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A MESSAGE FROM THE
1990 TECHNICAL PROGRAM CHAIRMAN

WILLIAM B. CROSS
Technical Program Chairman, ITC/USA/’90

I have been honored this year to have been nominated to serve as your ITC ’90
Technical Chairman by Mr. John Bolino, who directs T&E resources for all major
range and test facility bases (MRTFB) at the OSD level. It is, indeed, a great
honor to provide this service to the International Foundation for Telemetering in
support of their efforts to provide an expedient means for communicating
efficiently the rapidly changing technologies associated with telemetry to a very
broad based community. The IFT is also heavily involved in educational support
programs to further the science of telemetry.

A strong team effort has resulted in an outstanding technical program which
features the Honorable Dr. Robert C. Duncan, Director of Operational Test and
Evaluation, as our key note speaker; General Officers who compose the Joint
Commanders Group for T&E for all three services who will conduct a “Blue
Ribbon Panel”; a senior Nellis Air Force Base official who will describe Red Flag
Flight Operations at our Tuesday luncheon address; and Dr. J. E. Halligan,
President of New Mexico State University, who will be our Wednesday awards
luncheon speaker. In addition, the program will include a technical course in
telemetry fundamentals and a short course on GPS applications. The Range
Commanders Council - Telemetry Standards Group, chaired by Mr. Bill Rymer,
will conduct a special session on their activities. Finally, over 100 papers
presented at the conference in 19 separate technical sessions highlight key new
work conducted over a very broad area of technical subjects.



In the conduct of my responsibilities as your ITC ’90 Technical Program
Chairman, I have had the great pleasure of working with many government and
industry personnel at all levels of responsibilities. I have been very pleased with
the genuine interest in furtherance of the science of telemetry and its associated
disciplines. The support provided by Government and Industry to the ITC
activities reflects their commitment to invest in the future. I would like to express
my sincere thanks for the many individuals who have participated in supporting
the ITC ’90 technical activities to make this year’s conference a great success.
Finally, I want to especially thank Al Hackstaff, John Bolino, Irvin Boyles, Cliff
Aggen, my office staff, and all the ITC ’90 individuals who provided timely,
professional support essential to make the ITC ’90 Proceedings and technical
program products that live up to the high quality standards of the International
Foundation for Telemetering.



 KEYNOTE SPEAKER

ROBERT C. DUNCAN
Director of Operational Test and Evaluation

Dr. Robert C. Duncan was confirmed by the Senate as the Director of
Operational Test and Evaluation (DOT&E) in the Department of Defense on
November 18, 1989. In this capacity, he is the principal adviser to the Secretary
of Defense and the Under Secretary of Defense for Acquisition on operational
test and evaluation in the DoD and the principal operational test and evaluation
official within the senior management of the DoD.

Dr. Duncan was confirmed as the Director of Defense Research and Engineering
(DDR&E) on December 17, 1987. In this capacity, he was the principal advisor
and assistant to the Secretary of Defense and the Under Secretary of Defense
(Acquisition) for Department of Defense scientific and technical matters; basic
and applied research; and the development of weapon systems. He resigned
from this position upon his confirmation as DOT&E.

Dr. Duncan was appointed as Director of the Defense Advanced Research
Projects Agency (DARPA) on November 18, 1985, and was confirmed as the
Assistant Secretary of Defense (Research and Technology) on July 23, 1986. In
this dual capacity, he was the principal technical advisor to the Under Secretary
of Defense (Acquisition) and served as the Director of an independent Defense
agency. He resigned from those positions upon his confirmation as DDR&E.

Prior to joining the Office of Secretary of Defense, Dr. Duncan served 17 years in
Polaroid Corporation. He joined Polaroid Corporation, Cambridge,
Massachusetts in 1968 and was elected a corporate officer and named Assistant
Vice President in 1969. In 1975 he was elected Vice President of Engineering.



From 1968 to 1975 he had additional duties as Program Manager of the SX-70
camera and film systems. He was overall responsible for the SX-70 program
from the early design phase through engineering, manufacturing inception,
production, and for two years beyond the date of market introduction.

From 1964 to 1968, Dr. Duncan worked in NASA. He was initially the Chief of the
Guidance and Control Division at NASA’s Manned Spacecraft Center in
Houston, Texas, and later Assistant Director of the Electronics Research Center
in Cambridge, Mass. He was responsible for developing the guidance, navigation
and control system for the Apollo spacecraft used in the lunar mission
(government furnished equipment for both the command module and lunar
module). Dr. Duncan served as Special Assistant to the Director of Defense
Research and Engineering from 1961 to 1963, and was the Chief of the Space
Programs Branch, Office of the Chief of Naval Operations in 1960 and 1961.
Previously he had served operational tours in three Navy squadrons as a pilot of
fighter and attack aircraft. Prior to Navy flight training in 1947, he served two
years aboard the U.S.S. Bremerton (CA-130) stationed in China and Japan.

