(XSD)

Ontology 
(OWL)

OWL 
Data

instantiates

generates
generates

input input

instance of

instance of

input

ABox
Customizer

TBox
Customizer

SEMANTIC LIFTING

Figure 3: Semantic Lifter

The lifter is entirely generic, i.e. it can work with any XML schema and data, thus
can be applied to any T&E XML-based standard. The implementation relies on JAXB and
Java reflection. While JAXB is used to generate class definitions corresponding to complex
types defined in the schema, reflection is used to dynamically inspect these definitions in
runtime and produce corresponding OWL concepts. This approach made a robust and rapid
construction of the tool possible, mainly because many of the decisions on how to interpret
the XML constructs are already made by JAXB. In a sense, the object world of Java is
semantically closer to OWL than XML.

The XML-based standards in T&E are still being defined/modified and slowly adopted
by the users. For this reason, the development and standardization of complete and stable
ontologies at this time is not possible since such ontologies would have to be modified in sync
with the modifications of the XML-based standards. Our semantic lifter can take any XML-
based standard and map it to an OWL ontology. In addition, we developed customizers for
TMATS and MDL schemas, which together yield ontologies suitable for expressing semantic
rules. This process is entirely automated and would have to be adjusted only if major schema
changes occur.

IV DETECTING CONFLICTS WITH RULES

With this semantic foundation in place, constraint violation rules can be written to address
the constraints that cannot be expressed in XML schema languages. The constraint valida-
tion rules were developed in the BVR language supported by the BaseVISor inference engine
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that we used. In the future, we plan to develop rules in open standards, like RIF. BVR rules
can be easily converted to RIF since on the semantic level, RIF can express everything that
BVR can. The choice of BVR was dictated merely by convenience since that is the native
rule format for BaseVISor, which was used in evaluation of the approach.

Constraint
violation

Produce Error

IF

THEN

BVR Rule

Constraint
violation

Produce Error

IF

THEN

BVR Rule

Constraint
is violated

Produce Error

IF

THEN

BVR Rule

Figure 4: Structure of Seman-
tic Validation Rules

Figure 4 shows how semantic rules (BVR or RIF) are
used to provide constraint validation. Each rule consists of
two parts — “if” and “then”. While the first part defines
what constitutes a constraint violation, the latter defines
what should be done if the violation occurs. Hence, each
constraint must have an associated rule. These rules are
taken as a runtime input and can be easily shared among
different entities (users, vendors, etc.), or combined with
other rule sets.

The rules can be used to express basic constraints such
as the following:

• <BasebandSignal/> element is not allowed when <Sig-
nalStructureType/> is "SCO’s" or "Other"
• <PostProcessModificationType/> is allowed only when

the value of <Type/> is not "N".
• <NumberOfTracksOrChannels> element is required when

the value of <Type/> is not "N".

Listing 1 shows a rule, which checks whether the dirty bit of the MDL root element and
the dirty bit of any of TmNSManageableApp elements defined in an MDL document are the
same. If they are, then the inference engine triggers the <head> part, which in this case
means producing an error message with corresponding details. The constraint is not really
part of the standard, but it shows that the rules can access values from any part of the
ontology (produced from XML) and process them. In this case, the values are compared,
but they could also be processed further, calculated, compared with other values etc.

Listing 1: Example constraint validation rule.
1 <rule name="Rule1">
2 <body>
3 <Individual variable="Root" rdf:type="mdl:MDLRootType">
4 <mdl:isDirtyBit variable="RootBit" />
5 <mdl:hasNetworkDomains>
6 <mdl:hasNetwork>
7 <mdl:hasNetworkNode>
8 <mdl:hasTmNSManageableApps>
9 <mdl:hasTmNSManageableApp variable="App">

10 <mdl:isDirtyBit variable="AppBit" />
11 </mdl:hasTmNSManageableApp>
12 </mdl:hasTmNSManageableApps>
13 </mdl:hasNetworkNode>
14 </mdl:hasNetwork>
15 </mdl:hasNetworkDomains>
16 </Individual>
17 <eq><RootBit /><AppBit /></eq>
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18 </body>
19 <head><error>
20 MDL (<Root/>) and TmNSManageableApp (<App/>) use the same dirty bit value.
21 </error></head>
22 </rule>

Another example are more sophisticated constraint checking rules that require algebraic
operations as well as access to multiple parts of the XML documents. In particular, constraint
validation rules were written to ensure that in a given MDL instance document the maximum
power consumption of each module within the DAU network node is not higher than what
it can source. Due to the length constraints on the paper, the syntax of these rules is not
shown here.

Because the rules are applied to a semantic representation, they can leverage numerous
implicit facts that can be produced based on the 75 generic inference rules that come with
OWL and are processed by any standard inference engine. OWL inference is triggered by
axioms that can be added to the ontology via tailoring, as described above.

Figure 5 shows the kind of OWL inference that can be done by the inference engine when
provided with the following axioms in the MDL ontology:

• Add a new property, hasPart, and assert it as transitive.
• Add a new property, isPartOf, and assert it as an inverse property of hasPart.
• Define all properties that represent parthood (hasNetworkDomains, hasNetwork, etc.)

as subproperties of hasPart.

Given these axioms, and the taxonomy of the classes shown on the left side of Figure 5,
the inference engine infers numerous facts (the right side of the figure shows only a fraction
of these new inferred facts, for clarity). Because hasPart is transitive, any instance of MDL
class will be inferred as related by hasPart to everything below. Conversely, because isPartOf
is the inverse of hasPart, everything below will be inferred as related by isPartOf with the
MDL root.

Implicit facts inferred by the reasoner can be leveraged in order to produce significantly
less verbose and more intuitive rules. For instance, consider the rule shown in Figure 2,
which validates the following constraint: “Every part of the MDL configuration must be
manufactured by the same vendor as the vendor of the network node on which it should be
deployed.”. Note that the pattern in the <body> of the rule does not have to explicitly list
all children of the MDL root element and all possible combinations. The pattern leverages
part-whole relations (hasPart, isPartOf) that were added to the ontology.

Listing 2: Example constraint validation rule.
1 <rule>
2 <body>
3 <Individual variable="MDL" rdf:type="MDL">
4 <hasPart variable="A">
5 <rdf:type variable="PartType" />
6 <hasManufacturer variable="Vendor1"/>
7 <isPartOf variable="B" rdf:type="NetworkNode">
8 <hasManufacturer variable="Vendor2" />
9 </isPartOf>

10 </hasPart>
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Figure 5: OWL axioms and related inference in the MDL ontology.

11 </Individual>
12 <notEqual><Vendor1/><Vendor2/></notEqual>
13 </body>
14 <head>
15 <warning><A/> (<PartType/>) is manufactured by a different
16 vendor than the network node (<B/>) on which it is deployed.
17 </warning>
18 </head>
19 <rule>

In the follow up to the work we are describing in this paper, our plan is to promote these
results withing the T&E community and develop rule sets for each T&E standard. These
sets could be standardized themselves so that the entire validation process could be done
automatically using off the shelf general-purpose tools.

V CONCLUSION

We investigated the use of Semantic Web technologies to automatically lift the XML data
to OWL, a language with formal semantics, and apply the validation rules to that repre-
sentation. Constraint validation rules expressed with Semantic Web technologies have high
expressiveness and are suitable for expressing the types of semantic constraints that are
needed for the T&E data. The approach was implemented in the form of a prototype, called
xVISor, and successfully tested with MDL and TMATS data. xVISor was demonstrated to
detect violations of semantic constraints that are not expressible in XML. Additionally, the
use of ontologies within xVISor demonstrated the capability of developing semantic rules
that take advantage of the inheritance and the generalization in the representation of the
domain knowledge — the aspect that cannot be achieved with rules alone.
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The effort described in this paper showed that the proposed approach is feasible and that
it could eventually lead to a standardization of at least two types of artifacts:

• Rule structures — a language for defining constraints that is agnostic to any specific
XML standard.
• Rule sets — sets of semantic rules that are specific to particular T&E XML standards.

If the standardization effort succeeds, T&E standards like TMATS and MDL should include
standard validation rule sets. This would greatly improve the existing validation process,
which currently partially relies on constraints that are meant for human consumption only
and need to be interpreted in software. Declarative rules that are supported by this technol-
ogy have formal semantics, yet they are not hardcoded and can be altered without making
any changes to the validation software. This design promotes a loose coupling between the
T&E standardization efforts and the development of the validation software.
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ABSTRACT 

 

To use Ethernet is the most convenient way to set up a transportation network for a 

telemetry data acquirement system. However, due to its CSMA/CD (Carrier Sense 

Multiple Access and Collision Detection) mechanics, Ethernet cannot transport data 

synchronously. This paper analyzed important features of transportation in a 

distributed data acquirement system, and presents a resolve for synchronously 

transporting data in a distributed data acquirement system by using direct Ethernet 

connection and TDM (time division multiplexing) technique.  

 

 

KEY WORDS 

 

Networked Acquirement, Transportation Network, Distributed Data Acquirement 

 

 

INTRODUCTION 

 

Since the traditional bus-based data transportation becomes insufficient for the needs 

of distributed telemetry systems, more attentions need to be focused on networked 

data acquiring systems. Different from ordinary network transportations, the direction 

and the destination of data flows of data transportation in a distributed data acquiring 

system is determinate. All data acquired in each DAU (Data Acquiring Unit) in a 

distributed data acquiring system will normally be transported to a recorder or a PCM 

output via a switch. The total amount of data required to be transported in a certain 

period of time is fixed as well. Furthermore, the time sequence of the data should be 

kept to meet the needs for real time process and monitor. For convenience of 

discussion here, we assume that each remote DAU will output data no more than 

300Mbps and the total amount of data acquired will not exceed 6Gbps. 

 

To reconstruct a distributed data acquiring system to a networked one, the most 
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common practice is using Ethernet as the base for constructing the data transportation 

network because of its convenience. However, because of its uncertainty of time delay 

and the asynchronous data transportation, Ethernet must be modified to reconstruct a 

better transportation network for a distributed telemetry system. 

 

The CSMA/CD protocol applied in Ethernet would detect the situation that more than 

one node send message to a destination node at same time, and would solve it by 

forcing each of the nodes to wait a random time before it resend its message again. So 

a random time delay was produced during the transportation. The more the number of 

nodes would send message to a same node, the more the time delay would be. 

Unfortunately, it is the case during the data transportation in a distributed telemetry 

system. All the DAU would send the data acquired to the center node, such as a 

recording unit. Therefore, the uncertainty of time delay would be much more serious 

when apply Ethernet to data transportation for a distributed telemetry system. 

 

How to utilize the convenience of Ethernet and avoid the uncertainty of time delay at 

same time is discussed in the following section. The time division multiplexing 

technique is also introduced for data gathering in the system. 

 

 

DIRECT ETHERNET CONNECTION 

 

First, take a look at the characteristics of data transportation in a distributed data 

acquiring system. Assume that a typical system was composed of several DAUs, a 

central data gathering unit (CGU), a recorder and a radio device. The data flows in 

this system are illustrated by Figure 1. 

 

DAU1

CGUDAU2

DAUn

Recorder

Radio

 

Figure 1. Data flows in distributed data acquiring system 
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It is obvious that the direction of each data flow in a distributed data acquiring system 

is fixed during a whole data acquiring task. In addition, there are no data flows 

between DAUs. In fact, the data acquired at DAUs would be sent to same destinations. 

For example in Figure 1, all the data acquired at DAU1 would be sent to recorder, and 

only a few selected data would be sent to the radio device at same time.  

 

If we use a pure Ethernet to meet the data transportation requirements for the above 

distributed data acquiring system, we could use Ethernet switch (ordinarily with IEEE 

1588 protocol 
[1]

 support for system timing) as the CGU, and equip the recorder and 

each of the DAU with Ethernet access. This is also a common way for utilizing 

Ethernet in a distributed data acquiring system. There will be problems in this 

approach when DAUs send data to recorder and radio device at same time. The 

CSMA/CD mechanics would cause uncertain time delays and disorder time sequence 

of the data while it tried to avoid signal collisions in the network.  

 

In order to solve the above problem, instead of using the Ethernet switch, we design 

to use direct Ethernet instead. As an example, 16 Ethernet modules had been equipped 

in the CGU, each of which will connect to one DAU. It means there is one unique 

Ethernet channel for each DAU to the CGU, and data in DAUs could be sent to the 

CGU independently as soon as it is acquired.  

 

DAU1 DAU2 DAUn

RadioRecorder

CGU

……

……

 

Figure 2. Data acquiring system with independent Ethernet channel 

 

The recorder could be either integrated in the CGU or an independent Ethernet 

recorder device. We choose the integrated one in this paper for a higher system 

transport bandwidth. 
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CGU & TIME DIVISION MULTIPLEXING 

 

We solved the signal collision problem through direct Ethernet connection. However, 

it is only half way to a total solution. How to arrange the data sent to a same 

destination that comes from different DAUs and arrives at a same time slot becomes a 

new problem. 

 

The purpose is for the CGU to synchronously transport all the data it received to the 

recorder or the radio device. The processing ability required in this paper is at least 

2.5Gbs per second.  

 

As an example illustrated in Figure 3, we have designed a DAU receiver that has 4 

independent Ethernet modules, and wired 4 LVDS channels on the motherboard of 

the CGU, each of them could convey signals from a DAU receiver to the recorder 

module at a rate of 2.5Gbps, supposing that the pure data load on each channel will 

not exceed 1.5Gbps. An output module was also implemented in the CGU that will 

listen to all the 4 LVDS channels and select data as predefined, then send the selected 

data to radio in PCM format and Ethernet port respectively. 
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Figure 3. An example of CGU 

 

In this example, a DAU receiver is equipped with 4 Ethernet modules, each of which 

is able to receive a DAU independently. And the recorder is equipped with 4 memory 

modules, each of which could monitor one LVDS channel and download the acquired 

data transported on the channel. As each of the memory modules could record data at 

1.5Gbps, the recorder in this system could record at a maximum speed of 6Gbps.  
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TDM (time division multiplexing) technique is applied in order to synchronously 

transport data from each DAU receiver to the recorder. The LVDS channel’s 2.5Gbps 

bandwidth could be divided into multiple time slots, such as A1, B1, C1, D1, A2, B2, C2, 

D2, ...,An, Bn, Cn, Dn. And each slot can be set to contain about 2Mbps. The data 

received from DAU1 will be transported by using slots A1, A2, ...,An, and DAU2 using 

slots B1, B2, ..., Bn, etc. Thus, we have set up 4 virtual channels with bit rate at 

600Mbps. Each of these channels is corresponding to one Ethernet module’s output. 

Since the data output in each DAU will not exceed 300Mbps, all of four data flows 

from the DAU receiver could be easily fit into the 2.5G LVDS channel. Then the data 

acquired in a DAU could be synchronously transported to the recorder and PCM 

output for radio transmit. The time delay in reload data from the Ethernet into LVDS 

will be certain and less than 6ms at most.  

 

 

SYSTEM TIMING & MANAGEMENT 

 

It is critical for a data acquiring system to have a timing mechanics, the DAUs could 

sample synchronously and the timestamp could be added into the acquired data. In 

above example, an IRIG B module is built in the CGU, which could receive IRIG B 

code and 1PPS signal from an outside timing resource and act as the timing server for 

the whole system. The timing signal is transmitted through the motherboard of CGU.  

 

A modified edition of IEEE1588 protocol is applied for timing the whole system. 

Firstly, instead of estimating the timing signal transmission delay in CGU and using 

CGU’s time as the measurement for calculation, the timing signal transmission delay 

is actually calculated within each DAU. Then, the circuit time of the Ethernet 

connecting each DAU to the CGU is used as the unit of measurement for the delay 

rather than the CGU’s time which is timed by an outside timing resource. In standard 

1588 protocol, the delay time can only be estimated by an average time of multiple 

transmissions of timing signals because of the uncertainty of time delay caused by 

CSMA/CD. However, in this case, the timing signal transmission delay could be 

actually calculated as there is no data collision in direct Ethernet connection and the 

delay for each DAU is certain. In fact, the accuracy of timing reached 50ns in above 

example. In addition, we could use the circuit clock recovery technique to get the 

clock for DAU as well.  

 

In the mean time, synchronous signal is also sent to every DAU from the CGU, which 

could be used as the synchronous signal, such as synchronous sampling control or 

shutter control for cameras. A virtual channel divided from each Ethernet’s opposite 

direction of data transportation has been used for transmit the synchronous signals. 
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CONCLUSION 

 

Data transportation in a distributed data acquiring system is very different from that in 

a normal communication network. The time sequence of acquired data should be kept 

during transportation. The whole system should have a timing mechanism and need to 

be synchronous in data sampling and system controlling. 

 

Ethernet plus IEEE 1588 is a very convenient way to construct the data transportation 

network for a data acquiring system. However, due to its uncertainty of time delay 

and without keeping the time order of acquired data, it is very difficult for Ethernet to 

meet the needs for the distributed data acquiring system. 

 

With the approach using TDM and direct Ethernet connection with modified IEEE 

1588 application described in this paper, we could implement a data transportation 

network as needed. In addition, comparing with pure Ethernet, we could achieve 

much higher transportation speed for the system at same time. 
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ABSTRACT 

A new advanced 2.4 meter telemetry tracking antenna system allows for successful autotracking of high 
dynamic targets. The system is designed to work at C, S, and L bands. One of these systems at L/S-band 
was recently implemented and tested in the field. The testing included tracking aircraft during 
maneuvers such as rolls, spins, and antenna tower fly-by at high rates of speed. 

This paper examines test results and some of the features of the new system that allow for continuous 
tracking. 
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INTRODUCTION 

A new telemetry tracking antenna system was developed by ViaSat in partnership with Orbital Systems 
in order to meet increasing demands in the telemetry field. This system utilizes a 2.4 meter reflector 
above an Elevation over Azimuth positioner. The system examined in this paper currently uses an ESCAN 
L/S-band prime focus feed. However, with the shift to the C-band spectrum on the horizon, the system 
was designed to easily add a cassegrain C-band feed and downconverter for operation at C-band. 
Features of the new system will be examined, followed by the review of tests performed on the system, 
which include dynamics testing prior to any aircraft mission and tracking results from test flight 
campaigns. 
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SYSTEM OVERVIEW 

The outdoor equipment (Figure 1) consists of an L/S-band feed, spars, 2.4 meter reflector, camera, and 
an Elevation over Azimuth positioner (which houses the tracking receivers, antenna controller, servo 
amplifiers, motors, and associated electronics). The indoor equipment includes a computer for 
controlling the system and accessing the camera, a Lumistar receiver, a dehydrator, and a video 
recorder. A single fiber cable is connected between the indoor and outdoor equipment for 
communication, along with RF cables for the telemetry data. 

 

Figure 1 - Telemetry Tracking System Outdoor Equipment 

 

SYSTEM FEATURES 

The system operates in the traditional L/S-band between 1.4-2.4 GHz, and is designed to work in the 
new C-band telemetry band between 4.4-5.25 GHz. A prime focus feed is used for L/S-band operation. 
ViaSat has been providing S-band autotracking antenna systems for over 50 years, and utilized a 
previous feed design to facilitate autotracking for this new system. 

The positioner for the new system (Figure 2) was developed in partnership with Orbital Systems. This 
new design has improved performance characteristics for both axes in order to autotrack high dynamic 
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targets. A slipring is used in the azimuth axis (Figure 3) to allow for continuous rotation so that autotrack 
is not interrupted. The entire positioner is pressurized (along with the rest of the outdoor equipment) 
via a dehydrator located indoors, allowing for operation of the system in harsh environments for many 
years. 

  
Figure 2 - Telemetry Tracking System Positioner Figure 3 - Azimuth Axis Slipring 

 

The indoor computer is used primarily to control the system and access the video stream from the 
camera. Users control the system by accessing the outdoor antenna controller through a Graphical User 
Interface (GUI - Figure 4). The computer can also be used to check the status of the outdoor tracking 
receivers via web interface, as well as check the temperature and humidity within the outdoor 
positioner. 

 

SYSTEM DYNAMICS TESTING 

Prior to any tests involving the tracking of targets, automated tests were performed via the controller 
GUI to ensure that the system could handle tracking high dynamic targets. The system was designed to 
have performance characteristics of ±60°/s velocity in the azimuth axis, ±45°/s2 acceleration in the 
azimuth axis, ±30°/s velocity in the elevation axis, and ±30°/s2 acceleration in the elevation axis. Along 
with the results of the automated tests displayed on the controller GUI, servo control data from the 
system itself was recorded during the tests to further analyze the system’s performance. 
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Figure 4 - Antenna Controller Graphical User Interface 

The results displayed on the controller GUI after the automated velocity testing are shown in Figures 5 
and 6. The measured absolute velocities in azimuth and elevation were respectively 59.98 °/s and 
30.02 °/s. 

 
Figure 5 - Automated Azimuth Velocity Test Results 
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Figure 6 - Automated Elevation Velocity Test Results 

 

For independent verification of the true system performance, the servo control data was examined from 
all 10 time slices (s1 through s10 of Figure 5) at steady speed (i.e. ±60°/s and ±30°/s respectively for the 
azimuth and elevation axes). The measured mean speed (Vm) of each slice was then computed as: 

𝑉𝑚 = �
𝑉(𝑡𝑘)
𝑛

𝑡𝑘≤𝑡𝑓𝑓

𝑡𝑘≥𝑡𝑠𝑓

�

𝑚=[1:10]

 (eq. 1) 

Where: 

• m is the slice number (m = [1:10]); 
• Vm is the mean speed of the mth slice; 
• tsm, tfm are respectively the starting and finishing time of the mth slice (Si); and 
• n is the number of samples of each slice 

Then, in conformance with EA-4/02 Standard (EA, 2002), the axis speed error (∆Vj) of each jth stabilized 
measurement, the associated uncertainty (σv) within 1σ confidence level and the mean speed of the 
entire test (Vt) were computed using: 

∆𝑉𝑗 = �𝑉(𝑡𝑘)|𝑡𝑠𝑓≤𝑡𝑘≤𝑡𝑒𝑓 − 𝑉𝑉�
𝑚=[1:10]

  (eq. 2) 

𝜎𝑣 = ±�∑ �∆𝑉𝑗� −
1
𝑛 �∑ �∆𝑉𝑗�𝑛

𝑗=1 �2𝑛
𝑗=1

𝑛

2

 (eq. 3) 

𝑉𝑡 =
∑ [(−1)𝑚+1.𝑉𝑚]10
𝑚=1

𝑉
 ± 𝜎𝑣 

(eq. 4) 
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Then using acquired data shown in Figures 7a and 7b, the resulting computed absolute speed 
measurements were 59.99 °/s ± 0.18°/s @ 1σ and 30.00 °/s ± 0.04 °/s @ 1σ respectively for the azimuth 
and elevation axes. 

  
Figure 7 - Measured Absolute Speed Results During Velocity Testing, (a) Azimuth; (b) Elevation. 

 

The results of the automated acceleration testing displayed on the controller GUI are shown in Figure 8, 
yielding 44.91°/s2 and 29.68 °/s2 respectively for the azimuth and elevation axes. 

  
Figure 8 - Automated Acceleration Test Results, (a) Azimuth; (b) Elevation. 

 

For independent evaluation of the pedestal acceleration using the measured servo control data, it was 
necessary to compute the first derivative of the actual pedestal speed and select the slices where the 
pedestal acceleration was constant (i.e. ±45°/s2 and ±30°/s2 respectively for the azimuth and elevation 
axes). This procedure was required due to the lack of direct acceleration measurement in the servo 
control data set. Therefore: 

𝐴(𝑡) =
𝑑𝑉(𝑡)
𝑑𝑡

 (eq. 5) 

With data provided from equation 5 the measured mean acceleration (Am) of all 10 time slices (Figure 9) 
was computed using: 
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𝐴𝑚 = �
𝐴(𝑡𝑘)
𝑛

𝑡𝑘≤𝑡𝑒𝑓

𝑡𝑘≥𝑡𝑓𝑓

�

𝑚=[1:10]

 (eq. 6) 

 

  
Figure 9 - Acceleration Test Slices, (a) Azimuth; (b) Elevation 

 

Then, the axis acceleration error (∆Aj) of each jth stabilized measurement, the associated uncertainty 
(σA) within 1σ confidence level and the mean acceleration of the entire test (At) were computed using: 

∆𝐴𝑗 = �𝐴(𝑡𝑘)|𝑡𝑠𝑓≤𝑡𝑘≤𝑡𝑒𝑓 − 𝐴𝑉�
𝑚=[1:10]

  (eq. 7) 

𝜎𝑎 = ±�∑ �∆𝐴𝑗� −
1
𝑛 �∑ �∆𝐴𝑗�𝑛

𝑗=1 �2𝑛
𝑗=1

𝑛

2

 (eq. 8) 

𝐴𝑡 =
∑ [(−1)𝑚+1.𝐴𝑚]10
𝑚=1

𝑉
 ± 𝜎𝑎 

(eq. 9) 

Using acquired data shown in Figure 10, the resulting computed accelerations are 45.04 °/s2 ± 2.01°/s2 
@ 1σ and 29.94 °/s2 ± 2.92°/s2 @ 1σ respectively for the azimuth and elevation axes. 

  
Figure 10 - Measured Absolute Acceleration During Acceleration Testing, (a) Azimuth; (b) Elevation 

 

Comparing the results of the automated tests to the desired characteristics of the system, it was 
confirmed the system could move quickly enough and had enough acceleration to keep up with 
intended targets. Looking over the velocity and acceleration errors, the acceleration errors do appear 
high, but this should not affect the intended system performance, and the velocity errors were 
considered satisfactory. 
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PRELIMINARY TRACKING ERROR ESTIMATION 

After the automated tests were performed, it was necessary to verify the system tracking capabilities 
under high dynamics. The pedestal was slaved to computer generated trajectory that simulates the 
aircraft path in order to exercise the pedestal dynamics under maximum acceleration regimen for both 
axes. Then the tracking error was computed as the difference of pedestal actual position and the 
required position (i.e. computer-generated command). The test results that include the pedestal 
command and position response, its speed and estimated tracking error are presented in Figures 11, 12 
and 13. 

  
Figure 11 - Pedestal Azimuth Position at Dynamic Tracking Test, (a) Azimuth; (b) Elevation. 

  
Figure 12 - Pedestal Speed at Dynamic Tracking Test, (a) Azimuth; (b) Elevation. 

  
Figure 13 - Estimated Tracking Error at Dynamic Tracking Test, (a) Azimuth; (b) Elevation. 

 

The measured tracking error was 0.01° ±0.70° @2σ and 0.03° ±0.85° @2σ respectively for the azimuth 
and elevation axes (Figures 13a and 13b). This tracking error was compared to the 3 dB beamwidth of 
the system in order to verify the system dynamics would allow for successful aircraft tracking under high 
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dynamics regimen. For L/S-band operation, the 3 dB beamwidth at 2.4 GHz is 3.65° for this system, so 
tracking should not be an issue. For future C-band operation, the 3 dB beamwidth at 5.25 GHz is 1.67°, 
so there should not be any tracking issues in this band either due to system dynamics. 

 

DYNAMIC TARGET TESTING 

After successful on-site system installation, certain flight test profiles were chosen to verify system 
tracking at the highest possible speed for the system. One of these tracking tests was a tower fly-by test 
point used by the Brazilian Divisão de Formação em Ensaios em Voo (Flight Test School - EFEV) for the 
air data system (ADS) calibration flight test campaign. Therefore a particular test scenario was selected, 
where the elevation of the system was almost constant, but the azimuth axis would need to move near 
maximum speed and acceleration.  

Test results for the XAT-29 (EMBRAER Super Tucano) aircraft flying at 255 kts (Figure 14a) shows that 
the antenna reached its maximum speed (i.e. +60°/s). Also at the same condition the measured tracking 
error (Figure 14b) shows that the maximum error was within the -3db beam width of L, S and C Bands. 
Therefore the measured azimuth tracking error of -0.13° ± 1.06° @2σ and the pedestal dynamic 
performance could be considered satisfactory. 

 
Figure 14 - Tower Fly-By Test Results, (a) Azimuth Speed; (b) Azimuth Tracking Error 

 

To evaluate both axes the EFEV 2014 class students performed an over-head pass of the XAT-29 aircraft, 
where the test bed flies almost directly over the system. Such profile would require both axes to move 
close to their maximum speeds (Figures 15a and 15b) and accelerations. 
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Figure 15 - Over-Head Pass Test Results, (a) Azimuth Speed; (b) Elevation Speed  

  
Figure 16 - Over-Head Pass Test Results, (a) Azimuth Tracking Error; (b) Elevation Tracking Error 

 

A detailed analysis of the over-head test point (Figures 16a and 16b) shows that the azimuth axis 
tracking error exceeded the 2.4GHz -3db beamwidth. With this condition we would expect to lose 
autotrack capability, however the antenna control system could maintain test bed tracking. One possible 
reason for such behavior could be attributed to the high RF signal strength, so the e-scan tracking signal 
could still be properly generated. At the other side the elevation tracking error was inside the 2.4GHz      
-3db beam width limits. 

After the high dynamic testing, the aircraft performed a 6-turn normal and inverted spins test to 
determine if the system could successfully track the aircraft in a real test scenario where the RF 
polarization is changing fast due to the propagation effects of such maneuver. Due to some limitations, 
the system tracking error was not recorded during such tests; however the antenna front end was able 
to properly handle tracking and received all data without any noise and/or dropouts as expected. 

  



11 
 

CONCLUSIONS 

The new design by ViaSat and Orbital Systems for an advanced 2.4 meter telemetry tracking antenna 
system can successfully track high dynamic targets.  Utilizing a slipring, the system has continuous 
rotation in the azimuth axis which allows for continuous tracking of a target throughout its mission.  The 
dynamics testing showed the system could handle tracking targets that required the system to move 
and accelerate quickly.  With the help of IPEV and EFEV, flight profiles were executed to fully test the 
tracking capabilities of the system.  During the tower-fly by test, the system never lost track and the 
tracking error was within the -3dB beamwidth for L, S, and C bands.  Although the over-head pass had an 
azimuth test point for tracking error that was outside the -3dB beamwidth for S-band, the system did 
not lose track, and the rest of the data points were inside the beamwidth.  Furthermore, reviewing the 
data from the flight tests, the results indicate that tracking at C-band should not be an issue.  Some of 
the tracking errors for the over-head pass were outside of the -3dB beamwidth, but with some tracking 
gradient adjustments for the tracking receivers, future C-band tracking should be possible. 
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ABSTRACT 
 

The emission of the telemetry signal is required over minimum two different antennas to keep 
the telemetry link available during a maneuver of a flying object. If nothing is made at the 
transmitter side, the telemetry link can be fully lost as both signals may have an opposite 
phase. We here propose a simple solution based on delay diversity to solve this problem. The 
basic idea is to introduce a delay between both emitted signals to guarantee a non-destructive 
signal recombination. We then exploit the ability of the blind equalizer developed by ZDS for 
the PCM/FM modulation to correctly equalize this signal and to recover the initial data. This 
solution does not require any modification of the on-board and floor set-ups except the 
introduction of a delay line between both transmitting antennas. It also does not need any pilot 
sequence and is natively robust to multipath perturbations. 
 
Keywords: daisy pattern mitigation, equalization, PCM/FM modulation. 
 
 
 
 

INTRODUCTION 
 

In order to keep a telemetry link available during a maneuver of a flying object 
(especially an airplane), the emission of the telemetry signal is required over two (or more) 
different antennas. This signal has to be sent over the same central frequency for an optimal 
spectral occupancy. However, if nothing is made at the transmitter side, the well-known “2-
antennas problem” arises. Indeed, if the receiving antenna points at the aircraft with certain 
angles, the telemetry can be fully lost as the propagation of both signals is such that they have 
an opposite phase.   

 A first simple solution is then to significantly attenuate the power of one of the both 
signal in order to ensure a non-destructive signal recombination. However, this solution has a 
great cost on the overall link budget. Another solution is to send both signals through different 
antenna polarities which may guarantee the recovery of the signal of interest if the receiving 
antennas are correctly polarized. But the polarity of the receiving antennas has to be perfectly 
tuned in order to avoid cross-polarization interference that may significantly degrade the bit 
error rate. 



 Recently, it has been proposed a solution based on Space-Time Coding (STC) for the 
SOQPSK modulation [1]. Its performance has also been tested in real environments [2-3] 
showing its ability to solve the 2-antennas problem while maintaining a good telemetry 
performance. However, this solution has some drawbacks like the necessity to change both 
transmitters and receivers in order to manage this STC solution. The data rate is also reduced 
as it is necessary to insert in the data flow a pilot sequence for signal synchronization. The 
robustness of this solution with respect to multipath environments is also not really proved.    

We here propose a simple solution based on delay diversity to manage the 2-antennas 
problem. The basic idea is to introduce a small delay between both emitted signals in order to 
guarantee a non-destructive signal recombination. By doing this, the receiving antenna sees 
the transmitted signal as if it passes through a transmission channel with 2 paths. We then 
exploits the ability of the blind equalizer developed by Zodiac Data Systems [4] for the 
PCM/FM modulation to correctly equalize this signal and then to recover the initial data. This 
equalizer is sold as an option in the ZDS telemetry receiver, the RTR (Radio Telemetry 
Receiver). This solution for daisy pattern mitigation requires a limited modification of the on-
board and floor set-ups except the introduction of a delay line between both transmitting 
antennas. It also does not need any pilot sequence in the data flow and is natively robust to 
multipath perturbations. 

This paper shows the lab experiments we made to ensure the feasibility of this solution. It 
also gives some clues to well tune the delay between both antennas and, if necessary, the 
attenuation of the second path. We finally measure the system performance in the presence of 
a multipath environment. 

 

TWO-ANTENNA PROBLEM 
 

1. Problem statement 
 

As previously explained in the introduction, the two-antenna problem is the 
consequence of the fact that telemetry signals have to be sent over two different antennas in 
order to avoid the telemetry lost. So, the transmitted signals arrive at the ground station with 
different phases due to the difference of time propagation delay. This phase difference also 
depends on the value of the carrier frequency. In some configurations, this phase difference 
has no great impact on the received signal. But, for certain angles of observation between the 
ground antenna and the aircraft, it may happen that the transmitted signals have an opposite 
phase: the received signal might be then cancelled or nearly cancelled. This phenomenon is 
illustrated on Fig. 1. 

 



 
 

Figure 1: illustration of the two-antenna problem. In some configurations, the overall received signal can be 
reinforced while in others ones, it can be fully cancelled. 

 
It is then possible to define the set of the antenna pointing angles for which the telemetry 
might be lost. The shape of this diagram looks like an antenna daisy pattern. An example of 
this kind of diagram is given in Fig. 2 and is extracted from [2].  

 
Figure 2: radiation diagram for the emission of two telemetry signals.  

 
2. Possible solutions 

 
A basic solution is to significantly reduce the power of the signal on one of the antennas. 

Indeed, by doing so, even if the signals are in opposite phase when they recombine, the 
amplitude difference ensures that there is no signal cancellation. It is regularly admitted that 
we avoid the two-antenna problem if a difference of amplitude between 6 and 10 dB is 
inserted. 



 
Another solution has been proposed by M. Rice in [1-2], based on space time coding. This 

solution is only proposed for the SOQPSK modulation. The basic principle is to avoid the 
destructive recombination of the transmitted signal by creating signal diversity i.e. the signal 
emitted by the first antenna sends the original binary data flow while the signal on the other 
antenna carries a different version of the original binary data flow. As finally two different 
data flows are transmitted on each antenna, the probability of destructive signal recombination 
at the receiver side is almost zero.  

 
As the sum of both signals is received, a dedicated demodulator has to be implemented in 

order to retrieve the original data stream. To do so, a pilot sequence of 128 bits is inserted 
after each block of 3200 bits. This sequence is used to detect the beginning of data block. 
After this detection, an estimation of the signal frequency offset is performed in order to 
synchronize the signal in the frequency domain. Then, an equalization of the signal, based on 
the minimum mean square criterion, is performed. A space-time decoding, based on treillis 
decoding, is finally made in order to obtain the original data stream.  

 
Simulations shows that the overall system performance is good, which has also been 

confirmed by on-field tests in the Air Force Flight Test Center at Edwards [2] even if more 
advanced tests made in [3] also show that this solution remains sensible in the presence of 
multipath channels.  

 
Finally, even if this STC-based solution seems to be attractive in terms of performance 

and limitation of the two-antenna problem, some major drawbacks arise:  
- A specific modulator is needed to perform the space-time coding, 
- A specific demodulator is needed to correctly demodulate the signal, 
- The original data stream has to be modified in order to insert the pilot sequence, 
- This pilot sequence reduces the bitrate by 4 %,  
- There is no mention of the maximal data rate that can be used, 
- The transmission remains sensible to channel multipath effects.  

 
 

BLIND EQUALIZER-BASED SOLUTION 
 

1. Description of the proposed solution 
 
We here propose a solution for the limitation of the two-antenna problem that is based on 

delay diversity. The basic idea is to send the same signal over both antennas but with a fixed 
delay between them. For instance, antenna 1 sends the useful signal �(�) while antenna 2 
sends the signal �(� − �). The time difference between both antennas can be easily obtained 
thanks to a difference of cable length between the transmitter and the antennas or thanks to a 
simple delay line. 

 
Consequently, if the signal is transmitted on a noiseless perfect channel, the signal that is 

received on the ground station can be written as follows: 
 
																																																													�(�) = �(�) + ��(� − �)																																																										(�) 
 
 
 



where: 
- � is a complex-valued coefficient. 
- � is the value of the delay between both antennas 

 
The coefficient � = |�|���� reflects the fact that a given and fixed power attenuation |�| 

and phase difference �� can be set between both antennas. If ��� = �	��, this means that 
both antennas transmit the signal with the same power. ��� = �	�� means that the signal on 
the second antenna is transmitted with half the power of the first antenna.  

 
From Eq. (1), we obtain: 
 

�(�) = ��(�) + ��(� − �)�⊗ �(�) = (�⊗ �)(�) 
 

From this latter equation, we can conclude that transmitting a signal with delay diversity 
on antennas is strictly equivalent to transmitting a signal over a multipath channel (here with 
one path only). This is illustrated on Fig. 3. 
 

 
Figure 3: effect of the delay diversity from the receiver point of view 

 
As a consequence, as the receiver sees the delay diversity as a multipath channel, it seems 

to be interesting to exploit the properties of the blind equalizer that is developed by Zodiac 
Data Systems and whose performance is widely described in [4]. The basic idea behind this is 
to equalize the signal that arrives at the ground station in order to correctly demodulate the 
signal afterwards. Note finally that this solution is only valid for the PCM/FM modulation as 
the blind equalizer is only developed for this modulation for the moment. 

 
This solution is very similar to the one consisting in significantly attenuate the power of 

one of the antennas (in the following, this solution will be referred by classical solution). 
Instead of attenuating up to 10 dB in order to guarantee a possible demodulation, we hope that 
the blind equalizer will allow an important reduction of the power attenuation of the second 
antenna.  

 
 



2. Laboratory testbench 
 
For the laboratory testbench, we used: 

- A SMBV 100A from Rohde & Schwarz as signal generator 
- A AMU 200 from Rohde & Schwarz as channel simulator 
- A RTR (Radio Telemetry Receiver) from Zodiac Data Systems with a blind equalizer 

for signal demodulation and BER evaluation. 
 
The testbench synoptic is displayed on Fig. 4. 

 
Figure 4: laboratory testbench for validation of the proposed solution. 

 
From this testbench, we try to estimate the best set of parameters (�, �) so that the signal 

could be perfectly demodulated after equalization. In other words, we try to find the best 
power attenuation and the best delay for which the BER remains equal to zero after 
equalization. 
 

3. Parameters settings 
 

The AMU 200 channel simulator allows a lot of different channel configurations. We first 
suppose a very simple configuration where the transmission is made with both antennas and 
without multipath effects or noise. We also suppose that both transmitting antennas are 
motionless so that there is no Doppler effect to consider.  

 
In order to significantly improve the budget link compared to the classical solution, we 

choose to set the power attenuation � to 2 dB. The parameter ��	has an impact on the 
frequency response the equivalent channel �(�). Indeed: 
 

�(�) = � + |�|��� !��"�� 
 

As a consequence, �� has an influence on the position of the fading in the signal 
bandwidth. Then, when a value of � that leads to a BER equal to zero is found, we must check 
that this is the case for all the values of ��. 
 
The path table in the AMU 200 is then configured as follows: 



 
Table 1: configuration of the AMU 200 

Parameter Profile Path loss (dB) Delay (µs) 
Const. Phase / 

Deg 
Res. Doppler 

Shift / Hz 
Path 1 Static path 0 0 0 0 
Path 2 Pure Doppler 2 variable variable 0 

   
We then derive the value of � (delay of path 2) so that the BER is equal to zero for all phase 
differences �� (described by the parameter Const. Phase / Deg in the AMU 200). This value 
is estimated for different values of bit rates. The maximal tested bit rate is 4 Mbps as it is, for 
the moment, the maximal bitrate that is accepted by the equalizer. The results of these 
experiments are summed up in Table 2. 
 

 Table 2: results of the experiments on a basic configuration for � = 2 dB. 
Data rate 500 kbps 1 Mbps 2 Mbps 3 Mbps 4 Mbps 
� (µs) 5 3 2 1 1 

 
We here show that it is possible to derive a set of parameters (�, �)	on a large range of useful 
data rate so that the equalized signal can be perfectly demodulated.   
 

4. Influence of multipath channels  
 

This section aims at showing that the RTR keeps an ability to correct the effects of 
multipath channels even in the presence of a second LOS, due to the signal propagation from 
the second antenna. To do so, we suppose that one reflection affects the signal propagation 
from antenna 2 and two reflections for the one from antenna 2. We then get the case described 
in Fig. 5, derived from Fig. 3. We also use the same testbench as in Fig. 4.  

 
Figure 5: Channel modelization for the study of the influence of multipath channels 

 
The path table in the AMU 200 is then configured as follows: 
 
 
 
 
 
 



Table 3: configuration of the AMU 200 

Parameter Profile Path loss (dB) Delay (µs) 
Const. Phase / 

Deg 
Res. Doppler 

Shift / Hz 
Path 1 Static path 0 0 0 0 
Path 2 Pure Doppler 2 � 0 0 
Path 3 Rayleigh 10 0.7 0 0 
Path 4 Rayleigh 15 � + 1 µs 0 0 
Path 5 Rayleigh 20 � + 1.5 µs 0 0 

 
The channel representation here above is chosen to prove the ability of the equalizer to correct 
the multipath effects and is not derived from any channel soundings. In table 3, the value of     

� is the one found in Table 2 for a path loss of 2 dB, i.e. we keep the error-free configurations 
after equalization to check if theses configurations are also sufficient in the presence of  
multipath channels. We then obtain the following results: 
 

Table 4: experiment results in the case of multipath channels 
Data Rate Experiment result 
500 kbps The BER remains equal to 0 in this case. The multipath effects are then corrected. 
1 Mbps The BER remains equal to 0 in this case. The multipath effects are then corrected. 
2 Mbps In this case, residual errors are still present. We get an error-free transmission if we 

slightly change the configuration. For example if we want to keep the same attenuation 
� for the second antenna, the value of � has to be around 1.5 µs. Alternatively, if we 
want to keep the same value of �, the attenuation � must be around 4.5 dB. 

3 Mbps The BER remains equal to 0 in this case. The multipath effects are then corrected. 
4 Mbps The BER remains equal to 0 in this case. The multipath effects are then corrected. 

     
We here show that in the large majority of considered data rates, the previous error-free 
configurations also allows the correction of multipath effects. When the data rate is 2 Mbps, 
the configuration has to be slightly modified. Another solution would be to oversize the value 
obtained in Table 2 so that the equalizer could be able to correct the second LOS and 
multipath at the same time. Note also that the multipath environment is time-varying and it 
could happen that the equalizer is unable to correct more complex channel environments.   
 

CONCLUSIONS 
 

We here set up some laboratory experiments that proved the ability of the equalizer in 
the RTR to limit the daisy patterns due to the 2-antennas problem in the case of a PCM/FM 
transmission. This solution also presents very interesting aspects: 

• There is no need to modify the modulator, 
• At the receiver side, the RTR must be equipped with an equalizer, 
• There is no need to insert any additional pilot sequence in the data stream, 
• The system also allows the correction of multipath channels, 
• Slight modification of the on-board set-up: additional cable length or 

programmable delay line. 
After this lab study, the following step would be to evaluate this solution in a real context and 
to make on-site measurements.   
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Abstract 
 
Global Positioning System (GPS) interference signals are suppressed using angle-of-arrival 
(AOA) techniques, while at the same time the power of the GPS signal is enhanced. After 
estimating all AOAs from the received signal, we must determine which AOA corresponds to the 
GPS signal of interest, and in the presence of high-power interference signals. In this paper, we 
describe an algorithm for selecting the GPS AOA by first comparing all AOAs derived from the 
received signals before despreading. Although this approach has excellent performance, it has a 
high computational complexity. In order to overcome this drawback, we introduce a modification 
that yields an efficient GPS AOA estimation algorithm, which is based on a modified despreader 
and the constant modulus (CM) array cost function. The CM array is capable of selecting signals 
that have a constant modulus while rejecting non-CM interference signals. The modified 
despreader is the mechanism that allows this to be achieved, where unlike the interference 
signals, the GPS signal of interest maintains a constant modulus. 
 
 

I. INTRODUCTION 
 
Although GPS is used for a variety of commercial and military applications, its performance is 
affected by extremely high power interference signals because the GPS signal has a very low 
power [1]. Using a beamforming approach based on the GPS AOA, the power of the GPS signal 
can be enhanced while the interference signals are suppressed. However, it is usually difficult to 
estimate this AOA without some tracking process because the receiver operates in an 
environment with an extremely low signal-to-noise ratio (SNR) and a very high jamming-to-
signal ratio (JSR). Even if the AOAs of all received signals are estimated, we must be able to 
determine which one corresponds to the GPS signal of interest [2]. 
 
In this paper, we introduce an algorithm for selecting the GPS AOA from all estimated AOAs in 
the presence of high-power interference signals. This algorithm compares the AOAs derived 
from the received signal before despreading to those estimated at the output of the despreader [2]. 
The AOA found in the latter result that is not present in the former result is the AOA estimate of 
the GPS signal. In order to suppress the interference signals and enhance the GPS signal, this 
AOA information can be applied to efficient interference suppression techniques such as the 



minimum-variance distortionless-response (MVDR) beamformer [3] or a generalized sidelobe 
canceler (GSC) [4].  Although this approach has excellent performance, it has a high 
computational complexity because it performs AOA estimation twice using, for example, the 
Multiple Signal Classification (MUSIC) algorithm [5] or Estimation of Signal Parameter via 
Rotational Invariance Techniques (ESPRIT) [6]. 
 
In order to overcome this disadvantage, we use an efficient GPS AOA estimation algorithm 
based on the modified despreader in [7].  This approach has a low computational complexity 
because it does not require a singular value decomposition (SVD) unlike conventional AOA 
estimation algorithms, and it directly estimates only the AOA of the GPS signal. The modified 
despreader is designed to transform CM interference signals into non-CM signals while retaining 
the CM property of the GPS signal, and its output is applied to the CM array cost function. Since 
only the GPS signal has the CM property at the output of the modified despreader, only the GPS 
AOA is estimated by the CM array. 
 
 

Table 1: Summary of Received Signal Model 
 

Symbol (Vector/Matrix) Size Definition 

( )kx  1M ×  Received signal vector 

ca  1M ×  Array response vector for GPS signal 

Α  M L×  Array response matrix for interference signals 

( )ks  1L×  Interference signals vector 

( )kn  1M ×  AWGN vector with i.i.d components 
 
 

II. RECEIVED SIGNAL MODEL 
 
We focus on estimating and selecting the AOA for the coarse acquisition (C/A) code and assume 
a grid antenna array of size ( )P Q M PQ× =  as described in [8]. For discrete-time index k , the 
received signal vector is modeled as 
 

( ) ( ) ( ) ( ) ( ) ,               (1)c ik c k b k k k= + +x a As n  
 

where ( )ic k  is an element of the cyclostationary pseudorandom noise (PRN) code (of length 

20 1023N = × ) for the i th satellite and ( )b k  is the GPS data bit which remains constant for the 
duration of one cycle of the PRN code. Other quantities and sizes of the vectors and the matrix in 
(1) are summarized in Table 1. The columns of A are the AOA array response vectors for the 
interference signals, L is the number of interference signals, and ( )kn  is additive white 

Gaussian noise (AWGN) with zero mean and variance 2σ . 
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Figure 1: Architecture for GPS AOA selection. 
 
 

III. GPS AOA SELECTION 
 
In this section, we introduce the AOA estimation algorithm for selecting the GPS signal from all 
estimated AOAs using a conventional technique such as MUSIC.  Figure 1 shows the 
architecture of the algorithm consisting of AOA estimators based on the received signals before 
despreading, whose results are compared to the output signals of the despreader.  The time index 
of the despreader output n  differs from k , and ( )b̂ n  is the estimated GPS data bit at discrete 
time instant index n . 
 
A. AOA ESTIMATION 
 
In order to choose the GPS AOA from all estimated AOAs, we need two AOA estimation results 
based on the received signals before despreading and the output signals of the despreader. The 
first set of estimated AOAs correspond to those of the interference signals, and they do not 
include the GPS signal AOA because it has a very low power and thus appears in the noise 
subspace. 
 
In order to increase the power of the GPS signal above the noise power level, the received 
signals are applied to the despreader. Since the power of the GPS signal after despreading is 
higher than the noise power level, it now appears in the signal subspace, and so its AOA is 
estimated at the output of the despreader.  However, this AOA cannot be easily found because of 
the high-power interference signals. 
 

Table 2: Summary of the GPS AOA Selection Algorithm 
 

1. Estimate AOAs using the received signal before despreading. 
2. Estimate AOAs using the output signal of the despreader. 
3. The AOA in result 1 but not in result 2 is the AOA of the GPS signal.  

 



B. SELECTION OF GPS AOA 
 
Since the AOAs of the interference signals before and after despreading are identical, we can 
determine the GPS signal AOA because it appears only at the output of the despreader, as 
summarized in Table 2.  The selected AOA of the GPS signal using this algorithm is applied to 
an adaptive beamformer such as MVDR or GSC in order to suppress the interference signals and 
enhance the quality of the GPS signal. Although this algorithm has good performance, it has a 
high computational complexity because it requires two conventional AOA estimators using the 
received signals before and after despreading. 
 
 

IV. GPS AOA ESTIMATION BASED ON A MODIFIED DESPREADER 
 

In the previous section, we introduced the AOA selection algorithm for the GPS signal of interest, 
which has good performance but a high computational complexity. In order to overcome this 
drawback, we present an efficient GPS AOA estimator based on the modified despreader. The 
system architecture for this algorithm, shown in Figure 2, consists of the modified despreader 
and an AOA estimator based on the CM array cost function. 
 
A. MODIFIED DESPREADER 
 
Since the modified despreader transforms all CM interference signals into non-CM signals, while 
the GPS signal retains CM property, only the GPS signal has the CM characteristic at the output 
of the modified despreader. The modified despreader output is then processed to generate the 
GPS AOA estimate using the CM array cost function. 
 

Modified 

Despreader

AOA Estimation 
Based on CM 

Array Cost 
Function

Estimated AOA

( )1x k

( )Mx k

 

( )1x n

( )Mx n
 

 
Figure 2: System architecture for GPS AOA estimation. 

 
 
The modified despreading code is defined as  
 

,               (2)i i i−c c c  
where  

[ ]= , , ,               (3)T
i i ic ca ca  

 
ica  is the C/A code which is a row vector (length: 1023) for the i th satellite, 



 

,1 ,20= , , ,               (4)
T

i i i  c ca ca
  

 
and ( ), 1, , 20i l l =ca   is randomly chosen from the C/A codes, excluding ica . The output of the 
modified despreader is given by 
 

( ) ( )
( ) ( ) ( ) ( )        = 20 ,               (5)

i

c

n n

N b n n n+ + +

x X c

a As n



 

 
where  ( ) ( ) ( ), , 1n k k N+ −  X x x  .  The interference signal vector and noise vector after the 
modified despreader are defined as 
 

( ) ( ) ,                       (6)in ns S c  
and 

( ) ( ) ,                       (7)in nn N c  
 
respectively, where ( ) ( ) ( ), , 1n k k N+ −  S s s   and ( ) ( ) ( ), , 1n k k N+ −  N n n  . Since 

only the GPS signal term ( ) ( )20c N b n+a  in (5) has the CM property, the AOA of the GPS 
signal can be estimated using the CM cost function. 
 
B. CM COST FUNCTION 
 
The CM cost function [9] for the modified despreader output is defined as 
 

( )( ) ( ) ( ) ( )
222 1, 1 20 , ,                       (8)H

xE N nθ φ θ φ −  ℑ − +    
a a R x  

 
where ( ),θ φa  is the array response vector corresponding θ  and φ , which are the elevation and 

azimuth angles, respectively, ( ) ( )H
x E n n  R x x  is the autocorrelation matrix of the modified 

despreader output, and ( ) ( ) ( )20n n N= +x x  is the modified despreader output normalized by 
the amplitude of the GPS signal. In order to estimate the GPS AOA, we must find the minimum 
value of ( )( ),θ φℑ a  and the corresponding values for θ  and φ . Since the CM array cost 

function in (8) is minimized for the CM signal, ( )( ),θ φℑ a  is minimized for the GPS signal. 
 
In general, conventional AOA estimation methods such as MUSIC and ESPRIT have a high 
computational complexity because they utilize an SVD and select the AOA of the GPS signal 
from all estimated AOAs in the presence of high-power interference signals. As an alternative, 
the algorithm should employ the GPS AOA selection approach discussed in Section III, which 
has a lower complexity because it does not require an SVD. 



V. COMPUTER SIMULATIONS 
 
In this section, we present computer simulation examples to demonstrate the performance of the 
AOA selection algorithms for the GPS.  We assume that 8M =  antenna array elements are 
utilized in the receiver, and the received signal consists of one GPS signal of interest, six 
interferences signals, and AWGN.  The SNR of the GPS signal is -30 dB, the JSR for each 
jammer (interference signal) is 60 dB, and the frequency modulated (FM) jammers have 
modulation index 0.05β =  and normalized modulation frequency 0.001mf = . 
 

Table 3: Computer Simulation Scenario 1 
 

Signal Azimuth (º) Elevation (º) Center Frequency 
GPS 25 -82 - 
CW -85 -82 0.41 
FM 54, -42 -82, -82 0.07, 0.19 
WB 87 -82 0.29 

Pulsed 39, -16 -82 - 
 
 
A. GPS AOA SELECTION 
 
For this simulation (Scenario 1), we assume one continuous wave (CW) jammer, two FM 
jammers, one wideband (WB) noise jammer, and two pulsed jammers. The pulsed jammers are 
periodic on/off signals with periods of 50 and 500. The other parameters of these signals are 
summarized in Table 3.  Figure 3 shows the MUSIC cost function defined in [10] for the 
received signal before despreading. Observe that there are six peaks corresponding to the six 
interference signal AOAs (with azimuth angles -85º, 54º, -42º, 87º, 39º, -16º, and elevation angle 
-81º). Figure 4 shows the MUSIC function for the despreader output, which has seven peaks 
corresponding to the AOAs of the GPS signal (with azimuth angle 25º and elevation angle -81º) 
and the six interference signals.  In order to select the AOA of the GPS signal, we compare the 
results in Figures 3 and 4, and select the AOA with azimuth angle 25º and elevation angle -81º 
for the GPS angle estimate. 
 

Table 4: Computer Simulation Scenario 2 
 

Signal Azimuth (º) Elevation (º) Center Frequency 
GPS 67 -28 - 
CW 52, -41 71, 71 0.15, 0.25 
FM -71, 38 71, 71 0.20, 0.45 
WB 10, -12 71, 71 0.05, 0.35 

 



  
Figure 3: MUSIC function before despreading 

for Scenario 1. 
Figure 4: MUSIC function after despreading 

for Scenario 1. 
 
 
B. MODIFIED DESPREADER 
 
For this simulation (Scenario 2), we assume two CW jammers, two FM jammers as CM 
interferences signals, and two WB noise jammers. The other parameters for these signals are 
summarized on Table 4.  The inverse of the CM array cost function and the MUSIC function at 
each azimuth and elevation angle are shown in Figures 5(a) and 5(b), respectively. From Figure 
5(a), we observe a global maximum indicated by the arrow, corresponding to the GPS azimuth 
(67º) and elevation (-28º) angles. Since the GPS signal still has the CM characteristic after 
despreading, we can easily estimate those angles. Although Figure 5(b) includes seven peaks 
corresponding to the AOAs of the GPS signal and the interference signals, it is difficult to 
observe them in the figure. Therefore, we plot the MUSIC function versus the azimuth angle to 
better locate the peaks. Figures 6(a) and 6(b) show the results for the GPS signal with elevation 
angle 28θ = −  , and the interference signals with elevation angle 71θ =  .  We observe a peak for 
the azimuth angle of the GPS signal in Figure 6(a) and six peaks for the azimuth angles of 
interference signals in Figure 6(b).  In order to estimate the GPS AOA using the MUSIC 
algorithm, we must know the number of interference signals and be able to select the GPS AOA 
from all estimated AOAs since there are multiple peaks. 
 
 

VI. CONCLUSION 
 
In order to efficiently suppress high-power interference signals and recover the GPS signal of 
ineterest, accurate AOA estimation is generally required in the receiver. Since the power of the 
GPS signal is much lower than that of the interference signals and noise, it is not possible to  
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Figure 5: Inverse of functions for Scenario 2. (a) CM cost function (b) MUSIC function 
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Figure 6: Inverse of functions for the azimuth angle for Scenario 2. (a) MUSIC function 
(elevation angle 28θ = −  , peak of the GPS signal).  (b) MUSIC function (elevation angle 

71θ =  , peaks of the jamming signals) 
 

 
estimate the GPS AOA using the received signal before despreading.  Even if we estimate the 
GPS AOA using the depreader output, we must still select the GPS AOA from all estimated 
AOAs because of the interference signals.  In this paper, we presented an AOA selection 
algorithm for the GPS signal based on a comparison of the AOA estimators using the received 
signals before and after despreading. Although this approach has good performance, it has high 
computational complexity. In order to avoid this drawback, we also introduced an efficient AOA 
estimation algorithm for the GPS signal based on the modified despreader and the CM array cost 
function.  Unlike conventional AOA estimators such as the MUSIC and ESPRIT algorithms, this 
scheme does not require an SVD, and so it has a lower computational complexity.  In addition, it 
does not require an AOA selection process for the multiple estimated AOAs because it only 
estimates the AOA of the GPS signal. 
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ABSTRACT 

 
Functionally testing missiles in the All Up Round (AUR), a configuration that consists of a 
complete system packaged in its flight worthy state, requires the use of test sets along with 
constituent conformal equipment for interfacing. During developmental testing, telemetry (TM) 
sections are integrated within an AUR missile. These test sets monitor TM unit performance 
while maintaining form, fit, and function; therefore, resulting in complete data confidence. 
Initiating TM functional tests permit a capability in verifying that TM sections have been 
integrated properly. Safety being a priority, in order to attenuate RF radiation leakage while 
providing repeatable test capabilities in the near-field, antenna couplers are fabricated as a 
shielding interface between the user and radiating source and a coupling interface between an 
AUR missile and the test set. Generally, antenna couplers are composed of metallic bodies which 
require machine shop fabrication. The process of getting machined parts can take up to several 
months which can delay delivery schedules.   
 
With the availability of 3D printing capabilities and methods in metalizing various materials, a 
novel approach to fabricating antenna couplers has been explored. The use of modeling Software 
Packages (Computer Aided Design and Electromagnetic Solvers) and additive printing play key 
roles in reducing the development cycle time while saving costs, decreasing weight, and 
sustaining performance. This paper will detail the efforts using 3D printing capabilities in the 
development and fabrication of an antenna coupler with several examples cited herein. 
 

KEY WORDS 
 

Rapid Prototyping, Iterative Design, Additive Manufacturing, Telemetry Testing, Antenna 
Coupler, 3D Printing. 
 

BACKGROUND 
 
The Airborne Instrumentation Systems Division (AISD), Naval Air Warfare Center Weapons 
Division (NAWCWD) is responsible for the design, development, and fabrication of state-of-the-
art telemetry and instrumentation systems for a variety of airborne platforms primarily 
supporting missile applications. These systems provide a combination of telemetry (TM), Global 
Positioning System (GPS), and Flight Termination System (FTS) capabilities into compact 
telemeter packages per customer needs. The overall goal is to retain form, fit, and function of 
AUR missiles while integrating telemeters without invasive performance degradation and 
maintaining high reliability.  
 
Throughout various phases in the lifecycle development of telemeters, such as antenna design, 
TM section test, and full AUR missile integration, a method for performing verification 



2 
 

measurements from prototyping to pre-flight is prudent. Due to spectrum regulations and safety 
requirements for personnel, free radiation poses a great concern in federal compliance and 
human safety without the availability of anechoic chambers to fully exercise all necessary 
systems. Additionally, to ensure high confidence levels, telemeter test sets are configured in a 
fashion that would allow for wireless data transfer while obtaining results in various 
configurations in a repeatable fashion, whether in-lab or on flight lines. Depending on the 
application, data transmission can range from low power, as seen by GPS signals at 
approximately -130dBm, to extremely high power, as exhibited by FTS systems up to +60dBm. 
Many AUR missile applications demand the use of conformal antennas to comply with 
aerodynamic envelopes while providing non-invasive physical characteristics, driving 
mechanical requirements for RF couplers to complement conformal shapes without damaging 
AUR missiles and clearing hardware relevant to flight fixture configurations- posing challenges 
in the design of a coupler frame that can deliver form, fit, and function. 
 

ADDRESSING THE NEED: CONTAINING RF WITH A COUPLING DEVICE 
 
To address the above concerns, devices known as wrap-around antenna couplers are designed 
and developed to mitigate RF leakage, provide a wireless connection, and ensure personnel 
safety. Microstrip antenna probes, designed with electromagnetic simulation software, are 
contained within an enclosure of RF absorbing material and a metallic frame to produce a near-
field energy coupling environment. Such circumstances permit bi-directional flow of energy to 
and from the telemeter, or device under test, opening the possibilities to receive and/or transmit 
data with confidence. This produces two beneficial outcomes – the means to test various TM 
systems without a necessity of securing test range frequency clearance; and mitigating harmful 
radiation, if any, all while providing support for the fabrication verification, flight qualification 
testing, and final acceptance testing of TM units. Below, Figure 1: RF Interface Diagram 
illustrates an interface diagram and RF path between a telemeter, known as the device under test 
(DUT), RF coupler, GPS source, and TM test set.  

 

 
Figure 1: RF Interface Diagram 
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DESIGN AND DEVELOPMENT: TRADITIONAL METHODS 
 
Traditionally, RF coupler bodies are formed from a variety of metals requiring specialized 
machining for the containment of electromagnetic fields. The process involves interfacing 
mechanical design requirements with a machine shop. Modern shops utilize automated 
machinery to increase precision and require extensive setup time. As design complexity 
increases, costs are increased by the need for specialized tooling. Additionally, quality control is 
scrutinized to ensure proper “build-to-print” orders. Ensuring a continuous ground plane for the 
containment RF coupler bodies requires welding, and thus posing alignment risks due to metal 
warping. Details are specifically vital during the development cycle as incorrect dimensioning 
can “make or break” a design. Iterative processes of improving and manufacturing new revisions 
of a design often increase schedule and costs, specifically in applications where coupler frame 
shaping must accommodate various form function environments such as laboratory benches to 
AUR missiles. In a fast-paced environment, delivery schedules could cripple trailing program 
functions. Below, Figure 2 is an example of a machined wrap-around coupler used for 
interfacing with conformal antennas. This particular design takes over a month to be fabricated, 
assembled, and tested.  
 

 
 

Figure 2: Traditional Wrap-around Coupler Design 

 
DESIGN AND DEVELOPMENT: ADDITIVE MANUFACTURING 

 
Recent advances in the field of additive manufacturing has brought about disruptive capabilities 
to engineering, prototyping, and manufacturing facilities. The process of “3D printing” is 
becoming a common and cost effective method for producing scalable and functional prototypes. 
Initially used by commercial, industrial, and defense industries; this capability is becoming 
affordable for in-home use by average consumers. A function of shape, size, resolution, and 
material properties, additive manufacturing has become an important and useful tool in the 
engineering design process. The ability to fabricate designs in-house can reduce fabrication to a 
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fraction of the cost and time it takes to make an equivalent machined part. Additionally, critical 
parts can be isolated for prototyping to reduce having entire design assemblies refabricated per 
iteration. Advances in printing technology provide engineers with various materials for use 
including polycarbonate, acrylonitrile butadiene styrene, and nylon. Unique material properties 
are another benefit for prototyping and experimentation as they provide various features such as 
impact strength, a beneficial characteristic for harsh environments; and flexibility, a 
characteristic accommodating for features such as built-in latching. While novelties introduced 
by additive manufacturing are a large benefit for prototyping, they are particularly becoming 
large schedule savers and are providing project managers with smaller bills for non-recurring 
engineering costs. Apart from producing static objects, 3D printing allows for movable and 
functioning parts- a trait that many are finding useful for quick deployments to functional 
environments.  
 

LIFECYCLE: 3D PRINTED RF COUPLER 
 
Currently, limitations in utilizing additive manufacturing for RF applications reside in the lack of 
conductive materials. While metallic additive printing is becoming a reality, it is still in the early 
stages of development. The absence of a coupler’s conductive shell limits ground plane 
functionality provided by a metal housing for RF coupling probes and RF leakage shielding. 
Fortunately, many commercial off-the-shelf products and production techniques are available for 
metalizing various materials to provide a conductive layer - a vital requirement for containing RF 
energy. A plethora of alternatives are available on the market; relatively low-cost products such 
as copper/silver tape with conductive adhesion and silver-coated copper coating spray from 
multiple vendors.  Most importantly they do not drive the cost up during iterative prototyping. 
These products do not demand a labor-intensive treatment and produce no damage to 3D printed 
parts, thus saving on cost and schedule. Another method for achieving metallization is through 
electro-plating.  This process provides continuous metallization in various metals at an 
inexpensive cost and in a repeatable manufacturing process. While beneficial, this method 
involves adjustments to the process based on shape, size, and material. 

 

 
Figure 3: 3D Printed Coupler Lifecycle 
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Figure 3: 3D Printed Coupler Lifecycle above illustrates the flow of a 3D printed coupler’s 
lifecycle development from requirements to delivery. After customer needs are translated into 
technical requirements, both RF and mechanical design processes can proceed in parallel. Once a 
mechanical design is completed, it proceeds to being 3D printed, inspected via fit checks, 
mechanically aligned, fit with compatible hardware, and checked for print quality. Next, the 
coupler is prepared by sanding and priming for a smooth finish.  This complements the 
metallization process and ensures uniform distribution of a conductive layer on the frame, 
specifically when coating with conductive sprays. Once the conductivity of the coating is 
inspected and tested for low resistivity, the coupler body is ready for exterior paint resulting in 
rub off resistance, corrosion resistance, an aesthetically pleasing finish, and durable protective 
layer for the various environments it may encounter. After a period of curing, the coupler is fitted 
with all necessary mechanical and RF hardware, including RF coupling probes, 50 ohm loads, 
RF transparent protective covers, RF absorber, and EMI gaskets, deeming it ready for 
qualification and acceptance testing prior to fielding. 
 

RESULTS: OBSERVING PERFORMANCE 
 
The 3D printed coupler exceeded expectations as it exhibited a characteristic unavailable with 
legacy units: surviving a four foot drop test on all axes and retaining its functional abilities 
without hindrance to performance. Traditional metallic frames have to be handled with care as 
accidental drops may cause damage to mechanical frame features, affecting either form, fit, or 
function. By utilizing additive manufacturing, a reinforced frame with safety support structures 
was printed, giving reinforced strength to the overall structure. This had an advantage: it 
permitted for experimenting with various material thicknesses and mechanical structures. By 
mechanically reinforcing a strong frame, the robust design would ensure longevity in the field 
and increased overall reliability.  
 
Printing times, preparation, and structure resolution resulted in the ABS material being used as 
the material of choice during prototyping and development. Readily available on the market and 
relatively inexpensive to procure, this material suited the mechanical function needs of the RF 
coupler. During the metallization process, electro-plating resulted in the highest mitigation of RF 
leakage, however it took the longest amount of time and was prone to peeling and cracking. 
Applying a conductive layer with metal spray and coating with an outer layer of protective paint 
would have been the most ideal alternative, but due to HAZMAT restrictions, experimentation 
was limited. As a result, adhesive copper sheets were chosen as the metallization process of 
choice, an effort requiring minutes to apply and having the smallest impact on cost.  
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Figure 4: 3D Printed Coupler Mounted on AUR Missile 

With a solid conductive backing, RF microstrip probes utilized the provided ground plane to 
focus RF energy. While wrapped around the DUT, as illustrated in Figure 4 above, for an 
interface link, a network analyzer injected signals and transmission losses were measured 
through and from the RF Coupler. The results illustrated strong coupling between the interfacing 
devices with losses varying less than 20dB. This gave confidence that a sufficient link would be 
provided to drive the telemeter receiver without being underpowered or oversaturated. Because 
RF probes embedded in the coupler were tuned for the frequencies of interest and RF absorber 
maintained physical separation, isolation between probes was on the magnitude of over 70dB, an 
ideal trait for keeping TM power from swamping out low-powered GPS signals. RF leakage tests 
were performed to characterize energy escaping the environment within the coupler mounted on 
the DUT. After placing 50 Ohm terminations on all unused ports of the coupler, a quadridge horn 
placed two feet from the DUT to measure transmission levels resulted in approximately 50dB of 
loss. Since the telemeter exhibited 5W of peak RF energy, a safety label specifying Hazards of 
Electromagnetic Radiation to Personnel, Ordinance, and Fuel (HERP/HERF/HERO) was 
mounted on the coupler body for extra safety precautions. 

 
SUMMARY  

 
Exploration into the use of additive manufacturing for testing in-lab and flight test telemeters has 
proven successful, demonstrating large amounts of schedule and costs can be saved. The iterative 
process of design and development matched well with the turnaround time of 3D printing and its 
associated material costs. What would normally have cost thousands of dollars and months to 
machine was completed in a single overnight print job for a fraction of the cost. Other benefits 
such as traceability to design file were found to eliminate human errors encountered during the 
process of translating engineering drawings into machine instructions.  
 
Once assembled, as shown in Figure 5 below, the telemeter test coupler functioned as well as 
legacy predecessors without the need of retraining users. The embedded coupler probes were 
mounted securely and produced coupling values that exceeded the performance of legacy 
couplers. In the long run, the capability to rapidly produce parts will give users flexibility to 
generate spares with little effort of replacing parts or reproducing entire units, and all without the 
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additional factors of major procurements, parts obsolescence, or schedule over-runs, all of which 
can result in long term cost savings. 
 

 
Figure 5: Three Functional 3D Printed Couplers 

This capability is still being researched and will need additional testing to observe how it 
performs over time and under different use environments. Since safety is a high priority, future 
investigation into achieving lower levels of RF leakage without hindrance to performance are 
being pursued.  
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ABSTRACT:  

  A four-channel ultrasonic receiver is implemented. All four channels utilize a 

traditional superheterodyne design. Each channel will be capable of receiving and 

downconverting signals with frequencies from 30 kHz to 50 kHz. The system is capable of 

receiving four different continuous wave (CW) ultrasonic signals simultaneously. One 

application for this multichannel ultrasonic receiver involves analyzing the digitally 

sampled signals from an array of four ultrasonic microphones to perform triangulation to 

obtain the receiver's position in three-dimensional space. The receiver has a programmable 

local oscillator, programmable amplifiers, and a customizable low-pass filter option. The 

customized printed circuit board connects as a daughter board to an Arduino Due. The 

analog-to-digital converter (ADC) of the Arduino Due can sample data from each channel 

through a USB interface.   
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THEORY OF OPERATION:  

The following description will characterize a single channel of the ultrasonic 

receiver design. Four CW signals are received through an ultrasonic transducer. The total 

incoming signal is sent through a DC block to remove any DC component of the signal. 

The desired analog signals, which are passed through the DC block, have frequencies 

between 30 kHz and 50 kHz. The signals are passed through the preselecting low-pass 

filter. The filtered signals are passed through a programmable amplifier. The amplified 

signal is input to the RF port of a mixer, where the signal is mixed in real time with the 

programmable square wave frequency of the master local oscillator (LO). The on-board 

oscillator is set at a constant frequency of 35 kHz. The signal leaving the IF port of the 

mixer is passed through a second programmable amplifier. The amplified signal is passed 

through the IF stage low-pass filter to attenuate up-converted signals from the mixer. The 

Arduino’s on-board ADC will convert the received IF stage analog signal to a digital signal 

for processing. Samples are output to a computer through a USB interface.   

 

Figure 1 - Functional block diagram of the four-channel ultrasonic receiver  

The Arduino Due controls the LTC6910 programmable amplifier gain with a 3pin 

digital input, which is configured during software initialization.  Each amplifier is able to 

provide gains of 0, 1, 2, 4, 8, 16, 32 and 64 [V/V]. The Arduino Due controls the LTC6903 

oscillator frequency with a 16-bit serial word through an SPI protocol, which is configured 

during software initialization. The LO frequency can be programmed from   1 kHz 

to 68 MHz, but will have an operational frequency of 35 kHz.   

The Arduino Due powers all functional elements. The microphones and amplifiers 

are powered on the 3.3 V rail on the Arduino. Because the amplifiers are powered by 3.3 

V, the maximum output voltage from the amplifiers will be 3.3 V. This maximum system 

voltage is desired because the Arduino Due analog input pins are rated for a maximum 

voltage of 3.3 V. The mixer, local oscillator, and XOR gates are powered from the Arduino 

Due 5 V supply. The general schematic of each low-pass filter is shown in Figure 2.  
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Figure 2 – Low-Pass Filter Schematic  

  

TESTING AND EVALUATION:  

  Figure 3 shows the output of the local oscillator (yellow), the IF filter (green), and 

the frequency spectrum output of the IF filter (purple) for a single channel.  A 40 kHz sine 

wave from a function generator was input to the RF input port of the mixer. The on-board 

local oscillator with a programmed frequency of 33.5 kHz was input to the LO port of the 

mixer. The spectrum of the system shows that the down-converted signal had a frequency 

of 6.7 kHz, and the up-converted signal had a frequency of 73.6 kHz. The downconverted 

signal power was +27.7 dB relative to the up-converted signal power due to the third-order 

low-pass IF filter.  

  

 

  

Figure 3 - Output of the IF filter in time domain (green) and frequency domain (purple), 

as well as the 33.5 kHz local oscillator waveform (yellow)  

  A CW emitting beacon was set up 6.5 feet away from the four-microphone array of 

the receiver. The beacon system was transmitting a signal frequency of 36.19 kHz. The on-

board local oscillator was set to a frequency of 29.82 kHz. The pre-mixer amplifiers were 

all set to have a gain of -16 V/V. The post-mixer amplifiers were all set to have a gain of -
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4 V/V. A preselecting filter with a cutoff frequency at 99 kHz was used. An antialiasing 

filter with a cutoff frequency of 18.27 kHz was used.   

  The results of this test are shown below in Figure 4. From this test, it was shown 

that all four-channels were properly receiving the signal and outputting the desired 

downconverted signal. Using an input CW with a frequency of 36.19 kHz and an LO 

frequency of 29.82 kHz, a down-converted signal with a frequency of 6.41 kHz was 

successfully predicted. From Figure 4, it can be seen that each channel has an output with 

a very minor change in phase and magnitude, which would be necessary information for 

system triangulation processing.  

  

  

 
  

Figure 4 – Four-channel receiver time-domain while receiving a single CW signal  

  Another test was done using two CW emitting beacon transmitters. All of the 

settings remain the same from the previous test. In addition to the 36.19 kHz CW signal, 

there was also a 43.16 kHz CW signal. The spectrum of a single channel during this test is 

shown in Figure 6, along with the time-domain output of the receiver when receiving two 

different beacon signals. From the picture it shows that the two major lobes are at 6.4 kHz 

and 13.5 kHz which are exactly where the expected down-converted signals would be given 

an LO frequency of 29.82 kHz. The up-converted signals can also be seen at 66.1 kHz and 

73.2 kHz, although they have a minimum attenuation of 29.7 dB, verifying the function of 

the third-order low-pass filter. The largest spur appeared at about 21 kHz and was 

attenuated 19.7 dB.   
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Figure 5 – Frequency domain of the four-channel mixer output while receiving two 

beacon signals  

 
  

Figure 6 – Frequency domain of single channel mixer output while receiving two beacon 

signals  
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SOFTWARE DESCRIPTION:  

          Software for the Arduino Due initializes programmable components, including the 

LO and digital amplifiers. The Arduino Due ADC is also used for the signal sampling. Four 

analog signals act as inputs to the Arduino on four separate analog pins and are converted 

to digital signals by the Due’s on board ADC. FFT routines are implemented using FFT 

libraries that currently exist in the Arduino community. FFT functions were tested to 

extract amplitude and phase information to be used in later processing. The ADC uses the 

radix4 library and is able to sample the signal at a rate of 19,200 samples/sec and perform 

a 2048-point FFT. However, the onboard FFT only extracts amplitude information and 

does not report phase information. To extract the phase information from a signal, the 

signal data must be read on an external device. To perform the FFT, ADC values were 

printed to the Arduino serial console and uploaded into a Matlab FFT script. The phase and 

amplitude information of the ADC samples were successfully extracted, as seen in Figure 

7 and Figure 8. The original goal, to read the incoming signals on four separate analog pins 

simultaneously, was unsuccessful. ADC values were successfully read on one pin.   

 
  

Figure 7 - FFT magnitude plot of 4.9 kHz signal performed in Matlab  
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Figure 8 - FFT phase plot of 4.9 kHz signal performed in Matlab  

  

CONCLUSION:  

 A four-channel ultrasonic receiver system is successfully implemented utilizing an 

Arduino Due for ADC sampling and system controls. The receiver system will be used for 

testing and evaluation of system triangulation [1]. The triangulation system will receive 

signals from broadcast transmitters and analyzes these signals to estimate the receiver’s 

position, groundspeed and heading. The triangulation will be achieved using information 

such as relative phase, signal power, and transmit antenna position for radiolocation and 

radionavigation purposes.  

  

REFERENCE:  

[1]  C. Allen, personal communication, June 2015.  
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ABSTRACT 

 

In this work, a 3D-printable multilayer phased array system is designed to demonstrate the 

applicability of additive manufacturing technique combining dielectric and conductor 

processes at room temperature for RF systems. Phased array systems normally include feeding 

networks, antennas, and active components such as switches, phase shifters and amplifiers. To 

make the integrated system compact, the array system here uses multilayer structure that can 

fully utilize the 3D space. The vertical interconnections between layers are carefully designed 

to reduce the loss between layers. Simulated results show good impedance matching and high-

directive scanning beam. This multilayer phased array will finally be 3D printed by integrating 

thermal / ultrasound wire mesh embedding method (for metal) and fused-deposition-modeling 

technique (for dielectric). 

 

Key Words: 

3D print, Multi-layer, Phased Array, Vertical Interconnection 

 

 

INTRODUCTION 

 

Additive manufacturing (AM), which refers to layer-by-layer automatic printing techniques for 

3D objects of arbitrary shape, is a potentially promising technique to manufacture multilayer 

RF components / systems. In order to achieve high conductivity comparable to regular metal, 

the 3D printed components using conductive ink [1] requires high temperature metal sintering 

process which may induce deformation or damage of the dielectric substrate and prevent 

potential integration of RF devices. We have proposed a novel low-cost 3D printing technique 

in fabricating functional RF components at room temperature but still maintaining good 

electromagnetic performance [2-3]. In this work, a 3D printable multilayer phased array system 

that fully utilize 3D space is designed to demonstrate the applicability of the printing techniques 

for RF system integration. 
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Phased array systems, which are commonly used to achieve high gain and electronic beam 

steering, normally consists of many RF components including power feeding networks, 

antennas, and active components such as phase shifters and amplifiers. To make the integrated 

system compact, the phased array in this work is designed using multilayer structure that can 

fully utilize the 3D space. The multilayer structure, in addition, enables the flexibility to add 

more functionality by increasing the total structure thickness while keeping the footprint size 

unchanged. The multilayer phased array needs to be carefully designed to have low loss in the 

vertical transitions. 

 

 

MULTILAYER PHASED ARRAY DESIGN 

 

The proposed multilayer phased array (operating at 3.5 GHz) is designed as shown in Fig. 1. It 

consists of three layers: a 1 to 4 Wilkinson divider at the bottom layer; four voltage controlled 

phase shifters mounted on grounded CPW at the center layer; and four patch antennas at the 

top layer. The coax to stripline and stripline to grounded coplanar waveguide (CPW) vertical 

interconnections are optimized to reduce transmission loss between layers. Good isolation 

between layers is achieved by inserting a ground between adjacent layers. This multilayer 

phased array structure, in the near future, will be 3D printed. The metal part will be realized 

using thermal / ultrasound wire mesh embedding [4-5] and the dielectric part will be printed 

using fused deposition modeling technique [6]. Polycarbonate (PC) – one of the most common 

printable thermoplastic and that has dielectric constant of 2.7 and loss tangent of 0.005 is used 

for each layer’s substrate. The thermoplastic printing accuracy in thickness is about 0.4 mm, 

and therefore, the dielectric substrate should be thick enough to make sure that the fabrication 

error will not influence the performance much. To have good performance margin, here the 

total thickness is designed to be 21 mm and the smallest thickness for each layer is set to be 3 

mm. The details about the design of important parts of the phased array system is discussed in 

the following. All models are built and simulated in ANSYS HFSS software [7]. 

 

Figure 1. 3D printable three-layer phased array schematic 
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The top layer is a 4-patch antenna array with substrate thickness of 3 mm. The patch is designed 

to work at 3.5 GHz with size of 23.36 × 31.07 mm2. The patch array is fed by the grounded 

CPW at the center layer using probe feeding. At the center layer, DC bias lines for voltage 

controlled phase shifters are included on the grounded CPW. The grounded CPW has signal 

trace width of 4.3 mm, gap width of 1 mm, and total substrate thickness of 12mm. The material 

loss will introduce loss for the grounded CPW at the level of 3.13 dB per meter at 3.5 GHz. 

Some through substrate vias are added along the CPW to ensure that only CPW mode is 

supported in the frequency band of interest. The bottom layer is a 1-to-4 Wilkinson power 

divider realized using stripline. The line width and dielectric substrate thickness are set to be 4 

mm and 6 mm respectively to get 50-Ohm characteristic impedance. The stripline insertion 

loss from material is 2.88 dB per meter at 3.5 GHz. Some important interconnections design 

between layers are shown in the following. 

 

A. Coax to Stripline Vertical Transition Design 

Figure 2 shows the schematic of coax to stripline vertical interconnection. The principle is to 

transit coax to CPW, then to stripline. The coaxial connector is a SMA with extended center 

pin that touches the upper CPW trace. The CPW is optimized to reduce impedance mismatch. 

Vias are required along the CPW to reduce radiation loss and remove unwanted modes. Figure 

3 shows that the simulated vertical interconnection has a reflection coefficient lower than -22 

dB and insertion loss smaller than 0.3 dB in the frequency band of interest. 

 

Figure 2. The coax to stripline vertical interconnection schematic: (from left to right) whole 

view, enlarged top view, and side view. 

 

Figure 3. The simulated reflection and transmission coefficients of the vertical 

interconnection from coax to stripline. 
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B. Stripline to Grounded CPW Transition Design 

Figure 4 shows the schematic of stripline to grounded CPW interconnection. The stripline 

width is 4 mm and the grounded CPW signal trace width is 4.3 mm with gap width 1 mm. The 

principle of the interconnection is to transit stripline to CPW at the same layer first, then to the 

grounded CPW on the upper layer. The lower layer stripline conducting strip is connected to 

the upper layer grounded CPW center conductor using via. Vias connecting all grounds at 

different layer are also required and optimized to reduce loss. Figure 5 shows that the simulated 

reflection coefficient and insertion loss of the designed interconnection is lower than -17.5 dB 

and 0.25 dB respectively in the frequency band of interest. 

 

Figure 4. The stripline to grounded CPW transition schematic: whole view, enlarged top 

view, and front view. 

 

Figure 5. The simulated reflection and transmission coefficients of the stripline to grounded 

CPW transition. 

 

 

MULTILAYER PHASED ARRAY SYSTEM PERFORMANCE SIMULATION 

 

The simulated results for the whole phased array system shown in Fig. 1 is plotted in Fig. 6. It 

is demonstrated that the array system has reflection coefficient smaller than -10 dB from 3.44 

GHz to 3.56 GHz and a high directive beam in broadside as expected with peak gain of 10.76 

dB at 3.5 GHz. At 3.5 GHz, the array system achieves a radiation efficiency of 76%. The 1.2 

dB loss comes from the vertical transitions and the material losses.  
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Figure 6. Simulated reflection coefficient and array gain of the 4-patch array at 3.5 GHz. 

 

 

CONCLUSION 

 

A 3D printable compact three-layer phased array operating at 3.5 GHz is designed. Low loss 

vertical interconnections are obtained. The simulated results of the whole system show a 

reflection coefficient smaller than -10 dB at the working frequency and a high directional beam 

achieved at expected direction. The radiation efficiency for the whole array system is 76%. 

Next, this multilayer phased array will be 3D printed at room temperature using thermal / 

ultrasound wire mesh embedding for the metal part and fused deposition modeling technique 

for the dielectric part. The phase shifter chips can be mounted into pre-designed pockets first 

and then soldered onto the printed grounded CPW. Alternatively, the pins of the phase shifter 

chips can be directly connected to the CPW conductors using laser weld. 
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ABSTRACT 

 

This paper describes the details of design and critical analysis of the process of 3D printing 

antennas for wireless communications applications. The subjective testing methods utilized were 

chosen specifically based on project scope and researcher capability. Our results indicate that more 

work is necessary in this field but that the basic idea is feasible.  

 

Keywords: 3D Printing, Antenna, Extrusion,  

 

 

1. INTRODUCTION 

We strove to develop a process that utilizes a commercial 3D printer to print functioning 

antennae that operate in the normal frequency range (from .9 to 26 gigahertz.) As the project 

proceeded, we defined a robust, consistent process by which we will print conductive material 

without melting the underlying polymer layers. Our goal is to explore alternative designs in the 

printing process and hopefully succeed in the printing of conductive materials along with 

polymers in the same process. If we complete this process, we will then print a functioning 3D 

antenna. By doing so, we hope to demonstrate the feasibility of printing conductive materials 

with polymers and open the gateway to more applications of 3D printing. Note that this project 

does not include a specific design of the hardware or software as the 3D printer is already 

given and the software is included. This project consists of research into the methodology of 

printing conductive materials. Since this is our goal, we are not focusing on the design of a new 

antenna, but the process to print said antenna. 

From an operational standpoint, the procedure will be as follows. The user will draw a 3D model 

using a program that outputs OBJ and/or STL files. This model is fed into MakerBot software, a 
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slicing software which generates g-code, which is read by the 3D printer and used for printing. 

The product that our process ultimately delivered is just a proof of concept, a way to show that 

our process works. In developing a repeatable process, we hope to make the actual act of 

printing an antenna fully using a 3D printer to be a rather trivial process.  

 

2. System Requirements 

Early on, we decided to mainly focus on the printing process, rather than the antenna design 

itself. In order to stay consistent with the goal, we modified the original requirements and added 

some additional requirements related to the process of 3D printing, as well as our final design. 

For functional requirements, our printed antenna should meet the most basic requirement that it 

should both receive and send data. For the Technology Requirement, one of our main concerns 

stems from the differing properties of the metallic and insulating materials. The metal part of the 

antenna may melt the polymer layer due to the higher melting point of the metal. So we need to 

develop a consistent process for printing conductive materials without melting the polymer layer. 

The lowest conductivity for the conductive material should reach 5% of copper’s conductivity, 

which is 10^6 Siemens/meter. The metal portions of antenna must be twice the resolution of the 

nozzle-head. The decision we made after the initial project definition to focus on the process 

rather than the actual antenna designs because a repeatable process is a much more valuable 

result than delivering a single, one off antenna.  We will take advantage of a 3D printer to 

accomplish this task. We chose metal extrusion as the most feasible process, given the limited 

resources and time available to us. Inherent in extruding metal, there is a possibility that the 

melted solder wire will clog the nozzle head. We don’t want to see that happen at all in the 

printing process. However, clogging problems cannot be prevented even when printing 

polymers, it is an inherent issue with 3D printing. The Utilization requirement is that the total 

budget should be within $3500. The requirement matrix is shown below. 
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Requirements Worksheet: 3D Printed Antennas for Wireless Communication 

9/15/2015 

Number Type  Description 

1 Functional The antenna should both receive and send data 

101 Technology Conductive material printed out must have conductivity of 10^6 

siemens/meter. 

102 Technology The solder must not melt polymer layers 

301 Utilization Total budget should be with in $3500 

Table 1: The final Requirements Matrix 

 

3. Metal Extrusion 

Metal extrusion involves using a dual-nozzle 3D printer to fabricate an ABS plastic base with an 

embedded trench. Solder is then deposited into the trench from the other extrusion nozzle. The 

next layer of the mold is deposited, beginning with the ABS and followed by the solder. The 

antenna and casing are built up layer by layer in this fashion until a final product is completed.  

 

4. Top Level Design 

The final design uses a 0.062” solid core SnPb 63/37 solder wire as the conductive material to 

print the antenna base using the Makerbot. Using HFSS, an antenna design and simulation 

software, the shape and performance of the antenna can be designed and studied. Solidworks 

is then used to build two models, one for polymer and another for the metal antenna trace 

portions. The included Makerbot software, Makerware, cannot read the file output by Solidworks 

directly. Thus the file must be convert to the OBJ file format, and online resource was utilized for 

this step. Once the files are converted and readable by Makerware, we must insert the files and 

align them according to our design specifications to allow for two layer printing. Our Makerbot 

Replicator 2X can be used to print two different materials using its two nozzle heads alternately. 

For the metal extrusion method, we use one nozzle head to print polymer and feed the other 

one solder wire. Using Makerwate to assign the polymer part and the metal part to each nozzle 

head. Makerware allows for custom print settings to be applied to each printhead, allowing for 

more control over the printing process. Careful detail will be taken with regards to the 2nd print 



4 

 

head as the metal extrusion requires wholly different settings than normal ABS filament printing. 

Regarding the hardware, the stepper motor associate with the gantry system can tell the print 

head where to go. In the print head, there are thermal cores that melt the polymer into an 

amorphous state and the metal into a liquid. Once the settings of temperature, feed rate, and 

procedure are correct, the antenna will be printed layer by layer. 

 

Figure 1: An image that shows the two files are combined. The red color is the polymer base and the silver is the 

conductive element of the antenna 

 

5. Results 

After attempting to print several bases, we observed that during the solder extrusing step, the 

melted solder tended to stick to the exterior surface of the nozzle head after being extruded, this 

made the solder hard to print continuously. Non continuous metal means the circuit will act as 

an open loop, this is not acceptable in our design. The standard extrusion nozzles were 

fabricated from brass, which has significant affinity for the solder we have chosen. The materials 

interaction between brass and solder leads to wetting of the extrusion nozzle, which is to say 

that the solder adheres to the nozzle’s surface. This phenomena can lead to problems such as 

clogging and wicking of the solder up the outer surface of the nozzle. Both of these issues 

prevent the consistent deposition of solder from the nozzle. In order to alleviate this problem, we 

choose several metals containing aluminum or chromium to test for more favorable properties. 

These particular metals were of interest because of the tough oxide layer which forms a 

passivation layer on the surface. Due to the ionic nature of bonding, molten solder will be much 
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less likely to adhere to this surface. Another parameter which could inhibit proper extrusion is 

the temperature. The temperature must be high enough to keep the solder in the molten state 

as it leaves the extrusion nozzle. This is to prevent nucleation of the liquid solder before it 

reaches the target surface, as this would lead to clogging and inconsistent solder deposition. 

Because of the clogging problems we encountered and time constraints, we were forced to 

deposit the solder by hand. 

 

The next hurdle we needed to overcome is the lack of interaction between the polymer base 

and the solder. The solder does not want to stick to the polymer, making it very difficult to form a 

continuous antenna trace. To overcome this, we “painted” the antenna trace first with liquid flux, 

this did not yield any favorable results. We next leverage conductive silver ink, we again 

“painted” the antenna trace with the conductive silver ink, this resulted in the solder being much 

more attracted to the antenna trace, even when the ink dried, allowing for the completion of the 

conductive element of our antenna. 

 

Figure 2: An antenna with one of the traces filled and the painted with conductive ink 

Requirement 101 can be evaluated by measuring the conductivity of the material. This can be 
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accomplished by measuring the resistance. We can then convert the resistance to conductivity 

by solving for the following equation 𝑅 =
𝐿𝑒𝑛𝑔𝑡ℎ

𝐶𝑟𝑜𝑠𝑠 𝑆𝑒𝑐𝑡𝑖𝑜𝑛𝑎𝑙 𝐴𝑟𝑒𝑎∗𝐶𝑜𝑛𝑑𝑢𝑐𝑡𝑖𝑣𝑖𝑡𝑦
 or    𝑅 = 𝐿/𝐴𝐶. We 

should note that because we are measuring highly conductive materials, a simple ohmmeter 

measurement would not be effective as the leads of an ohmmeter could greatly skew our 

measurement. An alternative would be to use 4- wire measurement. 

 

 Left Trace Resistance Values  (Ω) Right Trace Resistance Values (Ω) 

Regular Result .11 .06 

4 Sense .053 .01 

 

 Left Trace Conductance Values  (σ) Right Trace Conductance Values (σ) 

Regular Result 4.5*10^5 S/m .83*10^6 S/m 

4 Sense .94*10^5 S/m 5*10^6 S/m 

 

For analysis sake, we kept the standard two wire measurement as a “regular result” and we 

note that, in fact, the testing leads did impact our measurement. One can note that by testing 

our conductive traces with the simple resistance test, our values were skewed sometimes to 

one order of magnitude. Based on our results, we can say that we have achieved our goals for 

conductivity. The right trace far exceeded our limit. The left trace fell a bit short; however 

because we manually filled the trench, we could determine that the lower conductance values 

could be imparted to human error which may have caused solder crystallization thus lowering 

our overall conductance value. Since a machine would be used to deposit solder, we can 

assume that a machine will be more precise and less crystallization will form which should grant 

us a conductive trace with values closer to the Right trace. Because of this, we can warrant that 

our antenna and method of depositing solder would fully satisfy our conductivity requirement. 

 

Requirement 1 was tested using a Vector Network Analyzer. Our primary measurement, which 

we would make using a VNA, would be how much power is reflected from the antenna. This is 

known as parameter S11, also known as return loss. Ideally, this number should be as low as 

possible meaning that most of the power should radiate out from the antenna. 
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Figure 3: Actual S11 Results 

 

Figure 4: Simulated S11 using HFSS 

One can note there are differences between our simulated and actual results. However, we did 

surpass our -10dB requirement which does mean that we are optimistic about using solder 

extrusion as a technique. How do we account for the differences then? In our actual results, our 

antenna had the best performance at around 504 MHz. In our simulation, it was about 525 MHz. 
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We also note that our actual antenna had a better performance than our simulation. This may be 

because of the conductive values. In the simulation, it probably had an average value of 10^6 

Siemens/meter and used that for analysis. Our antenna had up to five times that value for one 

of our traces which probably enhanced the performance. Even though it seems our frequency 

values are not matched, we should note that we are only off by 4% in frequency which should 

be accounted for given that the plastic base may not have been modeled completely in the 

simulation software. 

 

Requirement 102 will be evaluated using SEM with EDS, to confirm that the polymer has not 

been destroyed by the application of molten solder. The specimen will be cross sectioned and 

sputtered with a platinum coating to prevent charging effects from obscuring the image. A 

perfectly segregated boundary with no mixing would be the ideal result. The goal of performing 

this analysis is to provide as much information as possible regarding the microdynamics of the 

solder deposition process. 

 
Figure 5: SE image or cross-section at 15x 
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Figure 6:EDS elemental analysis showing separation between various materials 

In order to perform SEM testing, the sample was first cross sectioned with a diamond blade 

and mounted on a chuck. The uncoated sample was difficult to image and had significant 

charging effects. The sample was sputter coated with platinum in order to avoid the buildup 

of static charge on the polymer sample. A piece of carbon tape was affixed to the sample to 

provide a conductive path to ground. The SEM showed striations on the solder trace. These 

were produced as an effect of the diamond blade. Small black pits are also noticeable along 

the cross-section of the solder trace. Elemental analysis showed that these were not 

impurities in the solder but were instead either small voids intrinsic to the solder trace or pits 

introduced by the cross-sectioning process.  Clearly visible in the false color EDS image is 

the plastic base. This section maintained a clear rectangular groove. The oxygen content is 

highlighted in yellow, and due to the high levels of oxygen in the polymer, clearly indicates 

where the plastic is located in the sample. The bright green section indicates tin content and 

clearly shows the solder filament. The multicolored region between the solder and the plastic 

is the conductive silver ink and flux. The phase separation within the deposited ink was 

noticeable due to the concentration of silver (colored in purple) near the solder-ink interface. 

Below the silver ink is the flux layer.  The image shows that none of these layers showed 

significant mixing which meets our 102 requirement. The flux and conductive ink may have 

had a protective effect in shielding the plastic from the solder. This may have helped to 

prevent mixing between the solder and plastic layers. 

 

6. Conclusions 
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Our testing results showed that the process passes all requirements which have been 

evaluated. The antenna performed above benchmarks in the S11 parameter. The 

requirement was a 10 dB loss and our antenna exceeded 30 dB of loss. This is an important 

result which shows that the antenna would be able to receive signals. The conductance test 

showed that we were able to print a solder trace which meets the conductance requirement 

of 10^6 Siemens. There was an inconsistency in the conductance between the left and right 

solder traces. This inconsistency can be attributed to the fact that the solder was deposited 

manually instead of by automation. Due to this fact, the solder had a large variation in the 

width of the solder traces. With the added ability to print solder we believe that we could 

achieve a much more uniform and consistent antenna. 

 

Finally, we believe machining an extrusion nozzle using a carefully selected metal is the 

only barrier to being able to fully 3D print a functional antenna. In doing so, the main hurdle, 

nozzle clogging/wetting will be overcome, allowing for further innovation using 3D printers. 
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Abstract

In this paper, we present our research on using computer-vision analysis for vehicular safety applications. Our
research has potential applications for both autonomous vehicles and connected vehicles. In particular, for connected
vehicles, we propose three image analysis algorithms that enhance the quality of a vehicle’s on-board video before
inter-vehicular information exchange takes place. For autonomous vehicles, we are investigating a visual analysis
scheme for collision avoidance during back up and an algorithm for automated 3D map building. These algorithms are
relevant to the telemetering domain as they involve determining the relative pose between a vehicle and other vehicles
on the road, or between a vehicle and its 3D driving environment, or between a vehicle and obstacles surrounding the
vehicle.

Keywords: photo,video, vision, safety, autonomous, connected, vehicle

1 Introduction
Advances in video technology have enabled its wide adoption in the auto industry. Today, many vehicles are equipped
with backup, front-looking, and side-looking cameras that allow the driver to easily monitor the traffic around the
vehicle for enhanced safety.

Many vehicular technologies, particularly those for safety and guidance, can roughly be classified into autonomous
(autonomous vehicles) [13, 12, 11, 18] and collaborative (connected vehicles) [16, 9] schemes. In an autonomous
scheme, a vehicle relies mostly on its own on-board sensor to produce environmental data for navigation and collision
avoidance. Significant strides have been made in autonomous navigation, e.g., Google’s Self Driving Car [11] and
similar projects from major auto manufacturers like BWM [12], Audi [2] and Benz [18]. Popular safety features
including lane detection and departure warning, 360o surround panoramic display, backover warning, and adaptive
cruise control, to name a few [1, 14, 7, 8, 15, 25, 23, 22, 17, 21, 10, 24].

More recently, WAVE (wireless access in vehicular environments)/DSRC (dedicated short-range communications) [19]
has become an attractive technology for vehicular safety applications. Vehicles with WAVE/DSRC devices can com-
municate with their neighboring vehicles to exchange information to achieve collaborative safety. For example, if
a front vehicle applies brake suddenly, a warning signal can cascade into the vehicles that follow. Such vehicle-to-
vehicle (V-2-V) communication is currently being tested for warning like collision, ice on the road, reduced visibility
due to fog, etc., on the road ahead [18, 12].

Our own research in this exciting application area has been on both autonomous and collaborative schemes for ve-
hicular safety and navigation applications. In collaborative schemes, we have developed three different algorithms
to enhance a vehicle’s on-board video before inter-vehicular information exchange. In autonomous schemes, we are
investigating automated generation of back-over warning and 3D envoromental maping. The goal of these research is
to develop intelligent image analysis algorithms that are robust and efficient for implementing on a vehicle’s on-board
processors to achieve both stand-alone and collaborative safety monitoring and situation awareness.

While Google’s Self-Driving Car [1] has many sensors to enable safety monitoring and 3D map building (e.g., GPS,
gyroscope, shaft encoder, and 3D LiDAR), these sensors are often expensive and bulky; requiring complex circuity to
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link together and on-board computing and recording devices to function. In particular, 3D data come from 3D laser
radar [2] that can be many times more expensive than the host vehicle itself. In contrast, our analysis algorithms [5, 6]
and 3D map building pipeline [28] have relied on a single video camera, but no other sensor to function. That is, we
address the most difficult and data-deprived scenario for vehicular safety and navigation applications. Furthermore,
these algorithms are relevant to the telemetering domain as they involve determining the relative pose (orientation and
distance) between a vehicle and other vehicles on the road, or between a vehicle and its 3D driving environment, or
between a vehicle and obstacles surrounding the vehicle.

The remainder of the paper will give brief introduction to these collaborative (Sec. 2) and autonomous (Sec. 3) safety
and navigation algorithms, followed by a concluding remark pointing out possible future research directions.

2 Collaborative schemes
We envision that in the future, vehicles will be able to exchange a reasonable amount of information instantaneously. In
particular, images and video captured by an on-board camera can be relayed to drivers of nearby vehicles to enhance
situation awareness and provide road hazard warning. Before such information exchange commences, it is often
desirable to clean up blockage and imperfection seen in such videos. These blockages may include vehicles on the
road in front of the host vehicle that block the view of the host drive, activated wipers visible through the wind shield,
and motion jitters caused by driving on rough roads. We propose three algorithms that allow such image imperfection
to be compensated for, which are discussed below.

2.1 Translucentization of Road Obstacles
We propose a new vehicle blind spot elimination system which utilizes the on-board videos captured from multiple
vehicles to make vehicles on the road translucent [5]. The particular scenario involves two vehicles, one following
the other. As a result, the view of the back vehicle is often partially blocked by the front vehicle. If both vehicles
are equipped with a front-looking camera and a V-2-V communication device which allows the exchange of the video
streams, it is then possible to replace the image of the front vehicle in the video stream of the back vehicle by what the
front vehicle sees, and thus eliminate the blind spot created by the front vehicle in the back cameras video stream.

This data analysis and fusion paradigm is best understood by examples, and four are shown in Fig. 1 (one per row).
The left column of Fig. 1 shows what the front vehicle sees, and the middle column shows what the back vehicle sees.
Depending on the separation between the front and back vehicles, the view of the back vehicle is partially blocked by
the front vehicle. In some cases, the blockage can severely limit the ability of the driver of the back vehicle to interpret
the road condition ahead. On the right column, we show that by using our sensor data fusion algorithm, it is possible
to make the front vehicle “translucent” in the back video frame, and hence, provide a much better visual feedback to
the driver of the back vehicle of the road ahead.

The proposed algorithm uses image analysis to achieve sensor data registration and fusion, and does not rely on any
other external sensors such as GPS and gyroscope. Furthermore, the visualization shown in the right column of Fig. 1
is from the point of view of the host driver, not simply displaying the videos of the front, blocking vehicle to the host
driver.

The gist of the algorithm is to use image analysis methods to infer the relative pose between the two cameras, identify
the image location of the front vehicle in the back image frame, and blend the front image content into the back image
around the front vehicle location. The process makes use of feature correspondences extracted and identified in these
images—that is, objects seen by both cameras. Such feature correspondences enable the following computations: (1)
sensor registration: ascertain the relative pose (rotation and translation) of the two cameras, (2) vehicle localization:
determine the locations of the epipoles, or the projected location of the (front, back) camera’s optical center in the
image plane of the (back, front) camera, and (3) data fusion: compute both a mapping equation and the size of the
mapping region where pixel values of the front image are blended into the corresponding pixels in the back image.
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Figure 1: Left: image seen by the front camera, center: image seen by the back camera, and right: the back image
with blended-in content from the front image.

2.2 Removal of Wipers

As illustrated above, in V-2-V communication, a vehicle’s onboard video can be processed automatically, say, to
remove undesirable motion blur and pixel blockage before re-transmission to others for heightened situation awareness
and driver assistance. Here, we report yet another video refinement scheme in detecting and localizing wiper pixels
and replacing them with the corresponding unblocked pixels from an adjacent non-wiper frame in the onboard video
to improve the visual feedback to the drivers. We address two problems here: that of wiper detection and localization
and, once the presence of a wiper is identified, to mask off the wiper pixels with suitable unblocked, non-wiper pixels
from an adjacent video frame for enhanced viewing.

This process is best illustrated by an example. As shown in Fig. 2, during the raining days, many video frames may
have the wiper presence that blocks out the road and vehicles on the road (Fig. 2 left column). If we can detect
and localize the wiper pixels in such a wiper frame (Fig. 2 middle column) and find a suitable adjacent video frame
without the wiper presence, we can then replace those wiper pixels in the wiper frame with the corresponding pixels
in the adjacent non-wiper frame (Fig 2 right column) to enhance the viewing feedback to other drivers through V-2-V
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Figure 2: (left) a video frame with the wiper presence, (middle) the wiper frame with the wiper detected and localized
automatically by our computer program (wiper pixels are marked in red), and (right) wiper pixels in the wiper frame
are replaced by the corresponding pixels in the adjacent non-wiper frame to provide better viewing of the surrounding.

communication.

Note that while in-painted regions in a wiper frame may not faithfully depict objects on the road at that particular
time instance — as the in-painted pixels are extrapolated from an adjacent, non-wiper frame — the improved visual
feedback to the driver is useful as wiper blockage can be significant as shown in Fig.2. Furthermore, as was shown
in [6] , a wiper frame and the adjacent non-wiper frame used for masking the wiper pixels are separated by tens of
milliseconds at most. Hence, the changes of road conditions are often negligible in such cases. We believe that such a
wiper-masking system can be of great assistance to the driver in improving visualization and situation awareness.

2.3 Jitters Compensation

Motion jitters in a vehicle’s on-board video is often unavoidable due to rough road condition. Our design of a jitter-
compensation algorithm comprises two major components: a pair-wise jitter-compensation method that operates two
frames (not necessarily consecutive) at a time, and a top-level driver routine that processes a whole video sequence,
calling the pair-wise algorithm along the way. We describe these two processes in more details below.

For the pair-wise jitter-compensation algorithm, we model the corresponding pixel movements in between the back
and front image frames as comprising two terms: (1) a zoom — induced by a 3D z movement - around the optical
center, and (2) jitter — induced by 3D x and y movements. The algorithm then tries to ascertain the parameters in this
simple T+S model and removes the unwanted jitter component.

Let’s denote the earlier frame the back frame and the later frame the front frame as the vehicle will have moved forward
in time. The goal is to shift the front image in the x − y plane to align with the back image, and optionally fill in the
void in the front image — due to jitter compensation — with appropriate pixels from the back image. The processing
flow is briefly summarized as: 1) Detect features in both the front and back image frames, 2) Match the detected
features by descriptor similarity, 3) Filter out erroneous feature pairs by imposing the epipolar constraint, and 4) Use
the cleaned feature correspondences to compute the amount of zoom and jitter in between the front and back images.

Finally, jitter compensation is a four-step process executed in the following order: a) Map the back image to temporary
output (1), b) Map the front image to temporary output (2), c) Properly merge the two temporary output images, and
d) Blend over the border region in between the temporary output (1) and (2).
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Figure 3: Left: images without jitters compensation and right: images with jitters compensation. The results are shown
from top to bottom in two columns.

in Fig. 3 a number of frames of a driving sequence where large jitter and vibration was observed. Each pair of images
(left and right in two columns) in the figure shows the original image on the left and jitter-compensated image on the
right. The red box marks the position of the vehicles on the road as observed in the first frame. As the time progressed,
the position of the road vehicles experienced very large x − y shift as shown on the left while the jitter-compensated
vehicle positions were quite stable as shown on the right. The amount of black swaths around the image periphery
gave a good indication as to the size of the jitter.

3 Autonomous Schemes
Autonomous schemes, as the name suggests, rely on the on-board sensor data to make navigation and safety decisions.
A vehicle can perform such processing without the help rendered by neighboring vehicles. We look at two specific
problems here: 3D map building and backover warning.

3.1 3D Environmental Map Building

The particular application of 3D environmental map building deserves some discussion. While Google’s Self-Driving
Car [1] has many sensors to enable building such a 3D environmental map (e.g., GPS, gyroscope, shaft encoder, and
3D LiDAR), these sensors are often expensive and bulky; requiring complex circuity to link together and on-board
computing and recording devices to function. In particular, 3D data come from 3D laser radar [2] that can be many
times more expensive than the host vehicle itself. In contrast, our 3D map building pipeline [22] has relied on a
single, front-looking video camera, but no other sensor to function. That is, we address the most difficult and data-
deprived scenario. Furthermore, we have developed a new tracker design that makes video-based 3D environmental
map building much more efficient.

Our 3D modeling pipeline is called PhotoModel3D. PhotoModel3D [26, 27, 28] employs a photo- and video-based
analysis paradigm known as structure from motion (SfM) [3,21]. The principles are to exploit the motion parallax
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effect exhibited in multiple images taken by a moving camera to infer the 3D scene structures and the camera poses.
PhotoModel3D (1) works with both discrete images and continuous videos taken by any consumer-market digital
camera, camcorder, or phone, (2) uses no special equipment (e.g., lens and tripod), active projection, artificial lighting,
prior camera calibration, and man-made registration markers, (3) functions both indoor and outdoor and over long
range, unlike many commercial RGBD sensors that are mostly for indoor, short-range applications, (4) requires no user
training (just point and shoot), (5) is fully automated and end-to-end (from photographs to fully colored and textured
3D models) without manual intervention or data-specific parameter tuning, (6) is a software-based solution that runs
on commodity Linux and Windows servers without the need of special hardware (GPU, DSP, etc.) acceleration.

A video-based 3D pipeline like PhotoModel3D often involves detecting and matching features across the video frames.
These detection and correspondence processes must be carried out with care as they form the basis of all ensuing
analysis. Our experience has been that the feature analysis process can take anywhere from 15% to 40% of the total
processing time in SfM. Exploiting a fast feature tracker can be advantageous in reducing the computational power on
a mobile device and allowing appropriate client-server partition of the 3D mapping pipeline.

To this end, we have performed research on evaluating many existing object tracking techniques, and proposing a
new tracker design and its application for 3D environmental mapping in vehicular technology applications [4]. The
contribution of our research is 4-fold: (1) We evaluate a large collection of state-of-the-art trackers using multiple
criteria relevant to vehicular technology applications, (2) we show how to derive useful evaluation metrics from public-
domain, real-world driving videos that do not come with ground-truth information on pixel tracking, (3) we propose a
new tracker that is geared specifically for vehicular technology application and show that it achieves tracking accuracy
that outperforms SIFT and is on-par with state-of-the-art optical-flow tracking algorithm, which has the best accuracy
in our evaluation. Furthermore, we show that our tracker is 600 times more efficient than optical flow and 7 times
more efficient than SIFT, and (4) we validated our new tracker design for 3D environmental map building application
and showed that the new tracker can obtain comparable results as SIFT but with a significant saving in runtime.

Our new feature tracker is called ZBRIEF. It combined the FAST corner detector [20] with the BRIEF descriptor [3]
for feature tracking. We further extended the BRIEF descriptor with a zoom factor to better describe the zoom image
flow, which is prevalent in driving applications [4]. We have conducted experiments to replace SIFT and SURF with
ZBRIEF in our 3D pipeline, while keeping all other components the same, and then compare the resulting 3D models.
Two such examples are shown in Fig. 4. The left column shows a sample image in the video sequence of length 35
(top) and 45 (bottom), respectively. The middle column shows the 3D models based on SIFT feature analysis while
the right column the corresponding 3D models using ZBRIEF analysis. Note that these models differ only in the 2D
feature used; all other processing components, parameter settings, and input photos are exactly the same. The ZBRIEF
models are qualitatively similar to the SIFT models but were generated about 30% faster.

3.2 Obstacle Detection during Back up

Collision detection while backing up is a much more challenging problem than that on highways. Driving on a
highway, one expects to encounter certain classes of objects, such as trucks, cars, and motorcycles mostly. Potential
collision implies observing the front (back collision) or back (front collision) of a vehicle at a close range. Wheels,
headlights, and license plates have a semi-regular placement and similar appearance that enables a machine-learning
algorithm to discern the telltale signs of a vehicle in close proximity to sound the collision alarm. However, obstacles
that one can back into vary greatly (fence, bush, tree, light post, traffic sign, garbage can, mailbox, water pound,
people, dog, cat, toy, furniture, grocery cart, bike, motorcycle, other vehicle, just to name a few). It is hard to imagine
that an exhaustive list of obstacles can be defined and their appearance learned a priori for collision avoidance during
backup. Hence, if it is possible to design a backup collision detection system without prior learning is important.

As is well known, time-to-contact can be estimated by a simple ratio expression TTC = −Z/V , where Z is the
distance to the obstacle and V is the vehicle’s speed. A collision warning is issued when TTC is lower than a certain
threshold — typically 2 seconds. If certain length quantities, e.g., the width of a vehicle, can be tracked over time, it

6



.

Figure 4: Left: a sample image in the video sequence, middle: 3D models using SIFT features and right: the corre-
sponding models using ZBRIEF features.

is possible to relate the rate of change of such a length measure to the TTC. This is because the perceived dimension
(w) is proportional to the true dimension (W ) by w = fW/Z, where f is the focal length and Z is the distance
to the camera. Hence, the ratio of the perceived lengths at two time instants t and t′ = t + ∆t are related by
S = w′/w = (fW/Z ′)/(fW/Z) = Z/Z ′. Furthermore, Z ′ = Z + V∆t where V is the speed of the vehicle. Hence,
we have

S =
Z ′ − V∆t

Z ′
=
Z ′/V − ∆t

Z ′/V
=
TTC − ∆t

TTC
(1)

Or
TTC =

∆t

1 − S
(2)

However as noted before, there are myriads of potential obstacles during backing up, and hence, no well defined
telltale signs—such as a vehicle’s width and contact point with the road—are to be tracked always. In fact, in a static
scene, distant obstacles and pavement can all approach the vehicle as it backs up. TTC can be calculated based on the
temporal ratio of the distance between, say, a pair of tracked points on these objects. Hence, there must be a way to tell
pavement apart from true obstacles with a similar TTC signature to avoid generating many falsely positive warnings.
Absent a general segmentation scheme, a reasonable assumption is that pavement is flat while obstacles most likely
are not. This assumption is violated if one is to back into an upright wall, which is also a flat structure. That is,
planar structures of different orientations and heights have to register differently with the back-over warning system.
Collision warning should not be issued when tracked points are identified to be on a horizontal planar structure at the
height of the ground plane (i.e., the pavement).

Hence, the ability to identify the ground plane is important. Anything that is above the ground plane, even of a
planar structure, should signal the presence of an obstacle. One way to identify a planar structure is to observe that
tracked points on a planar structure obey the homography constraint, or p′ = Hp, where p and p′ are tracked 2D
feature points at time t and t′ of a planar 3D structure. Essentially, homography represents a 3D cue without explicit
3D scene reconstruction, as an explicit 3D analysis using a small number of video frames can be quite challenging.
However, as stated earlier, tracked points on an upright wall will also satisfy the homography constraint. It therefore
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(a) (b)

Figure 5: Homography relations for the ground plane.

important to distinguish homography induced by planar structures of different height and orientation and only accepts
the homography relation for a horizontal plane at the ground level to be pavement.

In more detail, consider the diagram shown in Fig. 5(a), which depicts a vehicle with a backup camera. We assume
that the height (H) and the pitch angle (θ, measured downward from the horizontal plane at height H) of the camera
are known. We further assume that the camera’s roll and yaw angles are zero, as the backup camera should be mounted
upright and has no left or right preference in the viewing direction.

We consider two coordinate systems here: one associated with the world (O-X-Y-Z) and the other with the camera
(o-x-y-z). Without loss of generality, we assume that, at time t, the world system is centered below the focal point of
the camera on the ground, with the X axis aligned with the width of the vehicle, the Y axis aligned with the length of
the vehicle, and the Z axis pointing straight up. The origin of the camera’s coordinate frame is at a height of H above
that of the world system, the x axis points to the right, the y axis points at the pitch angle θ relative to the world’s Z
axis , and the z axis points toward the vehicle, as shown in Fig. 5(a).

At time t′ = t+ ∆t, the vehicle backs up to a new location. The motion is described by a linear velocity V along Y of
and an angular velocity Ω about Z as shown in Fig. 5(b). The same 3D point P is imaged at p at time t and p’ at time
t′. We would like to derive the special homography matrix for the set of ground-plane points P where Pz = 0. For
such ground-plane point P, we define P̂ = [Px, Py, 1]T (because Pz = 0, we can drop that component). Homography
relation implies

K−1p = HP̂

K−1p
′

= H′P̂
(3)

where K represents the intrinsic camera matrix, Or we have

p′ = KH′H−1K−1p (4)

which is a homography mapping using matrix KH′H−1K−1. Certainly, points on any 3D planar structure should
satisfy such a relation, but with a different homography matrix. The goal is then to ascertain what the particular matrix
for the ground plane is. Omitting the detailed derivation, it can be shown that the projection operation for points on a
plane at height PZ at time t is represented as

p = K

 1 0 0
0 sinθ (PZ −H)cosθ
0 −cosθ (PZ −H)sinθ

 PX

PY

1

 = KH[PX , PY , 1]T (5)
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Figure 6: Homography relations for the ground plane. Left: detected features and motion vectors. Right: ground plane
features in green and others in red.

and Eq. 6 represents the homography relation between a plane at height PZ and its image projection at time t′

p′ = K

 1 0 0
0 sinθ cosθ
0 −cosθ sinθ

 cosΩ∆t sinΩ∆t 0
−sinΩ∆t cosΩ∆t 0

0 0 1

 1 0 V∆tsin(Ω∆t)
0 1 −V∆tcos(Ω∆t)
0 0 PZ −H

 PX

PY

1


= KH′[PX , PY , 1]T

(6)

Combining Eqs. 5 and 6, we have all the elements in Eq. 4. In Fig. 6, we show some sample results (one per row).
On the left the movement of tracked features (using our ZBRIEF detector) are overlayed on one of the image frames.
The detected movements are then compared with those predicted by the homography model in Eq. 6. The deviation
of the computed movement and the movement predicted by Eq. 6 is then thresholded to classify a feature as either on
the ground (green) or not on the ground (red). As can be seen, vehicles (both stationary and moving) on the road were
correctly identified as not on the ground plane with the host vehicle executing both straight-line (top two) and turning
(bottom one) motion in Fig. 6. However, this simple model does suffer from some deficiency: (1) For objects in the
far field, the feature movements will be very small (close to zero). Homography prediction could be inconclusive, and
(2) other syntactic information, such as color and texture pattern, can provide powerful cues to the identity of a pixel.
Hence, some sensor data integration scheme should be used to improve the robustness of the classification mechanism.

4 Concluding Remarks
In this paper, we presented our research on vehicular navigation and safety applications. A common trait of these
research is their reliance on a single on-board video camera but no other sensors, which makes the schemes viable
with a low hardware cost. Another common trait is that they require telemetering processing to determine the relative
pose and motion of the vehicle with respect to other vehicles on the road, environments and obstacles.
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ABSTRACT 

 

Motion estimation is a problem that is encountered in a diverse range of technical fields. This 

paper demonstrates the development of a solution to the motion estimation problem in the 

context of imaging systems. First the general case of motion estimation is outlined followed by 

the special case of micro-periodic motion. The design of an FMCW microwave imaging system 

optimized for micro-periodic motion is then presented along with experiments and results that 

support the theory. 

 

 

INTRODUCTION 

 

One of the most interesting and challenging topics associated with sensing and imaging systems 

is the capability and accuracy of the estimation of motion and displacement. This subject 

becomes very  important for the acoustical and microwave operating modalities in practical 

applications. 

 

Two approaches for motion estimation are described in this paper. One is the parameter-based 

model, where the motion parameters between two adjacent image frames are formulated in the 

form of an orthonormal rotation matrix and a translation vector. The second approach is designed 

for real time detection, tracking, and direct visualization. This second approach involves the 

design and development of signal processing techniques for the detection and imaging of micro-

oscillatory movements, which is the sensing and tracking of breathing during the search-and-

rescue operations. 

 

In this paper, the presentation includes mathematical formulation, system development, and field 

experiments of a microwave imaging system to demonstrate the high-precision estimation 

capability for micro-oscillatory movement. 
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BACKGROUND 

 

Coherent imaging systems operating in either the microwave or acoustic modality are a widely 

used technology with applications ranging from the military, civil engineering, and geology 

along with many others. Certain applications require the system to image and track a target of 

interest that can be mobile or stationary. In the mobile case, a motion estimation procedure is 

required that tracks the imaged target over time. 

 

If motion tracking is a required function, the imaging system will form a sequence of time-

indexed images of the target and its environment, and the motion of the target will produce 

changes in the image data over time. Formation of a single image requires data collection about 

the scene usually through the emission and recording of a probing signal. This involves sampling 

reflected signals in both space and time with some form of an aperture. The sampled wavefield 

data is used to estimate a range profile of the scene which provides information on the relative 

location and return strength of the target. Lastly, the range profile information is then processed 

to produce the image. The formed images will be processed further to estimate the target’s 

motion.  

 

By modeling the target as a rigid body a parameter based approach can be utilized. If the imaging 

system has sufficient resolving capability this approach is applicable. In some cases, however, 

the resolution is fundamentally limited by the system’s transmit bandwidth and the displacement 

of a target may be small enough to be within the resolving limits. If these small movements, or 

micro-movements, are oscillatory then they may produce a unique data signature that can be 

leveraged in the image formation process to detect and identify targets moving in this manner. 

 

 

PARAMETER BASED MOTION ESTIMATION 

 

The general method for tracking a rigid body in space involves modeling its motion as a 

sequence of translational and rotational shifts. This framework can be adapted to tracking a set of 

points that comprise the target of interest in the image. This designated set of points consists of 

either two or three dimensional points. Considering the case of a mobile target, the sequence of 

images produced each include their own set of points belonging to the moving target. The set of 

points can be time indexed according to the data acquisition time of their respective images. 

 

The time indexed sets can be represented using matrix notation, and subsequently the translation 

and rotational shifts can be modeled with matrix operations. Let {qi} and {qi’} be the set of points 

extracted from two images sequentially formed one after another. A correspondence algorithm is 

required to match the corresponding points between these two images. Past work on this topic 

has explored this problem in great depth, and the presentation of this material can be lengthy on 

its own. Therefore, it will be assumed that the two sets have already been matched accordingly. 

 

It has been shown that the shift matrices modeling the target motion can be solved using a 

sequence of linear algebra operations and is repeated here for completeness. The rotational and 

translational shift matrices are represented as R and T respectively. Every ith point in the set, can 

be expressed as 
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    qi’ = R qi + T + ni (1) 

 

where ni represents any measurement errors present. The motion estimate of the target can now 

be found by solving for the matrices R and T at each time instance. 

 

The first step in solving Equation (1) is centering the two sets of points qi’ and qi around the 

origin. The new set of points {pi} can be found to be {pi’} 

 

    

 
 
 =  

 
   

 

 
   

 

 

 = 

  
 

(2) 

 

    

 
  
 =  

 
    

 

 
  

 
 

 

 = 

  
 

(3) 

 

These two sets can be rewritten in matrix form as 

 

    P = [ p1, p2, …  N ] (4) 

 

    P’ = [  1’,  2’, …  N’ ]  (5) 

 

The matrices P and P’ are related to each other through the rotational transform 

 

    P’ = R P + n (6) 

 

where the noise vectos ni have also been rewritten in matrix form as  

 

    n = [ n1, n2, … nN ] (7) 

 

The rotation matrix R expressed in Equation (6) is now expressed in familiar form that has a 

well-known solution by the Method of Least Squares. By taking the singular value 

decomposition of the product of P’ P
T
  

 

    P’ P
T
 = A Ʌ B  (8) 

 

The matrices P and P’ are both known quantities which can be used to determine the implicit 

relationship in Equation (8). The least squares solution would be in the form of 

 
    R = A B

T
 (9) 

 

The shift vector can now easily be expressed as  
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(10) 

Equations (9) and (10) provide the motion parameters of the target between two sequential 

images. By continuously updating the two parameters over the entire data collection period an 

overall trajectory of the target can be produced. This type of tracking can provide useful 

information to the end user of the system, or possibly be re-used for other procedures such as 

target recognition or adaptively steered radar systems.  

 

 

ESTIMATION OF MICRO-OSCILLATORY MOVEMENT 

 

The previously described algorithm depends on changes in the locations of key points across the 

time-indexed sequence of images. For targets whose movements are within a resolution unit of 

the imaging system, this method will not be successful in motion tracking or even motion 

detection.  

 

A typical person that is stationary normally will not move any distance greater than the 

resolution unit of most microwave imaging systems. Detection and tracking of breathing has 

been an area of interest recently in both the academic and industry communities. People have 

relatively low radar-cross sections compared to classical radar targets, and that makes them 

difficult to detect using conventional a microwave imaging system. The periodic nature of 

breathing can produce a distinct signature in reflected electromagnetic signals, however, that can 

be utilized to identify breathing targets. By analyzing the changes in microwave images over 

time, this periodic signature can be identified and used in image formation. 

 

A variety of change detection algorithms for sequences of images in video data have been 

developed in prior work. The simplest change detection method is to apply a first order 

difference Equation to successive image frames.  

 

      n(x, y, z) = sn (x, y, z) – sn-1 (x, y, z) (11) 

 

where sn (x, y, z) is the image frame at time n and sn-1 (x, y, z) is the image one frame earlier at 

time n-1. Any peaks in the new image   n(x, y, z) would indicate a change between the two 

frames. A higher order difference equation on the image frames can also be expressed as 

 

      n(x, y, z) = sn (x, y, z) – 2 sn-1 (x, y, z) + sn-2 (x, y, z) (12) 

 

Although these types of systems can be directly applied to microwave images, the image 

formation process introduces several errors onto the data from phase incoherencies, position 

misalignments, and other degenerative sources. Because the image formation procedure is linear, 

a linear change detection system and image formation procedure is interchangeable. The 

difference Equations  (11) and (12) can directly be applied directly to collect wavefield data to 

yield the relationship 

 

     n(x, y, z) = gn (x, y, z) – gn-1 (x, y, z) (13) 
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 n(x, y, z) = gn (x, y, z) – 2 gn-1 (x, y, z) + gn-2 (x, y, z)  

 

(14) 

 

again where gk (x, y, z) is the collected wavefield data sampled at a point in space (x,y,z) and at 

time n. 

 

The estimated range profile from the collected data can also undergo the same change detection 

procedure which would result in a new range profile 

 

    
  n(r) = 

2

1
(pn (r) – pn-1 (r)) 

 

(15) 

 

where pn (r) is the range profile at some range distance r collected at time n. 

 

This idea of applying a change detection procedure to multiple range profiles over the collection 

time n was expanded to model periodic motion of a target. Defining the change in range distance 

of a target at time n as 

 

    Δrn = Δr s n(nΩ0) (16) 

 

and defining Ω0 as the frequency of oscillation of the target. 

 

The range profile at time n+1 recorded from a target moving in this manner would be equal to a 

range shifted version of its previously collected range profile 

 

    pn+1(r) = pn(r – Δrn) (17) (17) 

 

In the Fourier Domain this relationship can be expressed as: 

 

    Pn+1(f) = Pn(f) exp(-j2πfΔrn) (18) 

 

Assuming the only changing component in the range profile is the oscillating target, we can 

rewrite Equation (18) as 

 

    Pn(f) = P(f) exp(-j2πfΔrn) 

                     = P(f) exp(-j2πfΔr s n(nΩ0)) 

                     ≈ P(f) [   – j2πf Δr s n(nΩ0)] 

 

(19) 

 

where the first order expansion has been used to approximate  exp(-j2πfΔrn) ≈   – j2πfΔrn  given 

that the overall displacement Δrn is small.  

 

Equation (19) can then also be rewritten as 
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     P(f, n) = Pn(f)       fffffff 

              =  P(f) [1 – πf Δr exp(jnΩ0) + πf Δr exp(-jnΩ0)] 

 

(20) 

 

Now taking the Discrete Fourier Transform (DFT) of P(f,n)  across the collection index n yields 

for each frequency f the following distribution is produced 

 

    P(f, k) =  P(f) δ(k) – πfΔr P(f) δ(k -  Ω0/2π ) + πfΔr P(f) δ(k +  Ω0/2π ) (21) 

 

where k is the DFT index with respect to the collection time n.  

 

The final frequency of oscillation of the target produces a peak in this distribution and occurs at 

the DFT index 

 

    k =  ±  Ω0/2π (22) 

 

The frequency of oscillation can be converted to Hz by scaling it according to the frequency of 

data collection Fs . 

 

    f0 = Ω0 ∙ Fs (23) 

 

This information identifies which range spectrum P(f) in the distribution of Equation (23) is 

resultant from targets exhibiting periodic motion. By partitioning P(f,k) according to the 

identified oscillation index of interest, a new range profile can be computed and standard 

imaging techniques can be applied to form a image of ideally only the identified oscillating 

targets. 

 

 

EXPERIMENTS AND RESULTS 

 

To determine the accuracy of the method proposed in the previous section, specially designed 

experiments were conducted with people and various other targets present. A stand-off radar 

imaging system was utilized as the data acquisition system to collect complex wavefield data as 

similar to the unit shown in Figure 1. The final hardware system included a smaller antenna array 

for portability. The hardware comprised of an 8-port AKELA vector signal generator and 

measurement unit (AVSMU) , 8 ultra-wide band Vivaldi antennas, and a PC programming 

interface to control the radar and collect data. All signal processing and image formation was 

computed in the MATLAB programming environment, which produced the graphical figures 

presented here as well. 

 

The experiments were conducted outside a test facility in a vacant parking lot to limit the clutter 

exposed to the radar. The radar was pointed at a scene that consisted of a human target standing, 

a stationary corner reflector, and the back wall of the parking lot as the only visible targets. 

Given its high RCS and stable imaging properties, the corner reflector was used as a reference 

point to compare the person against. The person stood in a non-moving position and breathed at 

a normal rate. A total of around two minutes of data was collected at different perspectives and 

target angles.  
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Figure 1: Original Hardware System  

 

The 8 antennas were placed in a linear array with 0.17 m spacing which produced a total array 

length of 1.19 m. The multi-static transceiver collected data on each bi-static pair of antennas 

which produced 56 total tracks of data to form a single data frame to be used in image formation.  

 

The radar system transmitted a stepped-FMCW probing signal with a frequency hop rate of 

45000 frequency points per second. The stepped-FMCW signal is a sequence of coherent CW 

signals with frequencies 

    

    f = f0 + k Δf           where k = 0,  , 2, …  -1  (24) 

 

where fk is the kth transmitted frequency in the original FMCW sequence and Δf  is the frequency 

step between successive CW signals. The transmitted signal used emitted a frequency band 

starting from 1 GHz to 4 GHz with 1301 frequency points. 

 

The frequency data P(fk) collected through an FMCW system has been shown to form a Fourier 

Transform pair with the range profile estimate of a target 

 

    P(fk) = DFT{ pn (r)} (25) 

 

The range resolution of the system can be shown to be inversely proportional to the frequency 

bandwidth B and the speed of propagation    as 

 

       
  

  
  (26) 
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The frequency data collected during the experiments was then processed according to the 

periodic detection and partitioned according to the method described earlier. This yielded new 

range profile data for each track of data collected by the radar that was utilized in image 

formation. A two dimensional scene of interest was reconstructed based on where the targets 

position would be relative to the radar’s antenna locations. Coherent backward projection was 

used to form the final image by mapping the range profiles values to their corresponding range 

bin of interest in the reconstructed scene.  

 

As expressed in Equation (26) the raw frequency data collected with the radar can be used in the 

oscillation estimation procedure. By taking a DFT along the collection index, and searching for a 

peak the oscillating frequency can be determined from Equation (24). Simple recording of the 

persons rate of breathing yielded a basic estimate of around 12-20 cycles per minute. Figure 2 

shows the results of the procedure. A clear broadband peak can be viewed across the spectrum 

around 0.3Hz which is around the typical value expected. Note that some frequencies bands have 

overall suppressed magnitudes in this range. This is mainly due to the frequency dependent 

effects of person target scattering. 

 

 
Figure 2: 2D Spectrum of Time Varying Range Profile P(f,k)  

 

The results of the imaging procedure are displayed in Figure 3. Both images are displayed in the 

magnitude dB domain and both have been plotted with the same dynamic range of 20dB to allow 

for equal brightness comparisons. The first image is the result of the breathing estimation 

algorithm, and the second image is the unprocessed data. The processed image shows greater 

than 10dB gain of the breathing target compared to the unprocessed image, and also reduces the 

overall magnitude of all stationary targets in the scene.  
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Figure 3: Back projection Imaging Results (a) Time-Varying Component and  

(b) Stationary Component 

 

 

CONCLUSIONS 

 

Motion estimation is a powerful tool that can be employed in imaging systems to improve 

performance. Many applications involve imaging moving targets, and being able to exploit this 

information can greatly improve the accuracy and detection capabilities of any tracking system. 

This type of improvement is critical when trying to image mirco-periodic movements. Breathing 

detection is an important problem with broad technical impact. This paper has shown that micro-

periodic analysis of images is a successful way to modeling breathing for detection applications. 

 

The design and development of a micro-periodic detection system has been presented along with 

experimental results demonstrating its potential for improving performance of a standard 

microwave imaging system. Future improvements for the system include adjustments to allow 

for through-the-wall imaging and tracking of walking targets. 
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ABSTRACT 

 

In this paper, we develop a miniaturized real time video compression module (VCM) based on 

embedded motion JPEG 2000 using ADV212 and FPGA. We consider layout of components, 

values of damping resistors, and lengths of the pattern lines for optimal hardware design. For 

software design, we consider compression steps to monitor the status of the system and make 

the system robust. The weight of the developed VCM is approximately 4 times lighter than the 

previous development. Furthermore, experimental results show that the PSNR is increased 

about 3dB and the compression processing time is approximately 2 times faster than the 

previous development. 

 

Keywords : Motion JPEG 2000, Video Compression Module, ADV212 

 

 

1. INTRODUCTION 

 

MPEG and H.26X are video compression standards used in video compression and 

transmission system. However, previous video compression standards are unsuitable for 

wireless channel because of the weakness in error resilience while they have excellent 

compression performances. JPEG 2000 is a static image compression standard made by the 

ISO/IEC. It supports loss or lossless image compression, progressive transmission based on 

image quality or resolution, region of interest (ROI) description. Also, it supports random code 

stream access and process, robustness to bit-errors, open architecture, side channel spatial 

information, multichannel image format, etc. The basic structure of JPEG 2000 encoder consists 

of Preprocessing, Discrete Wavelet Transform, Uniform Quantizer, Adaptive Binary Arithmetic 

Coder, and Bit stream Organization. Due to DWT, the image compression efficiency has been 

increased up to 30 percent comparing to JPEG [1]-[5]. 

 

Motion JPEG 2000 is a dynamic video compression standard with inter-frame independent 

compression technology based on JPEG 2000 standard. It gets a greatly increase in the error 

resilience capability and reduces the delay of compression encoding [6]. Therefore, we design 

a Video Compression Module (VCM) based on embedded motion JPEG 2000. 

mailto:pmj88@add.re.kr
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Our proposed VCM supports the real time compression and transmission of video signal and 

satisfies the requirements of military environment tests [7][8]. It is basically constituted of both 

ADV212 which are single-chip video compression codec and FPGA for data control. We reduce 

the weight lighter than the previous development [9] using DSP and ADV212 (previous 

development : 500g, proposed module : 76g) and enhance the processing delay 2 times faster 

(previous development: 230ms, proposed module : 100ms). Also, the proposed VCM is lighter 

than the previous development [6] using ADV212 and FPGA (previous development: 300g, 

proposed module : 76g) and 3 times faster (previous development: 300ms, proposed module : 

100ms) than it.  

 

This paper is organized as follows. Section 2 describes hardware design of the proposed VCM. 

Section 3 describes the software design of the VCM and Section 4 gives experimental results 

for the proposed module. Finally the conclusions are given in Section 5. 

 

 

2. HARDWARE DESIGN  

 

The VCM weighs 76g and consumes current approximately 800~850mA(+5V). Fig. 1 and Fig. 

2 show the block diagram and the component interface of the VCM.  
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Fig 1. Block diagram of the VCM 
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Fig 2. Interface of the VCM 

 

In order to interface the video and the telemetering data, we have used the Multi Airborne Video 

Telemetry Data Module(MAVTDM). The flow of the data interface is as follows. First, analog 
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NTSC signal is decoded to 10bit digital data using a video decoder chip(ADV7189) with anti-

aliasing filter. A video compression chip(ADV212) receives the decoded data from ADV7189 

via VDATA bus. The ADV212 compresses the decoded data and sends the data to FPGA via 

HDATA bus. Then, FPGA sends the compressed video data to MAVTDM via 16bit FIFO 

interface. After merging and serializing the telemetering data and the compressed video data, 

MAVTDM transmits them to the ground station using RF channel. Fig. 3 shows the real feature 

board of the developed VCM. 
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Fig 3. The developed VCM  

 

Ground equipment receives RF signals and Multi Ground Video Telemetry Data Module 

(MGVTDM) separates them as the telemetering data and the video data. Then a video 

decompression module (VDM) decompresses the video data and encodes it into the analog 

NTSC signal. ADV212 and a video encoder chip(ADV7301) are used for decompression and 

encoding respectively. Fig. 4 shows the block diagram of the video decompression module. 
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Fig 4. Block diagram of the VDM 

 

 

2.1 FEATURES OF HARDWARE COMPONENTS 

 

The VCM consists of ADV7189 and ADV212 from Analog Device company. ADV212 is a 

single chip JPEG 2000 codec for video and image compression applications. ADV212 chip is 

capsulized in 13mm BGA package and it provides a pixel interface(VDATA bus) and a HOST 

interface(HDATA bus) [10][11]. The pixel interface is for I/O of the input video signal and the 
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HOST interface is for transmission of the compressed video data. Also, FPGA(SPARTAN3 

XC3S400) released by Xilinx company and FIFO(IDT72V285) released by IDT company are 

used. The FIFO is used for data interface and it has 65,536 ⅹ 18 memory and its read/write 

cycle time are 10ns and 6.5ns. Oscillator(SCO-103) from SUNNY company is used (50MHz 

clock is used for FPGA system clock and 27MHz clock is used for ADV212, ADV7189). Fig. 

5 shows the structure of ADV212 and Table 1. shows the specifications of FPGA. 

 

 

Fig 5. ADV212 core architecture 

 

Device 
System 

Gates 

Logic 

Cells 

Distributed 

RAM Bits 

Block 

RAM Bits 
USER I/O 

XC3S400 400K 8,064 56K 288K 141 
 

Table 1.  Specifications of FPGA 

 

 

2.2. OPTIMAL HARDWARE DESIGN  

 

When designing hardware of the VCM, we find problems causing processing delay or 

malfunction of the system. Therefore, we propose three optimal designing methods to solve 

such problems. We especially consider the layout of components, values of damping resistors, 

and the lengths of the pattern lines for optimal hardware design. 

 

 

2.2.1 OPTIMAL DESIGN USING COMPONENT LAYOUT  

 

Fig. 6(a) is an example of the poor layout of the components. Lengths of data bus lines between 

each component affect processing time and performance of the module. In order to exclude 

factors that affect processing time delay, we consider not only the flow of data but also the 

layout of components as shown in Fig.6(b). In this development, we experimentally prove that 

it is important to remove factors that affect data transmission for satisfying processing time 

requirements. We recommend considering the layout of components to reduce processing delay 

when designing other hardware application modules. 
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(a)                                        (b) 

Fig 6. Layout of the components; (a) poor layout of the components, (b) optimal layout of the components 

 

 

2.2.2 OPTIMAL DESIGN USING DAMPING RESISTOR 

 

Damping resistor is placed across a parallel resonant circuit or in series with a series resonant 

circuit to remove noise and control impedance. When the high frequency data occurred onto 

the line, it is hard to match the impedance. Therefore, it is important to find the adequate value 

of resistor to generate clear signals. 27MHz signal of ADV7189-LLC is a video clock for data 

interface between ADV7189 and ADV212. Fig. 7 shows analog noise occurs when we use the 

resistor less than 33ohm in the video clock line. Therefore, we have used 33 ohm in our 

proposed VCM to remove noise for reconstructed video data. Fig. 8 shows a circuit diagram 

using 33ohm resistor.  

 

           
Fig 7. Noise occurred in reconstructed video signal         Fig 8. Circuit diagram using 33ohm resistor  

 

 

2.2.3. OPTIMAL DESIGN USING LENGTH OF THE PATTERN LINES 

 

The most important part in hardware design of the VCM using ADV212 is an interface between 

ADV7189 and ADV212. The variation of the length of each signal line from ADV7189 to 

ADV212 should be short. If the length of signal line is different, an interrupt request signal is 

not generated from ADV212, so that ADV212 determines the data is not coming from 
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ADV7189 and waits continuously. Fig. 9 shows the example of the pattern lines that the 

difference among the signal lines were minimized. Table 2 shows the length of synchronization 

signal (FIELD, HSYNC, VSYNC), VCLK(ADV7189-LLC27MHZ) and VDATA(7189-P0~P9) 

lines in the VCM.  

 

 
Fig 9. Example of the pattern lines                   Table 2.  Length of the pattern lines 

 

 

3. SOFTWARE DESIGN 

 

Due to the abnormal input video signal caused by noise, error would be occurred in vertical 

synchronization. When such error occurs, ADV212 does not generate the interrupt request 

signal and gets into idle states. To solve this problem, the FPGA program in the VCM checks 

status of each compression step. The FPGA program checks five steps; Power on step, 

Initialization mode step, Search input VIDEO step, Operation mode step, and Interrupt service 

routine step as shown in Fig. 10. 

 

 
Fig 10. Status diagram of the VCM 

Line name Length of line(mm) 

FIELD-7189 31.63 

HSYNC-7189 31.64 

VSYNC-7189 31.63 

7189-LLC27MHz 31.67 

7189-P0~P9 31.77~31.19 
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In the Power on step, the program resets the VCM. In the Initialization mode step, the program 

checks firmware loading of ADV7189 and ADV212. If the firmware was not initialized, the 

program waits on at the initialization mode step. In the Search input VIDEO mode step, the 

program checks an input of video signal using Bit0(IN_LOCK) value in Status1 register of 

ADV7189. If the Bit0 value is 0, the program waits on input video signal. If the Bit0 value is 

1, the program moves to the Operation mode step. The vertical synchronization information is 

used to recognize the video signal. In the Operation mode step, ADV212 compresses the video 

signal and sends both the interrupt request signal and the compressed data to the FPGA. And 

then, the program checks Bit0 value in Status1 register frequently. If the Bit0 value is 0, the 

program moves to the Initialization mode step and resets the module. In the Interrupt service 

routine step, whenever the interrupt request signal comes from ADV212, the FPGA writes the 

video data to the FIFO(IDT72V282) which is an interface with MAVTDM. Fig.11 shows the 

flow chart of the VCM. Ultimately, the VCM works stably even though the abnormal vertical 

synchronization is occurred by checking the status of each step [12]. 

 

 
Fig 11. Flow chart of the VCM 

 

 

4. EXPERIMENTAL RESULTS 

 

In order to prove the reliability for the military usage of this development, we examine the 

environmental test(MIL-STD-810G) and EMI test(MIL-STD-461F). Also, in order to evaluate 

performance of the proposed VCM, we performed an experiment as shown in Fig. 12. 
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Fig 12. Equipment diagram for experiment 

 

We made the input video signal including frame count onto the video scenes to distinguish each 

frame and transmitted both the telemetering data and the compressed video data to a test 

equipment. The VDM in the test equipment decompressed the compressed video data received 

from the telemetry. We recorded the input video signal and the reconstructed video signal at the 

same time as shown in Fig. 13, and compared frame count to calculate processing delay. 

Furthermore, we calculated the Peak Signal to Noise Ratio (PSNR) using the input and the 

reconstructed video signal and compared performance between the proposed VCM and the 

previous development using DSP and ADV212. 

 

 
Fig 13. Recorded video signal 

 

Because Frame per Second (FPS) of NTSC signal is 30, the delay calculation formula is defined 

as follows: 

 
𝐹𝑟𝑎𝑚𝑒 𝑐𝑜𝑢𝑛𝑡 𝑑𝑖𝑓𝑓𝑒𝑟𝑒𝑛𝑐𝑒

30
∗ 1000   (msec)                       (1) 

 

We calculated processing delay for each 4 frame. The processing delay of the proposed VCM 

is 100ms, while the previous development is 200ms as shown Table 3 and Table 4. We enhanced 

the compression processing time approximately 2 times faster. 

 

 

Table 3. Delay of the VCM                  Table 4. Delay of the previous development 

 

Frame 

count of 

input 

video(A) 

Frame 

count of 

output 

video(B) 

A-B 
Delay 

(msec) 

1 1673 1667 6 200 

2 1700 1693 7 233 

3 1953 1947 6 200 

4 2056 2050 6 200 

 

Frame 

count of 

input 

video(A) 

Frame 

count of 

output 

video(B) 

A-B 
Delay 

(msec) 

1 4135 4132 3 100 

2 4142 4139 3 100 

3 3931 3928 3 100 

4 4402 4399 3 100 
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PSNR is an engineering term that most commonly used to measure the quality of reconstruction 

of compression codecs. PSNR is defined via the Mean Square Error (MSE). We calculated the 

PSNR of the reconstructed video signal based on (2) and (3). I is the original image and 𝑂 is 

the reconstructed image. For color images with three RGB values per pixel, the definition of 

the MSE is the sum of all squared value differences divided by image size and three. Table.5 

shows the PSNR of the proposed VCM and the previous development. It shows the proposed 

module enhanced the PSNR approximately 3dB. 

 

MSE =  
∑(𝐼𝑟− 𝑂𝑟)2+ ∑(𝐼𝑔− 𝑂𝑔)2+ ∑(𝐼𝑏− 𝑂𝑏)2

3(ℎ𝑒𝑖𝑔ℎ𝑡∗𝑤𝑖𝑑𝑡ℎ)
                 (2) 

 

PSNR =  10log10(
255∗255

𝑀𝑆𝐸
)                       (3) 

 

 
Frame 

count  

PSNR(dB) of the 

VCM 

PSNR(dB) of the 

previous 

development(DSP) 

1 28 21.520 19.387 

2 816 24.622 20.682 

3 1813 23.615 20.749 

4 2902 20.431 17.466 
 

Table 5. PSNR of the VCM and the previous development 
 

Fig. 14(a), Fig. 14(b), Fig. 14(c) show the image capture of the input original video signal, the 

reconstructed video signal of the proposed VCM, and the previous development. Figures show 

that the reconstructed video signal of the proposed VCM is more similar to the input original 

video signal compare with the previous development.  

 

     
(a)                                     (b) 

 

 
(c) 

Fig 14. Image capture; (a) input original video signal, (b) reconstructed video signal of the VCM, 

 (c) reconstructed video signal of the previous development 
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5. CONCLUSIONS 

This paper presents the various methods for optimal hardware and software design of the VCM 

based on embedded motion JPEG 2000 using ADV212. Using the proposed methods, we have 

enhanced the compression processing time approximately 2 times faster and reduce the weight 

of the module approximately 4 times lighter than the previous development using DSP and 

ADV212. Moreover, the PSNR of the proposed module is enhanced approximately 3dB 

compare with the previous development.  
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ABSTRACT 

 

Early detection and diagnosis of knee related health disease is critical in mitigating the long term 

health risks of such ailments. Passive acoustic sensing is an under-utilized monitoring system 

that can be used in the assessment and potential diagnosis of knee health that has many potential 

benefits when compared to current medical technology. Developing accurate acoustic models 

and procedures for analyzing acoustic sensor data in these applications is of great importance. 

This paper presents the design and development of passive acoustic sensing system for 

characterizing knees along with data analysis techniques towards this end. 

 

INTRODUCTION 

 

Knee joint related health issues are a serious affliction for a substantial portion of the population. 

The most common disease is knee osteoarthritis, which results in the degeneration of articular 

cartilage in the knee joint, consequently increasing stress on the knee while in motion. An 

accurate diagnosis and assessment of osteoarthritis is becoming increasingly important. Typical 

methods of diagnosing knee osteoarthritis are knee arthroscopy, CT scan, and magnetic 

resonance imaging (MRI). In addition to the high costs, these imaging modalities require the 

patients to be in stationary positions and postures, limiting the scale and scope of the 

assessments.  

 

The direct complications of osteoarthritis are due to the induced stress, resulting acoustic 

emission during motion. Thus, passive acoustic sensing can be a simple and effective approach 

to the accurate assessment of the condition of the knee. The data acquisition and signal 

processing of the laboratory prototype is supported by a smart phone and a wideband 

microphone. The utilization of the smart phone allows us to conduct data acquisition while the 

knee is in motion to provide a full-range assessment at various stress levels. Its video capability 

provides synchronized correspondences between the physical positions of the knee and the 

acoustic data sequences. The embedded signal-processing capability facilitates real-time analysis 

of the acoustic signals. The portability of the smart phone also enables us to monitor the 

condition of the knees on a frequent and regular basis for the detection of changes and 

abnormalities. Short-time Fourier Transform (STFT) is utilized to analyze the spectral variation 

corresponding to different angular positions of the knee. The time varying statistics of the 
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acoustic signals were also processed as a means to characterize knee condition. Multiple features 

present in the spectrograms and statistics were examined as possible indicators of the health of 

the knee joint. 

 

 

BACKGROUND 

 

Prior research has been performed on the acquisition of knee acoustic signals and their 

classification. The anatomical construction of the human knee joint includes the femur, tibia, and 

patella bones insulated from one another by the articular and meniscal (meniscus) cartilage as 

seen in Figure 1. The cartilage cushions the bones in the joint as the knee bends and straightens 

as well as reduces overall friction during movement. Knee osteoarthritis is the degeneration of 

this cartilage, which decreases the lubricated area between the bones. The tibia and femur will 

began to rub up against one another causing significant pain to the patient as well as possible 

long term damage in the process. 

 

Figure 1: Anatomical View of the Human Knee  

 

The major cause of knee osteoarthritis is attributed to long term wear and tear damage on the 

knee joint, and although it is most common in older patients it also can afflict people who are 

obese, work jobs that put repeated stress on the knee joint, or suffered knee injuries. As the 

general aging of the population occurs and obesity rates in many countries increase, knee 

osteoarthritis has become a serious public health concern. Due to the long term nature of the 

disease early detection is critical for mitigating its effects on patients. Treatments range from 

lifestyle changes to full replacement surgery, but once the cartilage has begun deteriorating there 

are no permanent treatments.  

 

The main diagnostic tools today used by clinicians have drawbacks that limit their effectiveness 

to treat patients.  Invasive techniques such as knee arthroscopy with surgical cameras have been 

successful in diagnosis of knee osteoarthritis, however, the surgical risks can be high for many 

patients and should be left as a last resort. The imaging based techniques (X-Ray, CAT scan, 

MRI) have limited detection capabilities especially during the early stages of the disease. 

Symptoms of knee osteoarthritis often manifest themselves while the joint is in motion, but the 

static nature of the imaging techniques limits their ability to capture this information as signs of 
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the disease. All of these medical procedures are also of high cost and immobile and are not well 

suited for in-home health care applications that much of the older population require. 

 

Acoustic detection and diagnosis of knee osteoarthritis can provide a noninvasive, inexpensive 

solution that is also mobile. The lack of cartilage in the knee joint will generate friction between 

the bones whenever the joint is in motion and the acoustic signal emitted from the friction source 

could serve as a discriminating biomarker for knee osteoarthritis.  

 

Much research has been performed on the auscultation of knee acoustic signals. Previous 

researchers have deployed various acoustic transducers as well as vibroathrographic sensors to 

measure these signals. For vibroathrography, researchers utilized small accelerometers coupled 

to the skin of the human knee to measure the vibrations produced within the joint. Many of the 

classification approaches of knee acoustic signals are based on highly mathematical and complex 

signal processing algorithms that often produce numerical results that can be difficult for a 

typical clinician to interpret. Data visualization of the knee acoustic signals, therefore, is a major 

need that can supplement much of the classification techniques developed prior. 

 

Visualization of acoustic data has been a major issue in the field of speech processing. The Short 

Time Fourier Transform  (STFT) is a classical speech processing tool that tries to capture the 

time-dependent frequency information of non-stationary signals. Knee joints with deteriorated 

cartilage in motion should also produce non-stationary signals that have specific spectral content 

present.  

 

The non-stationary nature of these signals also indicates that the first and second order statistics 

of the acoustic signal would change over time. Specifically the second order statistics, or 

variance, of the acoustic signal would change over one cycle of knee motion. The sound of 

friction is a particular noisy signal with a relatively high variance. Therefore the short-time 

variance was also used as a metric for characterization of the knee. 

 

 

HARDWARE DESCRIPTION 

 

A series of experiments were conducted to test the effectiveness of acoustic based technology in 

measuring and characterizing knee acoustic signals for the goal of diagnosing cartilage 

degeneration in the knee joint. A data acquisition system was built from off-the-shelf 

components that were chosen based on their capability of measuring knee acoustic signals with 

high precision. The data acquisition system recorded acoustic data from test subjects who were 

asked to perform a specific movement task of the knee. A total of four subjects were studied with 

varying ages and knee related health status.  

 

The data acquisition system was designed to maximize the probability of detection of knee 

acoustic signals as well as serve as a model for a low cost, portable diagnostic tool. The system 

was comprised of piezoelectric microphone, a mobile phone as the data recording system, and a 

PC laptop for performing the analysis computations. The microphone was attached to the test 

subject’s knee with hypo-allergenic medical tape and a layer of ultrasonic gel to minimize the 

acoustic impedance mismatch. 
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The Durham Instruments CM-01B Polyvinylidene Fluoride (PVDF) contact microphone was 

chosen as the acoustic transducer. The CM-01B microphone is a piezoelectric device that 

produces an electrical signal proportional to any pressure signal incident on its rubber surface, as 

seen in Figure 2. In the case of this experiment, the rubber surface was directly placed onto the 

knee surface so that the sensor is tightly coupled to any acoustic sources within the knee.  

 

 

Figure 2: (a)  CM-01B Contact Microphone and (b) Frequency Response  

 

The electrical signal is then passed through a broad-band transistor amplifier before being sent to 

the recording device. The audible frequency band of interest concerning knee acoustic signals is 

typically 100 Hz to 4 kHz. The frequency response of the CM-01B shown in Figure 4 (b) has a 

relative stable gain over this band. The Signal-to-Noise Ratio (SNR) was the other major design 

specification driving the choice of this microphone. The desired signal in this scenario is the 

sound produced by the knee, however, many other acoustic sources may be present in a medical 

environment that can be classified as noise. A typical electret or capacitive microphone will 

record from all directions; however, the CM-01B will only measure the vibration signal of the 

surface it is coupled with thus isolating it from superfluous noise sources and increasing SNR. 

The stable frequency performance and sound isolation properties of the CM-01B made it an ideal 

choice for the data acquisition system transducer. 

 

To provide mobility for the data acquisition system, a Nexus 5 Android mobile device provided 

the data recording function. The Nexus 5 quantized the acoustic signal with a 14-bit ADC at a 

sampling rate of 44kHz. The data was saved as uncompressed audio in the PCM file format 

before being exported to a laptop PC. All data was processed and analyzed on the laptop PC in 

the MATLAB programming environment. However, the algorithms used were all of low 

complexity and with the increased computational capabilities of mobile devices full real-time 

data acquisition and analysis could be performed on the mobile device, removing the need for the 

PC. 

 

 

EXPERIMENTS AND SUBJECT INFORMATION 
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A simple experimental procedure was designed for subjects to perform that would produce 

acoustic data that could be analyzed and compared across multiple participants. Acoustic knee 

signals are most likely to be produce while the knee joint is under a load. Therefore the 

procedure asked the subjects to stand up and down repeatedly to stress the knee joint. Each sit-

stand movement cycle was broken down into three main phases: the initial extension of the knee 

from the sitting position, followed by the reaching of absolute extension, and finally the 

contraction of knee joint back into the sitting position.  

 

Each subject was asked to perform this sit stand procedure 20 times, with the microphone 

attached to their knee. The placement of the microphone was placed below the outside of the 

patella, as this minimizes the anatomical distance to the bone contact of the human knee joint. 

Each experiment was video recorded to help correlate knee position with any acoustic signature.  

 

In our experiment, three subjects in their twenties and one in his/her fifties were examined. Two 

of the patients both reported damaged to the meniscus in their knees. The subject information can 

be seen in Table 1. 

 

Table 1: Subject Information from Experimental Data 

 

Subject Knee Age Report Health Issue 

A Left  22 None 

A Right 22 None 

B Left  23 None 

B Right 23 None 

C Left 21 None 

C Right 21 Surgically Removed Meniscus 

D Left 56 Injured Meniscus 

D Right 56 None 

 

 

ANALYSIS AND RESULTS 

 

The final data set was comprised of two recordings of each subject (one for the right and left 

knee) for a total of 8 audio files each around 60 seconds in duration. The sampling rate was set at 

44 kHz, which resulted in over 2.5 million data samples available for each acoustic signal.   

 

The time domain data recorded from the left knee of Subject A is plotted in Figure 3. It can be 

seen that the signal is comprised of many short, transient acoustic emissions produced by the 

knee joint as it moved. It was determined that a typical movement cycle for the experiments 

lasted about 2.5 seconds and a two total movement cycles have been enlarged in the lower half of 

Figure 3. The length of one cycle varied across subjects, however, so two cycles of data was 

manually edited from each data set for analysis. The knee undergoes a full 180 degrees of 

angular displacement over the course of one movement cycle. The corresponding window length 

used for data processing was therefore set to 4096 samples, or about 100 ms, so that the angular 

resolution of each window was about 8 degrees. 
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Figure 3:  Data recorded from the left knee of Subject A 

 

The STFT can be expressed as: 

 

         
                  –   -     

   - 
    

 

where x(n) is the discrete time domain signal, w(n) is the windowing signal and    is the window 

index. The equation computes the DFT of a windowed data frame extracted from x(n) starting at 

the time index       to          where L is the length in samples of each data frame. Each 

data frame was sent through a bandpass filter with cutoff frequencies of 100 Hz and 4 kHz to 

accentuate the audible frequency range in the spectrogram. The frames are sampled every R 

samples, where typically R<L. A Hanning window was used for all STFT results. The STFTs 

were also normalized to unit magnitude to allow for direct comparison of the spectral energy 

across different signals.   

 

Spectrograms of each data signal were carefully examined for visual features that could reveal 

physical information about the knee joint from which they were measured. By comparing the 

spectrograms with the video data collected during the experiments, specific features indicative of 

the knee joint’s position were identified. The spectrogram of four recordings is shown in the 

magnitude dB domain over 8 movement cycles of the knee joint in Figure 4. Each of the three 

movement phases are labeled in the spectrogram. As the knee joint is in its extension phase, the 

spectrogram exhibits numerous narrowband spectral peaks between 100 Hz and 500 Hz about 

20-30 dB down from the highest peak. When the knee reaches the point of full extension a high 

amplitude wideband peak is visible from 100 Hz to 4 kHz. Then as the knee goes back into 

contraction, a strong but narrow spectral peak is present between 100 Hz to 1 kHz. Other various 

spectral features can be seen in the spectrogram, but these spectral characteristics were the most 

dominant features common in all the measured spectrograms and serve as a useful marker in 

analyzing knee acoustic signals.  
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Figure 4: Knee Joint Position Analysis of Subject D Spectrogram 

 

As mentioned earlier, another potential marker for characterizing knee health was the variance of 

the signal. The variance of the signal was computed over two full movement cycles of the 

experimental data with the same window length used in the STFT results. The variance and 

spectrogram results for each subject are plotted in the figures below.  

 

The first two figures are plots of the two relatively healthy subjects, whereas the second two 

were plots of the subjects who reported knee ailments. As can be seen in the plots, the signal 

variance picks up greatly for the knees with reported health issues in the center of the movement 

cycle. This would be the expected area of highest friction as the knee is under the most stress 

during this cycle. Subject D who reported knee damage yielded the highest signal variance of 

any subject, however, subject C who also reported a knee injury did not demonstrate a significant 

increase in signal variance. This may indicate that the age of Subject D significantly affected the 

cartilage content in the knee thus producing greater friction. 

 

 
Figure 5: Subject A Left Knee (a) Spectrogram (b) Variance Signal 
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Figure 6: Subject A Left Knee (a) Spectrogram (b) Variance Signal 

 

 
 

Figure 7: Subject C Right Knee (a) Spectrogram (b) Variance Signal 

 

 
 

Figure 8: Subject D Left Knee (a) Spectrogram (b) Variance Signal 
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CONCLUSION 

 

The ability to properly assess knee health in an economical and low risk manner is required to 

meet the growing challenges associated with knee related diseases. Past research on acoustic 

based detection of knee osteoarthritis and other diseases of the knee demonstrate that it is a very 

important technology for solving this problem. The proliferation of mobile computing combined 

with the availability of low cost acoustic sensors allows for these detection techniques to be 

implemented with low cost and practical technology that can have a significant impact on the 

way knee diseases are diagnosed and treated. 

 

Implementations of acoustic detection in past research have shown good promise for the 

technology in the field of medicine. In this paper, an approach for characterizing knee health has 

been proposed based on the STFT and statistical analysis of acoustic signals. The analysis 

presented here shows promising results on processing techniques for potentially recognizing age 

based degeneration of knee cartilage. Future work on this subject would require large scale 

clinical testing that could utilize this work as a guide for what potential biomarkers to look for 

while trying to identify overall health trends. It is the goal that this work will lead to a better 

understanding of the acoustic properties and information associated with the human knee and aid 

diagnosticians detect problems in an easier and safer approach for patients. 
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ABSTRACT 

An application has been developed to remotely control a vehicle and display telemetry returned by 
the vehicle through a graphical user interface. The vehicle will compete in the University Rover 
Challenge hosted by the Mars Society. The software is responsible for asynchronously 
communicating to the remote system with a custom protocol over a wireless TCP/IP connection, 
handling user input from a team of human controllers, and processing data received from the rover 
and displaying it on the screen. A strong emphasis was put on keeping an object-oriented design 
throughout the project. It is built around the Model-View-ViewModel design pattern. The software 
was constructed using the C# and XAML languages with the Microsoft .NET framework. 

INTRODUCTION 

Each year, the Missouri S&T Mars Rover Design Team designs and builds a robot intended to 
solve tasks similar to that of a next-generation rover helping astronauts on Mars. This robot 
competes in the University Rover Challenge hosted by The Mars Society in Utah each year [1]. 
Although there is a significant amount of effort put into the rover, shown in Figure 1, a crucial part 
of the project is separate from the rover. The base station software is responsible for accepting 
commands from the user and communicating these with the rover’s systems while receiving 
telemetry and displaying it to the screen. It is used by the team during both testing and competition. 

This software is referred to as the Rover Engagement Display (RED) [2]. The 2015 iteration was 
similar to the design used in 2014 [3]. The user interfaces are based on the same concept, however 
there are major changes internally. RED has been designed to follow object-oriented design 
patterns that encourage a clean, maintainable codebase. The main components of RED are the 
networking components, the input component, the data-router, and the GPS map. All of the 
components must connect in an organized way in order to provide the functionality required of the 
software. 
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Figure 1 Horizon, the rover constructed in 2015 by the Mars Rover Design Team 

DESIGN 

RED is a large project that is developed over the course of a year. Each year, new members that 
join the team need to be able to understand the code already in place. This makes it vital that good 
design is followed at every step. A good design also reduces the risk of hard-to-find bugs in the 
code, which can cost the team significant time to locate. In addition, RED must follow the needs 
of the team, and therefore must be easily expandable to include new features, even ones that had 
not been imagined at the start. Throughout development, a strong emphasis was put on making 
RED adaptable and future-proof. 

The first decision that was made when beginning the project was to use C# coupled with the 
Microsoft® Windows Presentation Foundation (WPF) and .NET framework. C# is a language with 
a focus on quickly writing clear, maintainable code as opposed to more complicated, low-level 
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code. C# is managed, so it automatically handles memory management using a garbage-collection 
system. This give C# a strong advantage over unmanaged languages, where bugs such as memory 
leaks can be introduced. C# is also supported by the Microsoft .NET framework which provides 
key functionality including integration with Windows, networking, file I/O, and XML 
serialization. 

Windows Presentation Foundation technologies provide an organized way to render the user 
interface. WPF focuses on separating the visual code from the main logic. This was a key design 
goal of RED: to have the logic code be unaware of any GUI applied to it. This is accomplished 
through the use of data-bindings [9]. 

Another goal of WPF is that the UI become something that is easily styled. RED utilizes a library 
called MahApps to stylize the window and controls such as buttons and tabcontrols to match the 
Modern UI style commonly found in other apps [5]. The separation between logic and visuals 
means that this library can be easily applied to the XAML code without introducing bugs into the 
main logic code. 

A standard design pattern to use with WPF is the Model-View-ViewModel (MVVM) design 
pattern. RED attempts to follow this pattern. The pattern splits the code into three separate parts. 
The View defines the layout of the user interface using a language called XAML, based on XML. 
The model is the source of the data for the program. The viewmodel contains the logic to connect 
the data with the view. Data-bindings synchronize values between the view and the viewmodel. A 
library called Caliburn.Micro was used to set up the connection between the viewmodel and the 
view [4]. This library uses special naming conventions to establish the data-bindings between data 
and commands. 

Another key pattern heavily used by RED is dependency injection. When creating a new object, 
dependency injection means that any related objects are specified as arguments to the constructor 
instead of being created by the object. This allows the functionality of the components to be 
defined by the calling object. Following this practice isolates objects from each other to keep them 
from becoming too interdependent. 

NETWORK COMMUNICATION 

A critical component of RED is the module responsible for network communication. To receive 
data, a TCP/IP connection is established with the motherboard on the rover. TCP was chosen 
because of it retains the data’s integrity. However, there have been issues with the connection 
dropping due to large packet-loss, as TCP requires acknowledge packets for every transmission. 
An alternative to TCP is UDP, which does not guarantee the integrity of the data, but allows the 
connection to ignore dropped packets. This is useful for commands that are streamed, such as 
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driving commands, where if a packet is dropped, it is simply replaced by the next packet in the 
stream, something TCP cannot ignore. The data integrity is only required for discreet commands 
and telemetry, such as power board commands and science data. The possibility of switching to a 
combination of TCP and UDP is being explored for next year. 

A custom protocol is used to express commands to the rover and telemetry to RED. The protocol 
is based on a key-value pair system where each data point is assigned a number. This number is 
paired with the value whenever new telemetry is ready to be delivered. In past years, the value has 
been transferred as text, usually wrapped in JSON [10]. This year, it was decided to use the raw 
binary form of the data to simplify the processing at both ends of the connection. This also makes 
it possible to transfer complex types of data, such as images, in the future. They data-type of the 
value is predefined on the motherboard and in RED. The possibility of synchronizing these at 
runtime was explored, but has not yet been implemented.  

In order for RED to run smoothly and keep a responsive GUI, the networking code needed to be 
written in an asynchronous fashion. This year, RED was written to take advantage of C#’s built in 
async/await control flow. This allows the compiler to handle the details of making the program 
asynchronous and results in simpler and cleaner code. This allows for a much easier-to-understand 
solution. 

 

 

Figure 2 Structure of the Networking System 
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A key element of implementing the TCP system was designing a server that could handle multiple 
connections and be as redundant as possible. Multiple connections were needed in case a 
disconnect was only partial but needed to be reestablished. Multiple connections also enable the 
use of multiple devices simultaneously to be supported in the future. A design was implemented 
that used interfaces to handle the separate layers of a connection, as shown in Figure 2. The first 
layer is the server. The server listens for incoming connections. When a connection is detected, it 
spawns a new connection object that then establishes the connection to the client. This connection 
object then creates an instance of an IProtocol interface. This is currently a RoverConnection 
object that handles the custom protocol. In the future, this protocol could be replaced by just adding 
a new class that implements IProtocol. This also allows simultaneous connections to use different 
protocols. The RoverConnection object then subscribes to the Data Router, to connect it to the 
other components of RED. 

CONTROLLER INPUT 

As with previous iterations, a Microsoft Xbox controller was used to drive the rover. It is used to 
drive both the wheels and the robotic arm. This type of controller was chosen because of the ease 
to integrate it with C#. The controller’s state is accessed using DirectX, specifically the XInput 
API. The SharpDX library wraps this API for C# [6]. RED has a loop responsible for polling the 
controller at a specified rate, usually at least once every 100 milliseconds. This state is read into 
properties representing each joystick and button on the controller. 

The same controller is used to drive multiple systems. Because of this there needed for separation 
in the code between these controller modes to keep RED modular. This problem was solved by 
making each mode a separate implementation of a common IControllerMode interface. This 
interface declares methods for entering, evaluating, and exiting the mode. Entering and exiting 
code allows, for example, a cleanup procedure such as setting all motors to zero before leaving the 
mode. The evaluate method is called every polling cycle. This method allows the Input component 
to abstract away specific input mode logic. Each controller mode implements this method based 
on how button states should be interpreted and is responsible for sending the correct values to the 
data-router. A controller mode has been created for both the drive commands and the robotic arm 
commands. Modes enable other functionality to be quickly added in the future. 

THE DATA ROUTER 

One of the early problems encountered when designing this year’s RED was how to transport 
messages out of the networking system to the correct component. In the past, this has been handled 
by the networking system, but this year it was decided to split this into a separate piece, dubbed 
the data-router. The data-router collects subscriptions from each component in RED specifying 
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what data id number the component wants to receive notifications of. These subscriptions are 
stored in a dictionary data structure. For each data id number, a list of subscribers is stored. To 
make subscribers a common type, they implement the ISubscribe interface, which defines the 
method that the data-router calls when a message is to be delivered. 

When the data-router receives a message, it looks up, based on the data id number, what 
components need to be notified and forwards copies of the message to them. Although this system 
can route messages between any two components, it is mostly used for messages to and from the 
networking system. The networking system automatically subscribes to all command data id 
numbers. So, for example, if the controller specifies that the right wheels need to speed up, that 
message is sent by the drive input mode to the data-router with the proper data id number. From 
there, it is forwarded to any component that has subscribed to it. In the case of a command, this is 
the networking system and any other component that has also subscribed. This centralized design 
makes it possible to add new components easily. It was also designed with the idea that there could 
be multiple subscribers to a single point of telemetry so that there could be multiple displays of 
the same data without changing the networking or data-router code. Both components would 
simply subscribe to the same data id number. 

GPS MAPPING 

One of the most important forms of telemetry RED collects from the rover is GPS data. This data 
provides the location of the rover, as well as information about its movement. These coordinates 
are used to navigate the competition course, as well as used to align the antenna used to 
communicate with the rover. It is important that RED display the information in a clear form, so 
it was decided to plot the points on a map in addition to displaying the coordinates on the screen. 
To simplify the process, a library called GMap.NET was used [7]. This library has the capability 
to draw the map, as well as display markers on specified locations. Using this map, RED is able to 
display the current location, as well as a collection of coordinates from user input. There was a 
small problem getting the map’s display to update correctly due to how RED integrated with the 
library. This was resolved by adding a manual refresh button that forces an update of the map. A 
screenshot of the GUI for the GPS telemetry is shown in Figure 3. 

This library was also selected because of its ability to cache map data for use offline. This was a 
necessity because the team does not have internet access at the competition site. A user interface 
is provided to let users select a region on the map, and then save each zoom level for that region. 
This cache can then be merged with others and reloaded into RED in the future. 
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Figure 3 Screenshot of the GPS User Interface 

CONCLUSION 

Overall, the base station software performed very well throughout the year and during competition. 
RED was able to adapt to the changing needs of the team, for example adding support for special 
science commands, such as turning a laser on and off. It is also expected that much of the codebase 
can be reused next year, in spite of the major changes planned, because of RED’s modularity. 

RED successfully integrated a networking system to manage external connections, a controller 
input system to interface with an Xbox controller, a data-router to manage internal communication, 
and a GPS component to display position data in a user-friendly way. All of this was made possible 
by the object oriented design used throughout the application. The GUI was separated from the 
logic and this separation was enforced by the MVVM design pattern. As a whole, this resulted in 
an application that has the ability to grow in functionality, even in unexpected ways, while still 
retaining an organized codebase. 
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 SCOPE OF THE DOCUMENT 
 

The purpose of this document is to describe the autonomous mapping project design, assembly, 
implementation, and testing. This document will also provide information about the 
requirements, the preliminary design review, hardware and software components, and project 
management elements. This document will provide all project design and assembly information 
necessary for understanding the concept for the autonomous mapping project. Both technical and 
non-technical readers of this document will be given the appropriate project background to 
understand the project. They will also be able to understand the assembly and performance of the 
system. 
 
 

BACKGROUND INFORMATION 
 

For thousands of years, humans have been using various species of plants to enhance and 
improve societies. The range of applications for these plants varies from agricultural, to livestock 
forage, and even soil stabilization. Growing these plants has created short-term solutions. 
However, the long-term consequences of introducing these invasive species have caused 
immeasurable problems to the environment. Many of these plants have become problematic 
invasive species. 
  
One of the most notorious invasive species to the Southwest is Pennisetum ciliare or buffelgrass. 
Buffelgrass was introduced in the 1930’s as feed for livestock. Experimental planting transpired 



for nearly 50 years, until researchers realized the impact the grass had on the native species. 
Effort has been put forth to remove the buffelgrass, but the spread of the plant is occurring too 
rapidly. 
  
The primary organization in raising awareness is the Southern Arizona Buffelgrass Coordinating 
Center (SABCC). The SABCC has requested residents to remove the grass from their yards, to 
inform their community of the problem, and to help in mapping areas that contain buffelgrass. 
  
One of the largest problems the SABCC faces is finding a reasonable solution to map areas of 
contamination. One solution to this problem is using multi-copter unmanned aerial systems 
(UAS) to scan and map the areas. 
  
Remote control multi-copter technology has been available for approximately 90 years. These 
copters have traditionally been very expensive and difficult to use for most of that time period. 
Recent advances in the technology have made this recreational hobby relatively cheap and easy 
to learn. With the combination of commercial off-the-shelf products and some computer 
programming, these multi-copters can be used to solve the buffelgrass problem. 
 
 

TOP-LEVEL DESIGN 
  

The system consists of a UAS and a ground station. The user interacts with the UAS from the 
ground station, which contains a computer that receives data about the UAS and displays it to the 
user. The ground station also has a safety radio and a telemetry radio. The safety radio is used to 
take full control of the UAS in the event of a problem. The telemetry radio is responsible for 
sending and receiving mission data between the laptop and the UAS. 
  
The ground station is connected to the UAS by two radio links, one that is 2.4GHz for the safety 
radio the other at 915MHz to send and receive data from the computer. The UAS has four motors 
to provide lift as well as provide pitch, yaw, and roll control. The onboard autopilot stabilizes 
and controls the UAS’s flight by varying the speed at which some of the rotors spin at, as well as 
connects to all the other subsystems. 
  
The ESC subsystem receives input from the autopilot in the form of a PWM signal and then uses 
that signal to determine the speed at which the motor will spin. The obstacle avoidance 
subsystem connects to the autopilot over a universal asynchronous receiver/transmitter (UART) 
connection and provides the autopilot with information in order to avoid obstacles in the UAS’s 
path. The high definition (HD) camera subsystem connects to the autopilot and is triggered on 
one-second intervals. The GPS subsystem connects to the UAS by a UART connection and 
provides the autopilot with positioning data. The voltage sensor subsystem provides voltage and 
current data of the battery over a serial connection. The UAS uses Lithium-Polymer batteries, 
which will power the motors through the ESC subsystem and the onboard electronics. The above 
subsystems will then be mounted on a custom H-frame that provides the space needed. 
  
 

HARDWARE 
 



The components selected for the UAS have undergone several iterations in order to improve the 
efficiency of the system resulting in longer flight times for the specified mission plan. Therefore, 
the selection of some components determines the selection of others based dependencies between 
the parts. All the subsystems below are influenced by specific requirements of the project. The 
most influential components are listed below. 
 
 

GROUND STATION HARDWARE 
 
The ground station will consist of all the components related to the monitoring and control of the 
UAS during flight. The constituent elements of the ground station will include a laptop 
computer, a telemetry radio, and a safety controller. In addition to providing information and 
control during flight, the ground station computer will also have the ability to analyze and 
display the visual data captured by the UAS after landing. 
  
The user will have the ability to program the initial path of the UAS using the computer. The 
ground station computer will also allow the user to view information from the UAS during flight. 
This will allow the user to decide whether or not manual guidance of the UAS is necessary. In 
addition to the initial path, the user will also be able to use the computer to change the path of the 
UAS during flight. In order to provide the desired path to the UAS, the ground station computer 
will upload waypoints to the UAS via the telemetry radio. A USB connection will be required to 
connect the computer to the telemetry radio so the computer must have at least one USB port. 
  
After flight, the ground station computer will also have the ability to retrieve aerial images from 
the buffelgrass detection camera and location information from the GPS unit onboard the UAS. 
The aerial images and GPS information will be transferred from the memory card through the 
USB connection of the computer. The computer must have enough storage space to 
accommodate all the images and GPS information acquired during flight. The ground station 
computer must have the ability to use the software required to stitch the acquired images and 
display the resulting map. 
 

 
UAS HARDWARE 

 
AUTOPILOT 

 
The Pixhawk autopilot platform was chosen during the preliminary design review. The autopilot 
is the subsystem that controls the flight of the UAS by taking inputs from various sensors then 
outputting signals to the drive system. 
  
The autopilot is able to do this because of the on-board Inertial Measurement Unit (IMU). The 
IMU contains three very important sensors: the 3-axis accelerometer, the 3-axis gyroscope, and 
the 3-axis magnetometer. The accelerometer provides the autopilot with the UAS’s acceleration 
data and the gyroscope provides the UAS’s rotation in 3D space. The magnetometer specifies the 
UAS’s directional orientation to the earth’s magnetic field. The Pixhawk autopilot also has is a 
barometer, which determines altitude. The output of these sensors is used as inputs to their 



respective Proportional Integral Derivative controller (PID) to get the outputs for stabilizing the 
UAS in flight through the drive system. The other sensors connected to the autopilot, such as the 
GPS, allow the autopilot to direct the UAS along a flight plan or mission. 
  
 

HIGH RESOLUTION CAMERA 
 

The high-resolution camera will capture aerial images of the terrain that the UAS flies over. The 
images will be stored on an on-board hard drive. Once the UAS returns to the ground station, the 
captured images will be processed and areas containing a high concentration of buffelgrass will 
be identified. The flow diagram below displays the process for capturing images and then 
analyzing the images. 

  
In order to make a map from the aerial images, the Pixhawk autopilot will continuously send the 
GPS coordinates to the Odroid. The Odroid will trigger the Logitech C920 Camera to grab a 
single picture along with the time associated GPX data for that picture. Each image captured 
from the camera will be stored on an on-board hard drive. Once the predetermined user-defined 
scan region has been covered by the UAS, it will return to the ground station. Once at the ground 
station, the user can remove the on-board hard drive and upload the images to the ground station 
computer. Software will merge the photos together to create an aerial map of the scan region and 
then the map will be analyzed for areas of a high buffelgrass concentration. 
  
The primary hardware components specific to the high-resolution camera system are the 
Logitech C920 camera and the camera gimbal, which will act as a vibration and motion isolator 
for the camera. The camera used 1/3” sensor, with a nominal flying height of 30 feet the camera 
had less than 1 cm resolution at the object plane. The camera gimbal was successful in removing 
all motion blurr effects that degraded the aerial images. 
  
 

FLIGHT COMPUTER HARDWARE 
 

The cameras and Pixhawk both interface with the Odroid XU3 Flight Computer. This system is 
responsible for camera IO, saving images onto a micro SD card, and for alerting the autopilot of 
obstacles to avoid. The Odroid is a general-purpose computer based on technology used in 
mobile phones. It uses the Exynos 5422 chip, which includes two ARM Cortex processors, an 
ARM Mali GPU and 2GB of DDR3 RAM. The single board computer (SBC) is capable of IO 
using multiple interfaces and can be used with standard HDMI, mouse, and keyboard. 
  

 
SOFTEARE OVERVIEW 

 
The Pixhawk controls the low level stabalization and waypoint navigation functions. It is 
connected through a radio to one ground control station running on a laptop and also through a 
UART connection to the Odroid, which also communicates as though it were a ground control 
station. Unlike the laptop ground control station, the odroid can run autonomous software that 
can respond to telemetry data. Currently, it is used to save photographs to local memory and to 
tag them with the correct telemetry data for stitching. It also records all the telemetry and is 



accessible through both ssh and a web site that is accessed through a local wireless network. The 
inspiration for this work is primarly from a project developed for autonomously finding red 
balloons [http://dev.ardupilot.com/wiki/companion-computers/odroid-via-
mavlink/#Red_Balloon_Finder] 
 
 

ODROID SOFTWARE 
 

The Odroid is running Ubuntu 14.04 with the EW-7811UN USB WiFi adapter. Using a 
smartphone to create a WiFi hotspot it is possible to easily ssh into the system for running code 
and for checking system status. The Pixhawk uses the MAVlink 
[http://qgroundcontrol.org/mavlink/start] standard message protocol for communication. This 
protocol has all the basic messages for requesting and receiving telemetry, for setting and getting 
parameters and waypoints as well as sending direct control commands. 
 
This system is running the python based MAVProxy [http://tridge.github.io/MAVProxy/] ground 
control system. This program has a command line interface for sending MAVlink messages and 
it has the capability to run custom python code for autonomous interactions. Our system is 
loaded as a module and uses the droneAPI for simplifying standard interactions. 
 
 

IMAGE CAPTURE SOFTWARE 
 

Images are captured using OpenCV and then saved onto the device. After the autopilot goes into 
standby, the system sets the EXIF tags on the images and saves the telemetry as a GPX file, thus 
preparing the images to be stitched using Palentir. 
 
 

OPTICAL FLOW 
 

The easiest and best-documented approach to visual object detection is optical flow. Optical flow 
refers to the amount of movement that occurs between one frame of a moving image and the 
next. Strategic points are selected by finding high contrast areas of the first image. Then, the 
optical flow feature tracker finds the points in the next image and adds the new locations to an 
array. For the UAS, the Lucas-Kanade method was used to find optical flow. Lucas-Kanade is 
widely used so it was easy to implement, but there was a lot of resulting noise and errors that 
occured.. The optical flow results could be improved by choosing a different optical flow 
method, such as Horn-Schunck, or by increasing the exit criterion for terminating the search for 
the new point location. 
  
 

FOCUS OF EXPANSION & TIME TO CONTACT 
 

After finding the optical flow in the image, the next calculation that needs to be made is the 
focus of expansion (FOE). The FOE finds the point from which all the vector fields are 
originating in order to determine the direction of movement. The FOE was found using a least-
squares fitting method with all the vectors found by the Lucas-Kanade method. After the FOE is 



found, Time-To-Contact (TTC) can be found. The TTC informs the UAS how many frames it 
has until a collision may occur. It uses the optical flow information, as well as the FOE, to 
determine if objects in the frame are moving towards the UAS or away from the UAS. The 
obstacle detection program that was written was not implemented with the UAS because of 
unreliability with the optical flow vectors and the limited time for testing. 
 
 

IMAGE STITCHING SOFTWARE 
 
Two options were considered as viable solutions to stitching the image captured by the UAS. 
The first option was to find open source software that would be suitable to the project and 
application chosen. The second option was to develop code in MATLAB that would stitch the 
images. Due to the amount of time available to us and the complexity of the project, the open 
source software (Palentier) was chosen. Palentier was designed to work for UAS’s and will run 
on Linux, Windows or Mac based computers as long as Java 1.4 or later is installed. Palentier 
processes aerial images taken by the UAS, scaling and orienting them so that they may be 
projected onto a real world map. In order for the Palentier software to work properly there are 
several requirements of the UAS. First of all, the camera must take JPEG photographs, and the 
camera’s time must match the time in the GPS. The UAS must also record all of its telemetry 
data to a GPX (GPS Exchange Format) file. Finally the camera on the UAS must be pointed 
straight down. 
  
When using Palentier, the GPX file and all of the images taken during the flight must be copied 
to the computer that will be running Palentier. The GPX file contains the telemetry data recorded 
by the UAS, which includes the latitude, longitude, elevation, compass orientation, and the time 
for this data during the UAS’s flight. The JPEG files from the camera contain Exif 
(Exchangeable image file format) data, which holds metadata that is supplemental to the images 
themselves. The Exif data requirements include: the date/time the image was taken, the time it 
was digitized, the image width and height, the sensor width and height, and the focal length. It is 
important to note that the Exif data created may vary from camera to camera. In using the 
Logitech C920 webcam, it was necessary to add the focal length as well as the date the image 
was digitized. This required assistance from another software package called ExifTool (Created 
by Phil Harvey). ExifTool is a command-line application that allows users to read and make any 
necessary changes to the Exif data. ExifTool was used to do the necessary editing of the Exif 
data. 
 
 

SUMMARY OF TESTING 
 

TAKEOFF 
 

Once the ESCs were configured correctly, formal testing of the UAS began. The first formal test 
was conducted to verify that the UAS would be able to produce enough thrust to fly. An analysis 
was conducted prior to this testing to select the correct hardware for the desired flight time. 
However, this online tool has an approximate error of plus or minus ten percent, so testing the 
selected components was necessary. For this simple test, the team powered the UAS enough for 



takeoff and hovered the aircraft for approximately one minute. The test revealed that the UAS 
can carry the equipment and has sufficient power to takeoff. 
 
 

PHOTOPRAPHS WITHOUT GIMBAL 
 

The next test conducted by the team was autonomous photo capture without a gimbal. This 
testing was conducted so that the team could analyze the quality of the photos without the 
vibration dampening provided by the gimbal. During flight the UAS generates significant 
vibration throughout the entire aircraft. Because of this, the team predicted early in the design 
process that a gimbal would be needed. But by adding a gimbal, performance would decrease 
because of the additional weight and power requirements of the gimbal. So by adding a gimbal 
the team would essentially be reducing the flight time of UAS. 
  
The test began by mounting the camera to the front of the UAS using double-sided tape. This 
tape provides sufficient strength to hold the small camera while also providing vibration 
dampening. The camera was connected to the Odroid and image capture software was initiated. 
The UAS was placed in a hovering position and held there for approximately one minute. The 
UAS was landed and the photos were transferred to the ground station computer. 
  
The quality of the photos revealed an obvious need for the gimbal. During flight, the vibration 
was so severe that the sensor in the camera was shaken. The vibration in the sensor caused severe 
distortion in the photos. 
 
 

AUTONOMOUS TEST I 
 

Following the “test without a gimbal” was the first autonomous test flight. This test followed the 
most of the procedures outlined in test 2 (Appendix D). The test did not include autonomous 
takeoff and landing as this feature was developed at this point. The purpose of this test was to 
prove that the UAS was capable of flying autonomously to the programmed GPS waypoints. 
  
The test began by uploading the map of the test region in APM Planner. The GPS waypoints 
were selected and saved to the autopilot. The UAS was then taken to the testing region, and the 
takeoff was conducted manually. Once the UAS was at the appropriate height, the flight mode 
was changed to “autonomous”. The UAS began flying towards the first waypoint, but at higher 
speed than expected. After the UAS reached the first waypoint the test was obviously going to be 
a failure. The aircraft turned right and control was nearly lost. The safety controller operator 
switched the mode to “manual” and control was regained. Then UAS was placed in “stabilized” 
mode so that the operator could decipher the orientation of the aircraft. In this mode, the UAS 
began raising and lowering uncontrollably and crashed from 3.5 meters. 
  
This test was very useful to the team. The first conclusion the team gained was that the 
autonomous flight speed needed to be reduced. The UAS was far too aggressive during this test 
and needs to use a more gentle approach to navigating the waypoints. The team also realized that 
the front booms need to marked with a highly visible color so that the orientation can be realized 



quickly. This is believed to be the reason for the crash. The operator was commanding the UAS 
without knowing the true orientation. This caused the UAS to go backward when the desired 
direction was forward. This disorientation led to the crash. 
 
 

GIMBAL AND IMAGE STITCHING TEST 
 

After determining that the gimbal was needed for high quality photos, the team directed a test of the 
gimbal. First, it was mounted and powered using direct voltage from the batteries. The batteries were 
plugged in but were not armed. A team member held the quadcopter and rotated it as to simulate flight 
angles. This test showed that the gimbal adjusted to hold the camera parallel to the ground at all times. 
Next, the team conducted this same test but actually flew the UAS to confirm that the gimbal could 
handle the vibration of the aircraft. This test displayed successful results as well. 
  
However, the team discovered during this test that the photos captured in flight were not providing the 
correct position data. The Odroid was only recording the time the picture was taken and the photo. The 
team discovered that the Palentier software requires Exchangeable image file format (Exif) data. Since the 
photos would not work in Palentier, the team tried to utilize the MATLAB program to stitch the images. 
This program was also unsuccessful. To make the MATLAB program work, the web camera would have 
had to be exchanged for a higher quality camera. The team decided not to exchange the camera. Instead, 
the image capture software was modified to include the required Exif data and additional data was 
captured during the Autonomous Test III. 
 
 

AUTONOMOUS TEST III 
 

The final autonomous flight test displayed perfect autonomous flight operations. After the first 
autonomous test, the speed of autonomous flight was changed from five meters per second to one 
meter per second. This ensured that the UAS would not fly out of range and that the safety 
controller operator would not lose orientation of the UAS. The team also added high contrast 
tape to the front of the UAS to decrease the probability of losing orientation if control needed to 
be taken at any point of the test. 
  
The first step in completing this test was uploading the map to APM Planner. The GPS 
waypoints were selected in a random flight pattern and saved to the autopilot. Similar to previous 
tests, the UAS was placed at the launch point and taken off manually. The “autonomous” mode 
was engaged at a height of approximately twenty-five feet. The UAS successfully traveled to 
eight waypoints and went into “ALT hold” mode at the final waypoint. The safety controller 
operator took control of the aircraft and landed it. 
 
 

PALENTIER SOFTWARE 
 

The images captured during Autonomous Testing III were used along with the Exif data to test 
the Palentier software. This test revealed that the software was successful in stitching the images, 
but the GPS was not as accurate as needed. Many of the images were placed correctly, but many 
others were off by a fraction. This created a map that was only partially usable. To fix this issue, 
the team needs to upgrade the GPS unit on the UAS. Another issue that was presented during this 



test was that the images were being triggered too frequently. The current rate is two images per 
second. This rate needs to be reduced to one image per second. The problem with this high rate 
of capture is not only a memory issue, but also that the image stitching software also cannot 
handle the volume of photos. This photo volume issue was resolved by reducing the capture rate, 
but the GPS accuracy problem has not yet been addressed. 
  
 

CLOSURE 
 

The purpose of the system is to successfully map buffelgrass in remote locations while having 
the ability to avoid obstacles that pose a threat to the unmanned aerial system. The system is 
composed of two primary subsystems, the ground station and the UAS. The ground station 
serves the role of flight monitoring and control, safety radio transmission, photograph 
mosaicking, and map creation. The UAS is responsible for autonomously collecting images and 
avoiding obstacles during flight. 
  
The primary customer for the autonomous mapping project is the SABCC. SABCC has 
requested help from the community to find effective methods for mapping buffelgrass on a 
landscape scale. This opportunity was brought to the team’s attention during the preliminary 
research phase of the project. The team unanimously decided to pursue this project since it would 
greatly benefit the community and met all the requirements established by the sponsor. 
  
The initial requirements for this project were vague in terms of the application of the final 
system. This gave the team freedom to decide on what application would serve best for the final 
system. The team includes: two computer engineers, two electrical engineers, one optical 
engineer, and one systems engineer. The entire team initially focused on the requirements of the 
system to ensure that all members had an equal input on what the system needs accomplish upon 
completion. Once the system requirements were established, each member assumed 
responsibility for an appropriate subsystem, field focused, of the project. The project was divided 
into: flight components and autopilot systems, object detection hardware and software, camera 
systems, ground station systems, and project management. 
  
The main flight components include: the frame, the autopilot, and the drive system. The frame 
holds all of the UAS components and provides structure for the UAS. The autopilot 
communicates with the drive system and the on-board computer to control mission commands. 
The autopilot is the central system for controlling the UAS and communicating data to and from 
the ground station. 
  
The obstacle avoidance system uses an Odroid XU3 on-board computer for processing and logic. 
This board serves the purposes of triggering the downward facing camera as well as identifying 
obstacles in the path of the UAS. The board uses optical flow and time to contact software to 
identify when imposing objects will interfere with the flight plan. The Odroid XU3 sends 
updates to the autopilot system as the status of the flight plan is updated or changed. 
  
There are two camera systems on the UAS. One camera is mounted to a gimbal on the bottom of 
the UAS and serves the purpose of capturing images of the buffelgrass. The Odroid XU3 triggers 



this camera every two seconds. This web camera is a lightweight, high-resolution camera that 
meets all the needs of the system but is relatively inexpensive. The same type of camera is used 
for obstacle detection purposes. This camera is mounted on the front of the UAS at a slight 
angle. This camera does not utilize a gimbal like the downward facing camera. This camera does 
not need the same high quality focus that the downward facing camera needs, so the additional 
weight of a second gimbal can be avoided. This camera is placed at an angle because the UAS 
flies at a slight angle when moving forward. 
  
The ground station is the command center for the flight operations and is responsible for the 
creation of the buffelgrass map. During flight operations, two users operate the ground station. 
One user operates the APM Planner software while the other is responsible for the safety 
transmitter. The APM Planner user monitors the flight conditions and sends updates of GPS 
waypoints as needed. The safety transmitter operator is responsible for monitoring the UAS and 
takes manual control of the system if necessary. After the mission is completed, the ground 
station operators upload the image data to the laptop computer. The image data is processed and 
uploaded into the ArcGIS program and the map creation procedures are completed. 
  
Using this system, SABCC will have greater success in their mapping efforts. This system will 
allow their organization to reduce cost of aerial mapping, while reducing the number of 
volunteers needed for mapping. With minimal training, SABCC’s will be able to select a survey 
region, execute the data collection, and have a ready to use map for buffelgrass identification. 
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Abstract

This paper compares the results of the MATLAB flight path simulation earlier with the LabVIEW software
defined radio module which is being developed at Morgan State University in collaboration with Geor-
gia Tech. Research Institute under the Link Dependent Adaptive Radio (LDAR) project. In LDAR, the
communication parameters such as modulation size and coding rate are updated based on the channel
condition. In this simulation QAM size is updated based on the channel throughput in LabVIEW and a
flight path using real aeronautical channels is simulated.

1. Introduction

Radio channel is an integral part of any wireless communication system. Radio channels are unpre-
dictable, and dynamic. Channel conditions affect performance in several ways including noise, multi-
path, Doppler and other effects. In highly dynamic environments such as aeronautical communication
where the speed of aircraft exceeds mach1, channel dynamics, specially fading of the channel becomes
even a bigger issue. Furthermore data demand is growing everyday which causes spectrum scarcity for
all users in the telemetry community. Dedicated links between the ground station and the test article
has proven to be an inefficient bandwidth utilization method. The integrated network enhanced telemetry
(iNET) project - supported by Test Resource Management Center (TRMC) - has aimed at abandoning the
point to point link dedication and moving toward networked telemetry. Georgia Tech Research Institute
(GTRI) and Morgan State University have undertaken a project within iNET aimed at a bandwidth effi-
cient and adaptive system for aeronautical communication. This work is directed at mitigating the high
variance of the aeronautical channels and highly dynamic channel impulse responses of such channels,
Link dependent adaptive radio (LDAR) is an effort to maximize the throughput for telemetry links while
ensuring an acceptable level of data quality and reliability. This effort includes the development and
test of a prototype system that adapts its modulation scheme and error correction coding rate based on
channel conditions in a telemetry environment in real time.[1]

LDAR selects a modulation scheme that maximizes throughput while ensuring a minimum level of link
quality given the current channel conditions. If the quality of channel (SNR or delay spread) is improved,



Figure 1. Variable Rate QAM Transmission for LDAR

a control signal informs both communication parties to switch to a higher data rate. This increase in data
rate is drawn from a table with information on multiple modulation schemes and multiple coding rates.
Later on if the error exceeds the predefined acceptable threshold, the same mechanism ensures that next
transmission happens in a lower data rate, either by reducing the modulation size or by the coding rate
[1]. In iNET standard, two types of modulation are considered; SOQPSK and OFDM-QAM. This paper
focuses on OFDM-QAM signaling [3]. The technical approach to this effort is focused on the OFDM
modulation scheme which incorporates BPSK, QPSK, 16-QAM, and 256-QAM modulations shown in
figure 1, and Convolution coding rates such as, no coding, 3/4 coding and 1/2 coding.

OFDM is a combination of modulation and multiplexing. It is a powerful modulation technique that
increases bandwidth efficiency and reduces the multipath effect. The occurrence of multipath fades the
selected tones carrying data which can be recovered using error correcting codes. OFDM also incorpo-
rates a cyclic prefix to remove inter-symbol interference and to maintain orthogonality in the presence of
multipath [2].

2. System Model

Figure 2 shows a typical OFDM-QAM communication system that have been used in this simulation.

Figure 2. Link Dependent Adaptive Radio System Model

The data is passed on to encoder where additional code bits are inserted. The encoded data is then
passed for modulation. In this work BPSK, QPSK, 16-QAM, and 256-QAM modulation schemes are
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considered. IFFT is applied and pilot are inserted for OFDM multi-tone transmission. This will help in
equalization, synchronization, control, continuity of the transmission.

The data signal is now transmitted through the channel. Channel effects such as noise, distortion, fading
and Doppler result in the low SINR in the signal. At the receiver end, previously added cyclic prefix
is removed. Then the signal is transformed into the frequency domain using FFT. In demodulation, the
transmitted data is extracted out from the carrier frequency. Channel estimation is used to predict the
original signal sent by the transmitter using pilot. Equalization is performed to reverse the distortion
occurred while passing through the channel. Then signal is passed into the decoder and finally the trans-
mitted data is extracted at the receiver. In an earlier work, variable coding rate OFDM for aeronautical
channel were developed and simulated[1,2]. This year, a flight scenario has been developed as a test bed
for Link Dependent Adaptive Radio in LabVIEW and results are compared to MATLAB simulation.

The aeronautical radio telemetry channel is a complex wireless connection between an aircraft and a base
station. Such channels are complicated by the multipath distortion and the Doppler related to high speed
aircraft [2]. If the channel variations are slow enough, then over a short time interval, the channel can be
modeled as linear, time-invariant system whose complex baseband impulse response is of the form:

h̃(t) =
Ł−1∑
K=0

ΓKexp(−jωcτK)δ(t− τ̃K)

Where: Γkis the complex gain of the k-th propagation path;
τk is the propagation delay of the kth propagation path; and
ωcis the RF carrier frequency [4].

3. Flight Scenario

Inspired from LDAR, a flight path demo has been developed which simulates the flight path for test
article (TA) and selects the modulation scheme based on the channel condition. The flight path demo has
three different phases: Taxi, Take off, and Cruise as shown in figure 3. Rice channels are used in this
simulation[5].

Figure 3. Flight Path

TA travels for 3 miles on average speed of 60 MPH before take off. In the takeoff phase, the aircraft
elevates with an angle of 45 degrees with velocity 200 miles per hour for 5 minutes. In the cruise phase,
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the aircraft cruises at the height of 6000 feet with a velocity of 300 miles per hour for 25 miles. Then it
returns on the same path.

Static channel impulse response of the channels during taxi, take off and cruise are shown in figure 4.
These channels are results of measurement done on a test flight which is published in [4].

Figure 4. Impulse Response of Channel for Taxi Take Off and Cruise

In taxi channel, there are three significant impulses where the first and second impulses denote the direct
path and ground bounce respectively. One at the sixteenth tap represents the clutter associated with small
scale fading such as distortion, scattering perhaps from a nearby building in the test range. In the take
off channel, the long delayed tap move closer, and in the cruise channel, only line of sight and ground
bounce is observed.

Log distance path loss model with different coefficient is used to create an SNR profile for the channels
above. Path exponents that vary from 2 to 4 as a function of the flight stage.
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Figure 5. SNR Profile

Figure 5 shows the SNR values for roundtrip of the TA which takes U-turn at time 800 second. The steep
slope of the SNR for first 200 second is used for the Taxi phase of the flight demo. Similarly, SNR values
from 200 to 500 second are used for the takeoff phase, and from 600 to 800 seconds for cruise phase.
After 800 seconds TA returns to the base using its original course and SNR profile.

4. QAM Size Selection

The primary purpose of this project is to demonstrate the selection of the modulation scheme based on
the channel condition. In order to select the available modulation scheme, there has to be a threshold
parameter directly related to the channel condition which in turns tell the modulation scheme to switch.
In this project, Symbol error rate is the threshold parameter which helps to switch the modulation scheme
based on the level of error performance. If the performance of the channel fluctuates above and below
the threshold, the modulation scheme is adopted accordingly.

Figure 6. SER values for variable QAM size for flight path without coding.
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Figure 6 is symbol error rate (SER) curves for BPSK, QPSK, 16-QAM and 256-QAM. The modulation
scheme is selected based on quality of the channel. The threshold value of error is set at 10−4. The graph
represents the selection of high data rate transmission at higher modulation scheme above the threshold
value. When the channel has low SNR, it selects 256-QAM if SER is below 10−4. But, when 256-QAM
has SER more than10−4, it selects 16-QAM. If SER for 16-QAM is more than10−4, it selects QPSK, and
if SER for QPSK is more than10−4, it selects BPSK respectively.

5. Results

LDAR flight path simulation has been simulated under MATLAB in previous phases of this project. The
final stage of LDAR project project involves prototyping and testing the LDAR module. To move the
design closer to FPGA implementation,in this phase, NI USRP Rio 2940 is selected for implementation.
In this work, the result of simulating this flight scenario in LabVIEW is presented.

Figure 7. Flight Path Scenario Snapshots

Figure 7 shows the snapshot of flight path scenarios taken at different time with respect to the distance
traveled by the TA. The above figure also show how the modulation scheme changes based on the channel
performance.
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Figure 8. Comparison of LabVIEW result with last year MATLAB result

Figure 8 shows the snapshot of the flight path animation developed using MATLAB and LabVIEW. For
the comparison of the result between LabVIEW and MATLAB, the data used are identical in both sce-
nario. The results obtained from LabVIEW are identical to those of MATLAB simulation results. The
simulated time for both cases was 26 minutes. The adaptive behavior of the system was also identical on
both cases upon selection of the modulation type. The symbol error rate obtained in both cases are also
identical. Five folds data rate is observed for this path.

To make optimum decisions for parameter selection, coding rate and QAM size have been tested. Figure
9 shows a comprehensive set of results with two different coding schemes and all of the QAM sizes under
study for AWGN channel. These curves results in creation of LDAR tables for all the channels.

Figure 9. Error performance of AWGN channel with variable QAM and code rate.
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6. Conclusion

In conclusion, the Link Dependent Adaptive Radio can be a powerful method to optimize iNET data
throughput. Since, the channel condition determines the data rate. This adaptive mechanism over the
modulation helps minimize the error performance. Also, flight path scenario simulation has shown that
the adaptation over the data rate by switching the modulation scheme based on the channel condition
provides greater throughput.
Comparison of the results for the LDAR using different platforms, has provided feedback which would
be use to optimize the LDAR system in the next phase.
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ABSTRACT 
 
This paper discusses the telemetry system used to monitor the performance of a solar-powered 
vehicle during testing and competitions. Car-side systems collect and transmit data onboard over 
an ISO 11898 / CAN bus. A bridge then converts this data into TCP/IP packets, which are 
transmitted via Ethernet to a Wi-Fi access point. The data is distributed through an IEEE 802.11N 
5GHz mesh network to provide real time data to remote computers running telemetry software. 
This software displays and logs data from the car, allowing team members to monitor the vehicle. 
 
Keywords: Telemetry System Design, CAN Bus, Wi-Fi, COTS, Solar Vehicles 
 
 

1. INTRODUCTION 
 

A practical means of transportation that utilizes renewable energy is a key part of our ability to 
decrease our environmental footprint. The sport of solar car racing has been pushing the 
development of solar technology and its applications since the 1980’s. As with any vehicle, there 
are specific challenges with regard to monitoring the vehicle’s condition. The Missouri S&T Solar 
Car team has implemented a custom telemetry system in the team’s vehicle. The primary objective 
of this system is to enable real time feedback from the car’s electrical and mechanical systems 
during operation to allow real-time strategy adjustments based on weather conditions, driver status, 
and vehicle status. 
 
This system can be viewed primarily as three separate systems: an on-vehicle layer that consists 
of a controller area network bus that allows systems on the car to communicate, a network layer 
that consists of an IEEE 802.11N wireless mesh network that allows data transmission off the 
vehicle, and a software layer which implements the backend to view transmitted data. This system 
is entirely modular, allowing the team to update any individual system isolated from the rest. 
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The primary design goal with the system was to implement it using industry standard 
communication protocols. This allows team members to gather important experience in the tools 
they will use in the field, as well allow team members with this experience to immediately begin 
working on the system with a minimal learning curve. 
  
 

2.  VEHICLE DETAILS 
 
An overview of the vehicle’s electrical system can be seen in Figure 1. The heart of the vehicle is 
a 20kg lithium polymer battery pack consisting of 25 series packs of 5 parallel Dow Kokam 8Ah 

Figure 1 - Electrical Subsystem Diagram 
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cells. The nominal voltage of the pack is 93.6V, which with the individual pack capacity of 40Ah 
gives a nominal whole-pack capacity of 3.7kWh.  Monitoring this pack is a commercial battery 
management system. The system monitors all of the cells in the pack, implementing cell balancing, 
measurement of cell voltages, temperatures, pack current, and pack isolation in the event of a fault.  

 
The upper portion of the car consists of a 6 m2 array of monocrystalline silicon-dioxide solar cells, 
with a nominal power output of 1200W. This array is regulated by maximum power point trackers 
(MPPTs) that regulate the voltage of the array in real time to provide efficiency gains in the 
charging circuit. 
 
Driving the car is a 7.5kW brushless permanent magnet motor, powered by a high efficiency 
(>99.2%) three-phase power inverter and motor controller.  
 
 

3. PHYSICAL LAYER IMPLEMENTATION 
 

Figure 2 details the physical layer of the vehicle. The system can be broke down into two main 
sections: the physical layer on the vehicle (the Vehicle Layer), and the networking layer that 
controls data transmission to the rest of the team (the Network Layer). 

Figure 2 - Physical Layer Implementation 
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A. THE VEHICLE LAYER 
 

The Vehicle Layer consists of a Controller Area Network (CAN) bus which implements CAN 
2.0B [1]. This layer consists of all of the CAN devices on the vehicle: the motor controller, battery 
management system, driver electronics input processing hardware, and MPPTs. The final device 
on this bus is a CAN to Ethernet bridge. It converts each CAN message packet on the network into 
a User Datagram Protocol (UDP) [2] broadcast packet that is sent out over Ethernet. This UDP 
packet is the link between the physical Vehicle and Network layers and the software layer detailed 
in Section 4 – Software Layer Implementation. 

 
Devices on the CAN network serve a variety of functions. These can be broken down as follows 
in Table 1. 

 
Table 1 - CAN Device Functionality 

 
Device CAN Function 
Motor Controller Receives and parses CAN messages transmitted by the 

driver electronics system to control the motor state. Also 
transmits detailed telemetry data about the status of the 
motor. 

Battery Management System Implements the protection functionality detailed in 
Section 2 – Vehicle Details. Transmits detailed 
telemetry data regarding the status of both the entire 
battery pack and of individual cells in the pack. 

Driver Electronics Processes information from the vehicle’s driver 
compartment and the controls therein. Uses this data to 
transmit CAN messages to the motor controller 

Maximum Power Point Trackers Transmits telemetry data about the state of the array 
 

 
B. THE NETWORK LAYER 

 
At the core of the network layer is an IEEE 802.11N [3] wireless network with full TCP/IP 
capabilities. The network runs on a 40MHz block of spectrum in the 5GHz band, and transmits 
with 1W of transmit power at each node. The number of nodes in the network varies depending on 
the situation, but is typically either three nodes when traveling in a convoy, or up to six when on 
a track. 

 
When configured for traveling in a convoy, there is one node on the solar vehicle, along with one 
node each for a lead and chase vehicle that always travels with the solar vehicle. This ensures that 
anywhere in the convoy anyone running the software can view data coming from the vehicle. 
Inside of the chase vehicle there is a computer that is running the telemetry software layer full time 
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logging data from the vehicle and reading data off to the team. A typical track configuration would 
consist of multiple access points positioned around the track to ensure consistent connection with 
the car.  

 
At any one of the wireless access point nodes, a wired Ethernet connection can break out to allow 
more computers to connect. At one wireless node, a wired connection does break out and connect 
to a router. This is the DHCP server for the network, ensuring that all TCP/IP devices receive an 
IP address and can function properly. 
 
 

4. SOFTWARE LAYER IMPLEMENTATION 
  
As mentioned in Section 3.1, the link between the software layer and the physical layer is UDP 
broadcasting. UDP broadcasts relieves strain on the network because it doesn’t necessitate 
individual TCP connections between nodes. Instead, the CAN to Ethernet bridge on the Vehicle 
Layer broadcasts individual UDP packets, which can then be received by any node on the network 
which is “listening” for those packets. 
 

A.   SOFTWARE ARCHITECTURE 
 

Due to the diversity of team development environments, wide platform needs, and familiarity with 
the language, the telemetry software is written in Java. This allows the software to run on the Linux 
based embedded system in the driver display, the Windows based PCs in the convoy, and the Mac 
computers used by many team developers. 

 
Java is well-suited to this use. It is perhaps the easiest solution for cross-platform UI development 
[4], it has wide library support that allows the team potential to upgrade the software with 
additional features easily, and is a common, widely known language the team had experience with 
in the development cycle. 
 
The most basic part of the software is its ability to parse the CAN messages that are being broadcast 
over UDP from the CAN-Ethernet bridge on the vehicle. The company which produces this bridge 
has made public a specification on this format [5], which is what was used in development of the 
team’s software. 

 
B.  SOFTWARE DATA 

 
The telemetry system displays every piece of data that is transmitted on the CAN bus on the 
vehicle. A full display can be seen in Figure 3. This includes: 
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- Battery management system flags 
- Battery management faults & warnings 
- Main pack voltage 
- Individual minimum and maximum cell voltages 
- Main pack net current 
- Remaining pack capacity 
- Average, minimum, and maximum cell temperatures 
- Motor controller errors 
- Distance traveled 
- Speed 
- Motor voltage/current 
- Motor temperature 
- Coulomb counting 
- Individual sub-array currents and voltages 

 

 
Figure 3 - Telemetry Display 
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C. SOFTWARE LOGGING 
 

While real-time analysis of data is critical for the team to be able to function during a race, some 
of the largest insights come from more in depth analysis of data after the drive is finished. To that 
end, the telemetry software is capable of logging data that is received at set intervals. The team 
logs data any time the car is driving at 200ms intervals. The UI updates as packets are received, 
and continuous logging would provide the most accurate logs, however the team found the best 
balance between log size, enough resolution in the data, and programming convenience led to a 
rate of around 5Hz. Each entry printed in the log contains a timestamp, along with all of the data 
displayed in the UI at that time. 
 
 

5. DATA ANALYSIS 
 

As mentioned in Section 4.3, post-drive analysis provides perhaps the most valuable insights 
gathered in the team’s telemetry system. The team can glean information much more in-depth than 
what can be seen in real-time; information like how different drivers handled a track can be 
compared, places where the vehicle struggled to get up a hill can be seen, and many more 
observations can be made. Figure 4 shows a graph of a drive around a parking lot at Missouri S&T. 
Between 5-7 minutes in the graph above, the speed can be seen varying almost like sinusoid. From 
this it can be inferred that this was during a drive on a looped circuit where the driver had to slow 

Figure 4 - Analysis Graph 
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significantly for the turns in the loop. This was in fact the case, where the circuit was a tight oval. 
While this is a simple example, this type of logging analysis can lead to much more in-depth 
analysis of more complicated courses and routes on longer drives. It can also be used to compare 
different drivers on one track, something that is immensely useful when the team finds itself with 
multiple drivers at every race. 
  
 

6. CONCLUSION 
 
The Missouri S&T Solar Car team has implemented a modular system to gather, transmit, and 
display data from its solar vehicle. These three layers allow a system that can be implemented on 
a stationary track over a very large area, or implemented on a moving vehicle convoy at high 
speeds. 
 
The addition of telemetry software to the team’s arsenal has been huge. It has turned from a team 
that was unable to analyze any statistics and merely guessing at efficiency and race strategy to a 
team that knows thoroughly how its car runs under many conditions. The team knows what drivers 
have what strengths, and can plan accordingly on how to place someone in the driver’s seat. The 
benefits gained from this project have been more than worth the amount of time and team resources 
put into it. 
 
As helpful as it has been, the team is still in the process of improving it. There are plans to add 
more real-time analysis to help bridge the gap between the insights of post-drive analysis and real-
time data, along with plans to revamp the user interface of the software, and some changes at the 
physical layer to strengthen connections during certain scenarios.  
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Gold Sponsors

CALCULEX              Quasonix L-3

Viasat                   Spectracom

ITC continues to be run by an all-volunteer
organizing committee without whom the
conference would never come to pass. The
Board of the International Foundation for
Telemetering wishes to thank all ITC
volunteers, and the companies who sponsor
them, for their generous contributions to
making this forum the premier event it has
been for the past 51 years.

Welcome to ITC 2015.  This installment of ITC begins our second half-
century of high quality offerings for the telemetering community!  

As always, we will provide educational and professional development
opportunities as well as state-of-the-art exhibits.  In particular, we are
offering eleven short courses ranging from tutorial to advanced level
treatments of important telemetering concepts.  The opening Keynote
Session focuses on telemetry spectrum issues of concern to the
Spectrum Stewardship Senior Steering Group (S4G).  In particular, the
panel will focus on issues surrounding the AWS-3 auction and future
requirements for spectrum sharing.  The Technical Program is comprised
of 28 sessions.  Each session features presentations of papers submitted
and reviewed by technical experts from the telemetering arena.

The conference theme is “Telemetry is Everywhere.” While flight test
and evaluation continue to be the driving forces in telemetry, significant
progress is being made in telemetering of everyday systems, from health
and automotive applications to home automation gear.  In keeping with
this theme, the luncheon banquet provides an overview of telemetering
as applied to “Location Sensing for the Internet of Things.”  

In addition to standards group and steering committee meetings, two
large halls of exhibitors are showcasing their latest products and
services.  Our traditional icebreaker social event will be held Monday
evening as well as afternoon receptions in the exhibit halls. 

I take this opportunity to thank the all-volunteer organizing committee
for their significant efforts to make this conference a success.  On their
behalf, I welcome you to ITC 2015, and look forward to seeing you there.

~ Michael Marcellin
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Calendar subject to slight modifications.  Consult on-site program for latest information.

Free!

All
Welcome

No other venue provides the depth of coverage on the
telemetry industry than you’ll get from ITC.  The conference
theme is “Telemetry is Everywhere.” While flight test and
evaluation continue to be the driving forces in telemetry, significant progress is being made in
telemetering of everyday systems, from health and automotive applications to home automation
gear.  As always we’re kicking the conference off with the Icebreaker on Monday night that you
won’t want to miss.  The conference caps off our special events with a conference luncheon on
Wednesday.  In keeping with our theme, the luncheon banquet will provide an overview of
telemetering as applied to “Location Sensing for the Internet of Things”, presented by Dimitrios
Lymberopoulos from Microsoft Research.

#ITCUSAROCKS#ITCUSAROCKS

EVENT GUIDE DATE TIME

Registration Sunday, October 25 4:00pm–6:30pm

Monday, October 26 7:00am–6:00pm

Tuesday, October 27 7:00am–5:45pm

Wednesday, October 28 7:30am–11:45am / 2:00pm–5:00pm

Thursday, October 29 8:00am–10:00am

Short Courses Monday, October 26 9:00am–5:00pm
(See pages 7–8 for complete short course information) 

Exhibition Hours Tuesday, October 27 10:00am–6:00pm

Wednesday, October 28 8:00am–11:45am / 2:00pm–6:00pm

Thursday, October 29 8:00am–12:00pm

Exhibitor Setup Sunday, October 25 8:00am–6:00pm
Monday, October 26 8:00am–6:00pm

Technical Sessions Tuesday, October 27 1:30pm–4:30pm

Wednesday, October 28 8:30am–11:30am / 2:30pm–5:30pm

Thursday, October 29 8:30am–11:30am

Special Events
Icebreaker Monday, October 26 6:30pm–8:30pm

Opening Ceremony &
Blue Ribbon Panel Tuesday, October 27 8:00am–10:00am

Student Luncheon Tuesday, October 27 11:00am–1:00pm

Networking Break in the Exhibit Halls Tuesday, October 27 4:30pm–6:00pm

Networking Break in the Exhibit Halls Wednesday, October 28 4:30pm–6:00pm

Conference Luncheon Wednesday, October 28 12:00pm–2:00pm
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DA
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27

8:00 AM

Opening Ceremony & Blue Ribbon Panel  >Location:  Skyview 5/6

AWS-3 Post Mortem and the Age of Spectrum Sharing
Panelists: Derrick Hinton – Principal Deputy Director, Test Resource Management Center (TRMC); Paul D. Mann – Executive Director, Army Test & Evaluation

Command (ATEC), WSMR; Dr. Joseph W. Nichols – Technical Advisor for Flight Test and Evaluation, Air Force Test Center (AFTC), Edwards AFB; Thomas C. Dowd –

Director, Range Department, Naval Air Warfare Center Weapons Division (NAWCWD), Naval Air Systems Command (NAVAIR), Point Mugu, CA

CLOSED

10:00 AM Exhibits Are Open from 10:00 AM to 6:00 PM

OPEN
10:00
AM
to

6:00 
PM

11:00 AM
to

1:00 PM

Student Luncheon  >Location:  Skyview 3

Telemetry from an Experimental Test Pilot’s Point of View:  
A Lifeline to the Edge of the Envelope

Speaker: Thomas L. Macdonald – Research Pilot, Boeing Test & Evaluation Vertical Flight Operations

1:30 PM
to 

3:30 PM

Technical 
Sessions:

1.
Short-Range
Telemetery

2.
Data Security and

Integrity

3.
Modulation and

Coding I

4.
Networks 1

5.
Range Systems

I

6.
Antennas and

RF I

7.
Sensors and

Data Acquisition

8.
Demonstration

Systems

4:30 PM Networking Break  >Location:  Exhibit Halls  (4:30 PM – 6:00 PM)

CONFERENCE
AT A GLANCE

4

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

TIME

9:00 AM
to

5:00 PM

Advanced
Modulation &
Demodulation
Techniques

Basic
Signals &
Modulation

Consultative
Committee for
Space Data

Systems (CCSDS)

iNET
Telemetric
Networks

Principles &
Implementation of the
IRIG 106-15 Chapter 10
Digital Recording Standard

Spectrum
& Signal
Analysis

Basic
Systems

Engineering

Fundamentals
of Microwaves

& RF

Basics of
Aircraft

Instrumen-
tation

Introduction
to Analyzing
Ethernet Data

Introduction to
Scientific Test
& Analysis
Techniques

SETUP

6:30 PM
to

8:30 PM

ITC/USA 2015 Icebreaker:  
>Location:  Skyview 5/6

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

11:45 
AM

8:30 AM
to

10:00
AM

Technical
Sessions:

9.
ICTS

10.
Modulation and

Coding II

11.
Networks II

12.
Antennas and 

RF II

13.
Software Tools

14.
Signal Processing

12:00
PM

Conference Luncheon & Keynote Speaker  >Location:  Skyview 5/6

Location Sensing for the Internet of Things
Speaker: Dr. Dimitrios Lymberopoulos – Researcher, Microsoft Research

CLOSED

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

OPEN
2:00 
PM
to

6:00 
PM

2:30 PM
to 

4:00 PM

Technical
Sessions:

15.
iNET

16.
RCC Telemetry

17.
Data Security and

Integrity II

18.
Software Defined

Radio

19.
Modulation and

Coding III

20.
Antennas
and RF III

21
Hardware

Implementations

Networking Break  >Location:  Exhibit Halls  (4:30 PM – 6:00 PM)

TH
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9

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

12:00
PM

8:30 AM 
to 

10:30
AM

Technical
Sessions:

22.
MDL

23.
Modulation and

Coding IV

24.
Networks III

25.
Antennas and 

RF IV

26.
Hardware and 
3D Printing

27.
Imaging and 

Video Processing

28.
Telemetering Apps

Exhibits Are Open Until 12:00 PM

Special

Session
Special

Session

Special

Session
Special

Session

Free!
All Welcome!

Free!
All Welcome!

Fun!
Food!

Entertainment!

Special

Session
Special

Session

* All are invited to

attend. Only students

with ticket will be

eligible for the meal.

Special

Session
Special

Session

Free!
All Welcome!
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OPENING CEREMONY & BLUE RIBBON PANEL
>Tuesday, October 27, 2015  8:00am – 10:00am | Skyview 5/6

AWS-3 POST MORTEM AND THE
AGE OF SPECTRUM SHARING
With the increasing spectrum demands by both commercial services and weapon system
testing, there are fewer opportunities for outright reallocation of Federal spectrum to
support advanced wireless services.  The AWS-3 auction, specifically the process of
identifying the 1755–1780 MHz band for reallocation, ushered in a new concept of
sharing the critical RF spectrum resource to foster the economic benefits of commercial
wireless services while maintaining the ability to adequately test weapon systems.  Come
and listen to S4G Senior leaders on the panel discuss this important topic. 

S4G Panelists:
G. Derrick Hinton – Principal Deputy Director, Test
Resource Management Center (TRMC), Office of the Under
Secretary of Defense for Acquisition, Technology and Logistics
[USD(AT&L)]
Mr. G. Derrick Hinton is a member of the Senior Executive Service with a 25-
year civilian career in the Department of Defense (DoD).  In his current role as
the Principal Deputy Director, Test Resource Management Center (TRMC) with-
in the Office of the Under Secretary of Defense for Acquisition, Technology and

Logistics [USD(AT&L)], Mr. Hinton is the principal staff assistant and advisor to the Director,
TRMC for all matters pertaining to assessment of and strategic planning for the Major Range and
Test Facility Base (MRTFB); these responsibilities include annual certification of the Military
Department and Defense Agency Test and Evaluation (T&E) budgets and development of the
Congressionally-directed biennial Strategic Plan for DoD Test and Evaluation Resources.  In addi-
tion, he oversees the management of the Central Test and Evaluation Investment Program
(CTEIP), the Test and Evaluation/Science and Technology (T&E/S&T) Program, and the Joint
Mission Environment Test Capability (JMETC) Program, whose annual budgets collectively total
over $300M; and the National Cyber Range (NCR).
He began his career serving in the United States Marine Corps Reserve from 1985 to 1991, enter-
ing the DoD civilian workforce in 1989 as a Test Engineer responsible for munitions T&E with the
46th Test Wing at Eglin Air Force Base, FL.  In 1996, Mr. Hinton joined the AT&L team, initially serv-
ing in the Office of the Director, Test, Systems Engineering, and Evaluation.  He transitioned to the
Office of the Director, Operational Test and Evaluation (DOT&E) in 2001 and joined the Test
Resource Management Center (TRMC) in 2005, taking on the role of Principal Deputy Director,
TRMC in 2009.  
During his tenure with AT&L, Mr. Hinton has made significant contributions to policy and T&E
investment programs. While dual-hatted as Program Manager for CTEIP and the T&E/S&T
Program, he executed a combined annual budget of approximately $200M, led management of all
instrumentation development efforts sponsored by TRMC, and held responsibility for maturing
and transitioning technology to enhance the overall DoD T&E capability. Mr. Hinton successfully
ensured the use of a corporate investment approach to combine Service and Defense Agency T&E
needs, thereby maximizing opportunities for Joint and multi-Service efforts and eliminating unwar-
ranted duplication of test capabilities across the MRTFB. 

Paul D. Mann – Executive Director, Army Test & Evaluation
Command (ATEC), White Sands Missile Range, NM,
Mr. Paul D. Mann led U.S. Army White Sands Missile Range as Director from 6
June - 2 July 2014.  Mr. Mann was selected as Deputy to the Commander/
Executive Director for the U.S. Army White Sands Missile Range (WSMR) in
September 2013.  Mr. Mann is responsible for the successful operation of the
largest over-land missile test range within the Department of Defense (DoD).
He is responsible for the development, approval and implementation of all scien-

tific and technical policies and procedures in support of stakeholders.  He leads the resource
management plans/programs and provides technical direction to the workforce.

Mr. Mann was previously assigned as the Deputy Director, Land Warfare and Munitions, within the
Office of the Under Secretary of Defense for Acquisition, Technology and Logistics.  His appoint-
ment to Senior Executive Service in 2010 supported USD AT&L in oversight and stewardship of
Land Warfare & Munitions Programs and Initiatives.  He supported AT&L in the formulation/imple-
mentation of acquisition strategy, policy, program assessments and oversight for Ground Combat
and Tactical Vehicle Programs, Ground Radar and Ground C2 Programs, Rotary Wing and the Joint
Ground Robotics Consortium.

Dr. Joseph W. Nichols – Technical Advisor for
Flight Test and Evaluation, Air Force Test Center (AFTC),
Edwards AFB, CA
Dr. Joseph W. Nichols, a senior-level executive, is the Technical Advisor
for Flight Test and Evaluation, Air Force Test Center, Edwards Air Force
Base, Calif. He is the senior technical advisor to the AFTC Commander
regarding health and suitability of airframe, avionics, installed propulsion,
and electronic warfare flight and supporting ground test capability

across AFTC’s test ranges and facilities valued at more than $31 billion, including 116 aircraft
and 164 ground test facilities. AFTC’s workforce of 18,000 military, civilians, and contractors
and its ranges and facilities are located across the U.S. including Edwards AFB; Eglin AFB, Fla.;
Holloman AFB, N.M.; and Arnold AFB, Tenn. Dr. Nichols establishes flight test and evaluation
technical policy and procedures, and provides technical expertise and direction to the AFTC
work force. He formulates testing approaches to assure scientific validity, effectiveness and effi-
ciency in accomplishing ground and flight tests. Dr. Nichols represents the center on the Air
Force Materiel Command Engineering Council, the Executive Committee of the Range
Commanders Council, and the Spectrum Stewardship Senior Steering Group. 
Dr. Nichols served for 26 years as an Air Force officer, retiring as a colonel. During this mili-
tary career he served as a flight test engineer, test squadron commander and group command-
er. He was a senior non-rated aircrew member with flight test experience in the F-111, F-16,
C-130 and C-17. Dr. Nichols was appointed a Senior Leader executive in October 2013. 

Thomas C. Dowd – Director, Range Department,
Naval Air Warfare Center Weapons Division (NAW-
CWD), Naval Air Systems Command (NAVAIR), Point
Mugu, CA
Mr. Thomas C. Dowd currently serves as the Director, Range
Department and is responsible for all Naval Air Systems Command
(NAVAIR) Ranges as well as the Air Vehicle Modification and
Instrumentation (AVMI) Department.  The department headquarters is

located at Point Mugu, CA. and is a part of the Naval Air Warfare Center Weapons Division
Command.  The department is responsible for the management of NAVAIR’s ranges, primari-
ly located at three sites, Patuxent River, Md., China Lake, CA. and Point Mugu, CA.  Mr. Dowd
has 26 years of civilian service with the Department of the Navy and was appointed to the
Senior Executive Service in November of 2014.
He began his civilian career in 1988 as an aerospace engineer with the Point Mugu Missile Test
Center after graduating from Boston University in 1987 with a bachelor’s of science degree in
aerospace engineering.  He worked for 5 years as a flight test engineer performing test and
evaluation of Navy cruise missile systems such as the SLAM, HARPOON and Penguin missiles.
From 1992-2001 he worked in the Airborne Threat Simulation Division, Threat/Target Systems
Department at Point Mugu where he served as the division head for 7 years.  The division
focused on the exploitation and hardware simulation of foreign threat electronic warfare sys-
tems. The simulators, that the Airborne Threat Simulation Organization produced, were used
for the test and evaluation of Navy, Army and Air Force platform radar and missile seeker sys-
tems.
From 2001–2003 Mr. Dowd worked in the NAVAIR Network Centric Warfare (NCW) Office
at Patuxent River. In 2002 Mr. Dowd became the civilian deputy for the NCW office in sup-
port of the expanding office and its role in bringing about the FORCEnet initiative for the
Navy and other capabilities for naval aviation.

Compelete bios will be shown in the Onsite Guide at the conference.

ITC/USA’15 GUEST SPEAKERS
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CONFERENCE LUNCHEON
>Wednesday, October 28, 2015
12:00pm – 2:00pm | Skyview 5/6

LOCATION SENSING FOR THE INTERNET OF THINGS

Luncheon Speaker:  Dr. Dimitrios Lymberopoulos
Microsoft Research

As millions of devices, with sometimes limited power resources, are expected to be
deployed both indoors and outdoors, efficient location sensing for telemetry applications
becomes a challenging problem.  Typical GPS receivers, although widely available, consume
too much energy to be useful for many telemetry applications, and they don’t work indoors. In the first part of my talk, I
will present a low power GPS-based location sensing technology that is based on the observation that in many scenarios,
the location information can be post-processed versus being computed in real-time. In the second part of my talk, I will
focus on indoor location sensing.  I will present the results of the 2014 and 2015 Microsoft Indoor Localization
Competition, highlighting the current state-of-the-art in indoor location sensing technologies.

Dimitrios Lymberopoulos has been a Researcher at Microsoft Research since 2008. His work has focused on low power
sensing architectures, indoor location technologies and mobile context sensing for mobile web search services.  He
received his Ph.D. degree from the Electrical Engineering department at Yale University in 2008, where he designed and
implemented wireless sensor networks for privacy-preserving, in-home elderly care monitoring.

STUDENT LUNCHEON SPEAKER
>Tuesday, October 27, 2015 11:00pm – 1:00pm | Skyview 3
Major General USA® John M. Custer is the Director of EMC’s Federal Strategic Missions and Programs.
Come listen as he delivers an inspirational speech to the future professionals of telemetry.

WELCOME TO A WORLD WITHOUT LIMITS

Speaker:  John M. Custer, MG(R)
Director, Federal Missions and Programs, EMC Corporation

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

Advanced Modulation
& Demodulation

Techniques For Telemetry

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

Terry Hill, 
Quasonix, LLC

Basic Signals
& Modulation

This course is directed towards beginning technical personnel or telemetry personnel with limited experience in commu-
nications and modulation systems.  The course will cover basic concepts necessary to understanding the data communi-
cations 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, 

NASA Langley
Research Center

Consultative
Committee for Space
Data Systems (CCSDS) 

With applications in land, sea, air and space telemetry systems, the CCSDS tutorial provides an overview of the
Consultative Committee for Space Data Systems (CCSDS) standards for communications.  It provides a graphical 
depiction of the CCSDS protocol stacks with references to the more common OSI stack.  It includes descriptions of 
practical applications for high-latency and error-prone links, reasons to include different forms of forward error 
correction and compression, practical reasons for using packet telemetry, considerations for making everything IP-based,
concerns over security, new applications of short and medium distance Wi-Fi techniques, and interoperability interests
between civil and defense systems.  The course focuses on standard commanding, telemetry and node-to-node 
communication operations for remote data systems.  Students should have a general technical competency and 
understanding of communications theory, protocols and systems.

Robert Ritter, 
IMI/RT Logic

iNET Telemetric
Networks

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

Thomas Grace,
NAVAIR

Patuxent River
& Ben Abbott,

SwRI

Principles &
Implementation of 
the IRIG 106-15

Chapter 10 Digital
Recording Standard

This course will present an in-depth look at the IRIG 106 Chapter 10 Digital Recording Standard.  Each section within the
standard will be covered along with implementation, compliancy, interoperability, data processing and validation methods.
Lessons learned and insight into development and applications of Chapter 10 recorders, test equipment and software
throughout the test and operational communities will also be presented.  A review of emerging implementations and the
next release of the standard will also be conducted.

Al Berard,
Air Force Test

Center, Eglin AFB
& Mark Buckley,

Telspan Data

Spectrum and Signal
Analysis

This course explores the range of measurements that can be made with a vector spectrum analyzer, from swept
measurements of the RF spectrum through spur searches and pulsed signal measurements and on to more advanced
measurements like phase noise, noise figure and demodulation of communications signals.  The material presented is
suitable for beginners, but can also serve as a useful survey for more experienced users.

Donald
Vanderweit,

Keysight
Technologies

Basic Systems 
Engineering

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

Halil Altan, 
Altan Tech
Consulting

Fundamentals
of Microwaves

and RF

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

Mark
McWhorter,
Lumistar, Inc.

SHORT COURSES
>MONDAY, OCTOBER 26, 2015 | 9:00AM–5:00PM

* Short courses continued on page 8
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Short Course Description Instructor

Basics of Aircraft
Instrumentation

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

Carl Kowalski
& Jim Alich,

412 Test Wing
Edwards AFB

Introduction to
Analyzing Ethernet

Data

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

Paul Ferrill, 
Avionics Test 
and Analysis
Corporation

Introduction to
Scientific Test &

Analysis Techniques

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

Dr. Mark Kiemele,
Air Academy
Associates

ITC/USA 2015 TECHNICAL SESSIONS AND SESSION CHAIRS
>Tuesday, October 27
Session 1. Short-Range Telemetery
Teresa Telles, NAVAIR China Lake

Session 2. Data Security and
Integrity
Tim Gatton, Wideband

Session 3. Modulation and Coding I
Steve Horan, NASA Langley Research
Center

Session 4. Networks 1
Jessica Moore, Systems & Integration,
Boeing Test & Evaluation

Session 5. Range Systems I
Bruce Lipe, NASA

Session 6. Antennas and RF I
Christian Winklemann, Boeing

Session 7. Sensors and Data
Acquisition
Joseph Bilodeau,  Boeing Instrumentation &
Data Systems

Session 8. Demonstration Systems
Brian Keating,NAVAIR

>Thursday, October 29
Session 22. MDL* 
Lee Eccles, Boeing

Session 23. Modulation and
Coding IV
Michael Rice, BYU

Session 24. Networks III
Thomas Fisher, Boeing Test &
Evaluation

Session 25. Antennas and RF IV
Ron Pozmantier, Air Force Test Center,
Edwards AFB

Session 26. Hardware and 3D
Printing
Phil Ellerbrock, The Boeing Company

Session 27. Imaging and Video
Processing
Ken Wilhelm, Boeing Corporation

Session 28. Telemetering Apps
Bruce Johnson, NAVAIR PAX River

Session 9. ICTS * 
Jean-Claude Ghnassia, ICTS
Chairman & Mikel Ryan, ICTS Vice
Chairman
Session 10. Modulation and
Coding II
Thomas Grace, NAVAIR PAX River

Session 11. Networks II
Mark Smedley, NAVAIR

Session 12. Antennas and RF
II
Darryl Burkes, NASA

Session 13 Software Tools
Jon Morgan, JT3, Edwards Air Force
Base

Session 14. Signal Processing
Edward Bukowski, US Army
Research Laboratory

Session 15. iNET * 
Thomas Grace, NAVAIR

Session 16. RCC Telemetry*
Darryl Burkes, NASA

Session 17. Data Security and
Integrity II
Scott Kujiraoki, NAVAIR

Session 18. Software Defined
Radio
Dan Harris, L-3

Session 19. Modulation and
Coding III
Jesus Nevarez, White Sands Missile
Range

Session 20.  Antennas and RF
III
Steven Meyer, Airborne
Instrumentation Systems Division
Project Coordination Branch, NAVAIR

Session 21. Hardware
Implementations
Shannon Wigent, Laulima Systems

* Special Session

>Wednesday, October 28
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>WEDNESDAY, OCTOBER 28, 2015
Conference Luncheon 12:00pm–2:00pm
Location Sensing for the Internet of Things >Skyview 5/6
You won’t want to miss this exciting and extremely entertaining presentation by Dr. Dimitrios Lymberopoulos, a Researcher
at Microsoft Research since 2008.  He will present a low power GPS-based location sensing technology that is based on the
observation that in many scenarios, the location information can be post-processed vs. being computed in real-time. He will
also focus on indoor location sensing and present the results of the 2014 and 2015 Microsoft Indoor Localization
Competition, highlighting the current state-of-the-art in indoor location sensing technologies. Come and enjoy a delicious
lunch while listening to this exciting presentation.

Tickets: $25.00/person.

Networking Break 4:30pm–6:00pm
Come enjoy some refreshments in the exhibit halls as you meet with our exhibitors! >Exhibit Halls

>TUESDAY, OCTOBER 27, 2015
Opening Ceremony & Blue Ribbon Panel 8:00am–10:00am

AWS-3 Post Mortem and the Age of Spectrum Sharing >Skyview 5/6
The opening Keynote Session will focus on telemetry spectrum issues of concern to the Spectrum Stewardship Senior Steering
Group (S4G).  Come listen to S4G Senior leaders discuss issues surrounding the AWS-3 auction and future 
requirements for spectrum sharing.  A light continental breakfast will be served at 7:30am and the program will begin 
promptly at 8:00am. 

Student Luncheon 11:00am–1:00pm

Welcome To A World Without Limits >Skyview 3

Major General USA® John M. Custer is the Director of EMC’s Federal Strategic Missions and Programs. Come listen as he

delivers an inspirational speech to the future professionals of telemetry.

* All are invited to attend.  Only students with  a ticket will be eligible for the meal.

Networking Break 4:30pm–6:00pm
Come enjoy some refreshments in the exhibit halls as you meet with our exhibitors! >Exhibit Halls

>MONDAY, OCTOBER 26, 2015
ITC Icebreaker 6:30pm–8:30pm

>Skyview 5/6

Kick off your conference experience by meeting and networking with about 600 of your fellow peers and colleagues from

across the industry.  The conference opening reception will bring together conference delegates from across the country as

well as locally. What a great way to connect with attendees, exhibitors, and speakers while you enjoy a fantastic night of food

and fun!  Everyone is welcome to this event — a great way to renew old acquaintances and make new contacts.  

Free!
All Welcome!

Free!
All Welcome!

Seating for the luncheon is limited, so buy your ticket(s) early.  Online purchase is available through
October 22, 2015 — just go to www.telemetry.org.  Or you can buy your tickets on-site at the 

registration desk starting Sunday, October 25th at 4:00pm.

Free!
All Welcome!

Free!
All Welcome!



I
T

C
/U

S
A

 
2
0
1
5

10

ABOUT ITC/USA 2015

Background

The International Telemetering Conference/USA (ITC/USA) is an annual forum and
technical exhibition sponsored by the International Foundation for Telemetering
(IFT), a non-profit corporation dedicated to serving the technical and professional
interests of the telemetering community, including the establishment and support
of scholastic telemetry programs at six universities.  The 3½-day conference
consists of technical presentations, tutorials, and short courses arranged in
concurrent sessions and complemented by a technical exhibition area that features
latest-technology product demos and displays from more than 100 industry
suppliers.

The unique relationship between the manufacturing community and users in both
government and industry has produced yearly conferences that have led to
continued advancements of the telemetering and instrumentation
systems/equipment we rely on today, as well as the continuing education of
telemetering professionals worldwide.

Who Should Attend?

If you are involved with any kind of aerospace, vehicular, biomedical, meteorological,
or industrial telemetry applications, then you belong at ITC/USA 2015.  This
premier forum brings together customers, suppliers, academics, and the engineering
community to discuss how technology is revolutionizing the field.

Why Attend?
> Unprecedented opportunity to network with the industry’s leading experts and

innovators
> Robust technical program covering the latest policies, trends, constraints, and

breakthroughs shaping the industry
> Expert commentary from keynote speakers
> Wide selection of short courses to keep you on top of technology

developments
> Attain Continuing Learning Points (CLPs) to further your professional

development

Why Exhibit?
> Extremely affordable way to reach the telemetry industry’s movers and shakers
> Captive audience of over 2,000 telemetry engineers, scientists, and management

personnel
> Outstanding opportunity to stay abreast of the competition and get new ideas

to expand your product base
> Highly targeted direct mail opportunities to conference attendees

An acclaimed international technical symposium for 51 years
running, ITC remains the world’s most comprehensive telemetry
event.  With everything from in-depth technical short courses
and technical briefs presented by real-world experts to world-
class speakers and cutting-edge exhibits, this show has
something for everyone in the industry.  Don’t miss out!

ABOUT
ITC/USA 2015
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ITC/USA 2015 EXHIBITOR LIST (AS OF JUNE 27, 2015)

ADAS  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .521

Air Academy Associates  . . . . . . . . . . . . . . . . . . .2142

AIT  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .509

Alta Data Technologies  . . . . . . . . . . . . . . . . . . . . .505

AMERGINT Technologies . . . . . . . . . . . . . . . . . . .810

Apogee Labs, Inc.  . . . . . . . . . . . . . . . . . . . . . . . .2214

Apollotek Ltd  . . . . . . . . . . . . . . . . . . . . . . . . . . .2141

Astro Haven Enterprises  . . . . . . . . . . . . . . . . . .2237

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

Clear-Com  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .507

Compunetix Inc.  . . . . . . . . . . . . . . . . . . . . . . . . .2140

CPI Malibu Division  . . . . . . . . . . . . . . . . . . . . . . .519

Curtiss-Wright Controls 
Avionics & Electronics (CWC-AE)  . . . . . . . . . . .209

Delta Digital Video/Ampex . . . . . . . . . . . . . . . . .2242

DEWESoft LLC . . . . . . . . . . . . . . . . . . . . . . . . . . .511

Dewetron  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .803

Dynetics  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .2135

EMC Corporation  . . . . . . . . . . . . . . . . . . . . . . . .201

ESE  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .501

Galleon Embedded Computing  . . . . . . . . . . . . .2223

GDP Space Systems/Acroamatics  . . . . . . . . . . .2241

Haigh-Farr  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .2123

Herley Industries, Inc. . . . . . . . . . . . . . . . . . . . . .2129

Instrumentation Technology Systems . . . . . . . . .2119

IPtec Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .517

JT3  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .2127

L-3 . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .2015 

Lumistar  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .2234

Meggitt Sensing Systems . . . . . . . . . . . . . . . . . . .2240

Microwave Innovations . . . . . . . . . . . . . . . . . . . .2125

Mu-Del Electronics  . . . . . . . . . . . . . . . . . . . . . . .2340

NASA Armstrong  . . . . . . . . . . . . . . . . . . . . . . . .2115

NASA Wallops Flight Facility  . . . . . . . . . . . . . . . .610

NAVAIR Ranges  . . . . . . . . . . . . . . . . . . . . . . . . .2146

NetAcquire Corporation  . . . . . . . . . . . . . . . . . . .217

OnTime Networks  . . . . . . . . . . . . . . . . . . . . . . .516

Orbit Communication Systems, Inc.  . . . . . . . . . .616

Pulse Research Lab  . . . . . . . . . . . . . . . . . . . . . . .421

Quasonix . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .317

Ramona Research, Inc.  . . . . . . . . . . . . . . . . . . . .2215

Raytheon  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .2035

Rotating Precision Mechanisms Inc. . . . . . . . . . .2217

RT Logic  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .417

San Francisco Circuits, Inc. . . . . . . . . . . . . . . . . . .518

Smartronix  . . . . . . . . . . . . . . . . . . . . . . . . . . . . .2023

Society of Flight Test Engineers  . . . . . . . . . . . . .2047

Southwest Research Institute . . . . . . . . . . . . . . . .806

Spectracom  . . . . . . . . . . . . . . . . . . . . . . . . . . . .2222

Symvionics, Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . . .301

Systems Engineering & 
Management Company . . . . . . . . . . . . . . . . . . . .2029

Telemetry & Communications Systems, Inc.  . . . .427

Teletronics Technology Corporation  . . . . . . . . .223

Telspan Data  . . . . . . . . . . . . . . . . . . . . . . . . . . . .327

Times Microwave Systems  . . . . . . . . . . . . . . . . .2322

Ulyssix Technologies  . . . . . . . . . . . . . . . . . . . . . .423

Universal Switching Corporation . . . . . . . . . . . . .322

ViaSat, Inc.  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .2041

Wideband Systems, Inc.  . . . . . . . . . . . . . . . . . . . .411

WTW-Tel Data System  . . . . . . . . . . . . . . . . . . .2219

Zodiac Data Systems  . . . . . . . . . . . . . . . . . .401, 808

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

= Gold Sponsorship = Silver Sponsorship         = Bronze Sponsorship
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Over 100 Quadrillion Models and Counting

Please visit us in booth 317 to see live demos.

Quasonix is expanding
the industry’s widest
range of C-Band
transmitters and
receivers…
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SPONSORSHIPS ARE A GREAT WAY TO HELP YOU EXTEND YOUR

REACH AND MAXIMIZE YOUR EXPOSURE TO OUR ATTENDEES

AND READY-TO-BUY DECISION-MAKERS, AS WELL AS:
>Draw attention to a new product or service

>Generate more sales leads

> Increase booth traffic

>Make a lasting impression

>Sponsorship Opportunities Include
ITC Mobile App Banner Ad – Display your logo or advertisement in a rotating banner and
attract more leads. Attendees can tap on your advertisement to see other resources in the
app or in the web. An effective banner can drive traffic to your booth or website, increase
visibility, and boost sales.

Premier Listing in the Conference App – Highlight your company listing to make your
brand more visible as well as upload photos and marketing material. This is the easiest way to
stand out in a long list of exhibitors and receive more attention!

ITC Website Advertising – Your company's logo or fixed image advertisement will run
prominently on the ITC Telemetry.org home page or the ITC 2015 page. 

Meeting Space – If you need meeting space, don’t wait to reserve a meeting room because
they will sell out. Food and beverage orders for the meeting rooms must be made thru the
hotel. Please contact Lena Moran at Lmoran@traxintl.com if you have any questions. 

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

Sign Up

Today!
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HOTEL INFORMATION
Event Location
ITC/USA 2015 will be hosted at Bally’s Hotel and Convention
Center located in the middle of the Las Vegas strip.  With first-
class spa facilities, fine dining, and gracious accommodations,
Bally’s is ideal for vacationers and convention delegates alike.
Most ITC events, including short courses, technical 
sessions, and exhibits, will occur in or in close proximity to
the Convention Center area of the hotel property.  Other
events, including the opening ceremony and conference
luncheon, will be clearly marked with signs. Bally’s is located at
3645 Las Vegas Blvd. South, Las Vegas NV 89109.

Hotel Reservations
ITC/USA 2015 encourages all attendees and exhibitors to stay
at Bally’s.  Doing so justifies our free use of convention space
during the conference, which in turn allows us to offer a 
“regular” technical registration charge that is far lower than
other major technical conferences. 

Care has been taken to reserve a block of rooms at special
rates for attendees — please specify that you will be 
attending the conference when booking your reservation. 

Room block cut-off: October 5, 2015

Reservations via Web: www.telemetry.org (click on
Accommodations to be directed to the hotel information
page).  If you need to reserve more than one room, establish
master billing, or have any questions, please contact Bally’s
Room Reservations at 1-877-603-4390.

Optional Resort Fee: A daily resort fee of $25.00 (plus
applicable tax) can be added at check-in. Resort fee includes:
daily in-room high-speed Internet access for one device, all
local calls, and fitness center access for two.

Cancellations: Bally’s Hotel and Convention center requires
a 72-hour cancellation notice prior to the reservation date.
Late cancellations will result in the first night’s stay being billed
to your credit card. 

Check in/Check out: Check-In time is 4:00pm and Check-
Out time is 11:00am.  There is a charge for early check-in as
well as early check-out.  Please contact the hotel directly for
more details.

Internet: Bally’s Hotel offers wireless access from its guest
rooms at a fee of $13.99 per device for a 24-hour period.
$24.99 per device if guests would like to use it anywhere at
Ballys outside of their guest room.

Reserve now 
to ensure the

best room sel
ection!!

BEWARE OF FALSE AND FRAUDULENT
HOUSING CLAIMS!

There are fraudulent companies and organizations that
will try to present themselves as official partners of
ITC/USA and offer you a potential room that might not
be guaranteed or available. If you book with these outside
companies you WILL BE CHARGED the $25.00 resort fee.
Should you be contacted by anyone claiming they can
book your group reservation, please let us know.
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ITC’15 Exhibitors:  Please register your show personnel, guests, and sales representatives on the web!

Regular Provides access to all exhibit areas, technical sessions and
includes a DVD of the Technical Proceedings. $30

Short
Course Fee to attend one short course of your choice. $400

Active Duty
Military

For individuals on active military duty.  Provides access to all
exhibit areas, technical sessions and includes a DVD of the
Technical Proceedings.

$10

Full-Time
Student

For full-time students.  Provides access to all exhibit areas,
technical sessions and includes a DVD of the Technical
Proceedings.

$10

  Author/
Session
Chair 

For those individuals whose technical paper has been published in
ITC 2015 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

Exhibitor 
Booth Staff

2 free registrations per 10x10.  

Additional registrations: $30 each.*
No Charge* 

Conference
Luncheon Ticket allows admittance to Conference Luncheon. $25

ITC/USA 2015 
REGISTRATION POLICIES

Online Registration Deadline
Don’t wait… 
go to www.telemetry.org.
Online registration ends
October 22, 2015.
Substitutions
Substitutions are allowed.  
Please e-mail requests to: 
telemetry@comcast.net
Cancellations
Refunds will be accepted for 
cancellations received before
October 22, 2015.
Badging Info
Badges for anyone that registers
online will be available for pickup
at the ITC registration desk
beginning Sunday, October 25,
2015 at 4:00pm.

2 Easy Ways 
to Register!

Online: G o  t o  
w w w . t e l e m e t r y . o r g
a n d  c l i c k  o n  t h e
registration link.  This is
your quickest and easiest
option!

In Person: If you don’t
register by October 22,
2015, you’ll need to register
at the conference.  On-site
registration begins Sunday,
October 25th at 4:00 p.m.

CONFERENCE REGISTRATIONTYPES

>

www.telemetry.org

To Register, Go Online

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

1

2
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WHOWE ARE . . .
> A conference by and for the telemetering

community

> A conference with a continued record of success
since our start in 1965

The International Telemetering Conference/USA (ITC/USA) is an
annual forum and technical exhibition sponsored by the International
Foundation for Telemetering (IFT), a non-profit corporation
dedicated to serving the technical and professional interests of the
telemetering community.  The conference is held in the fall of each
year and consists of three and one-half days of technical
presentations, tutorials, and short courses arranged in several
concurrent sessions.  In addition, a technical exhibit staffed by both
manufacturers and users displays the latest advancements in
equipment and services. Exhibitors staff their booths with
professional sales engineers and other technical personnel to ensure
that an appropriate level of technical expertise is available to the
attendee.

Each year, the IFT-appointed General Chair and Technical Program
Chair develop the conference based on their perspectives and
experience.  They, in turn, assemble a staff to handle the various
functions of the conference program.  The entire staff is composed
of volunteers, sponsored by their parent organizations, who are
active in the industry or are involved in test and evaluation and
instrumentation systems.

The unique relationship, which began in 1965, between the
manufacturing community and the users in both government and
industry has produced yearly conferences that have led to the
continued advancements in telemetering and instrumentation
systems and equipment we rely on today, as well as the continuing
education of telemetering professionals worldwide.

>
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WHATWE DO . . .
> Provide a forum for the exchange of ideas 

and information

> Educate with short courses and tutorials

> Publish technical papers

We provide a forum for the exchange of information and education.
Our technical program consists of approximately 100 technical
paper presentations logically grouped into several concurrent
sessions.  All papers are screened prior to acceptance to maintain
high technical standards and relevance to the industry.  Sessions and
presentations are timed for the convenience of the attendee.

In addition to the paper presentations, we offer several short
courses on subjects of interest to the community.  Past courses, for
example, have included Telemetering Basics for engineers just
entering the field and non-technical members of the community, as
well as courses such as Telemetering System Design and Application
of Global Positioning System Capabilities for the advanced engineer.

Every conference includes several speakers who open the event and
address the luncheons.  Each speaker is a recognized expert in his
field and discusses a topic of interest to the community. Past
speakers have included various Department of Defense
undersecretaries, NASA administrators, university presidents,
technical directors, corporate CEOs, and astronauts.

>
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TECHNICAL EXHIBITION . . .
> 200+ booths staffed with sales and 

engineering specialists

> Over 125 exhibitors per conference

A technical exhibition is an integral part of each conference.  The
primary goal of our exhibits committee is to ensure an efficiently
organized and well-managed exhibit area. Committee members
enroll the exhibitors, assign spaces, appoint an exhibits management
company to set up the booths, receive and deliver the exhibitors’
equipment and displays, and attend to the needs of both the
exhibitors and the attendees. Each conference includes a meeting
between the exhibitors, ITC exhibits staff, and the responsible IFT
director to ensure that we are meeting the needs of all concerned.
Continued coordination with the telemetering community has
resulted in the number of exhibitors exceeding 125, and the number
of booths has increased to over 200 spaces.

For nominal charges, exhibitors can have their booth(s) carpeted and
furnished to their specifications.  Electrical power and telephone
services are also available.  In addition, each exhibitor receives a copy
of the Technical Proceedings on a DVD and a pass to attend the
technical sessions at no charge.  A complete list of attendees,
including all exhibitor personnel, is distributed to each exhibitor at
the close of the conference.

A separate publication is available, which outlines the responsibilities
of the exhibitors and the ITC.

>
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EDUCATION . . .
> Individual scholarships

> Monetary grants

> Establishment of programs

> Technical coordination

An integral part of the IFT philosophy is active participation in
education. Residual funds from each conference are channeled into
programs at several universities in the U.S.  We were a major force
in the establishment of a Master’s Program with an emphasis in
telemetering in the Electrical and Computer Engineering
Department at New Mexico State University.  Since that beginning,
we have added programs at the University of Arizona, Brigham Young
University, the University of Missouri-Rolla, the University of
California at Santa Barbara, and the University of Kansas.

The grants from IFT to the universities help fund numerous diverse
endeavors in the telemetering field.  These funds support
development of curricula and programs in telemetry, lab equipment
purchases, specific projects, professorships, graduate assistantships,
scholarships, and student travel to the ITC.  Each year, the conference
sponsors a student paper contest and awards prizes to the best
papers in both the undergraduate and graduate categories.

The IFT also sponsors the Telemetering Standards Coordinating
Committee (TSCC) and the International Consortium for Telemetry
Spectrum (ICTS).  The TSCC is comprised of members of both 

government and industry
and serves to review and 
recommend proposed stan-
dards affecting the teleme-
tering community.  The
ICTS is an international
committee that serves to
keep its members and the
appropriate members of
the international communi-
ty aware of potential
impacts on the telemetry
spectrum.

>

Gone... but not forgotten.
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Judd Strock, a telemetry pioneer



BENEFITS TOYOU, THE EXHIBITOR . . .
> A professionally-managed environment to showcase your products

and services

– We have earned our reputation as a well-managed, highly technical conference.

> Promotion and advertisement of your participation in the
conference

– We direct mail to our mailing list and advertise in appropriate periodicals several
times a year.

> Domestic and international attendance

– Typically, non-U.S. attendees number in the mid-100s with over 25 countries
represented.

> Reach more potential customers per advertising dollar

– Our attendance exceeds 2,200 engineers, scientists, and management personnel.

> See your competition

– Learn what you have to do to keep ahead in product development.

> Get new ideas to expand your product base

– Listen to attendees describe their particular requirements and compare their needs
with available technology.

SOWHYWAIT? 
VISIT WWW.TELEMETRY.ORG

TO FIND OUT MORE ON

ATTENDING/EXHIBITING AT ITC!

>
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International Foundation
for Telemetering
5665 Oberlin Dr. Suite 200

San Diego, CA 92121
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