Dr. Duncan graduated with a Bachelor of Science degree from the U.S. Naval
Academy in 1945. He holds a Bachelor of Science degree in aeronautical
engineering from the U.S. Naval Postgraduate School, a Master of Science and
a Doctor of Science degree in aeronautical engineering from the Massachusetts
Institute of Technology. He is the author of one book, “Dynamics of Atmospheric
Entry” (McGraw-Hill, 1962), has coauthored three other books, and has
published a number of technical papers.

Dr. Duncan was awarded the Legion of Merit in 1964. He was awarded the 1967
Norman P. Hays Award from the Institute of Navigation for outstanding
contributions in the field of inertial guidance and control. In 1968, he was
awarded the NASA Exceptional Service Medal. He was elected to the National
Academy of Engineering in 1981. In 1987 and 1989 he was awarded the DoD
Distinguished Public Service Award. Dr. Duncan is a Trustee Emeritus of the
Forsyth Dental Center (Boston), former member of the Industrial and
Professional Advisory Council of Penn State University; member of the Executive
Board, Norumbega Council, Boy Scouts of America; former member of Air Force
Scientific Advisory Board, former President of the Polaroid Foundation, and a
former member of the Board of Directors of the Charles Stark Draper Laboratory.
He was awarded the Silver Beaver (1977) and the Distinguished Eagle Scout
Award (I984) by the Boy Scouts of America.



Born in Jonesville, Virginia, Dr. Duncan is married to the former Rosemary
Fleming of Pensacola, Florida. They have four children: Mrs. Melissa Kenney,
Mrs. Babette Wilson, Robert and Scott.



FORWARD TO THE 1990 PROCEEDINGS

ALAIN HACKSTAFF
General Chairman, ITC/USA/’90

Loral Conic, San Diego, CA

The International Foundation for Telemetering and the ITC/USA ’90 staff are
pleased and proud to present this 26th volume of the proceedings of the
International Telemetry Conference (ITC/USA ’90). The conference and the
papers contained in this edition will be presented in Las Vegas, Nevada, USA, at
the Riviera Hotel from October 29 to November 1, 1990. The theme for this
year’s conference will be “TWENTY FIRST CENTURY TRANSITION TRENDS.”
The next decade will bring changes caused by political, economic, and technical
issues.

The last few months have brought with them historic political and economic
changes in Eastern Europe. These changes, with corresponding reactions in our
national fiscal policies, are leading to extraordinary modifications in defense
spending and acquisition. How will these transformations affect our industry as
we transition into the next century? Our keynote speaker, Dr. Duncan, and our
Blue Ribbon Panel will help apprise our conference participants on the direction
our government intends to pursue. The effect that this course will have on our
test and evaluation community should be of great interest to our attendees.

The most important technical influence in this transition period has been, and will
continue to be, brought about by the advent of the microprocessor. These
computers are being incorporated into even the simplest telemetry systems and
subsystems. This expanding application and reliance on computers have led to a
technically more complex and powerful product. Acquiring, calibrating,
linearizing, compensating, transmitting, tuning, networking, sorting, compressing,



error correcting, displaying, analyzing, storing, retrieving, decision making,
adapting, reporting, and controlling tasks are all done easier, better, and faster
with the ever improving abundance of microcomputers. Our technical program
will address many of these issues from several levels of interest.

As General Chairman of ITC/USA ’90, I must say that this conference was put
together through the dedication and hard work of a highly competent staff of
professionals. They are too numerous to mention here, but they have done an
outstanding job. My special thanks to Bill Cross, who brought together a highly
informative technical program and is responsible for arranging for our prestigious
keynote speaker and blue ribbon panel. I also would like to thank the exhibitors
whose support makes this conference possible. Finally, I would like to express
my appreciation to you, the technical session attendees for coming to the
conference. I hope this year’s conference measures up to its reputation as the
cornerstone of our Telemetering community.



 A MESSAGE FROM THE
NEW PRESIDENT OF

THE INTERNATIONAL FOUNDATION FOR TELEMETERING

DR. JAMES A. MEANS
President, International Foundation of Telemetering

It is a truly great privilege for me to serve as the President of the International
Foundation of Telemetering (IFT). The IFT is the not-for-profit California
Corporation that sponsors the annual International Conference. We are
extremely proud to present this twenty sixth annual conference on “Twenty First
Century Transition Trends”. We are indeed fortunate to have a group of
dedicated professionals, like Alain Hackstaff, Consultant, General Chairman, and
Bill Cross, Eglin AFB, Technical Chairman, that represent the best of the
Industrial & Government sectors of our military-industrial complex. These
professionals on the ITC/USA/90 team are all volunteers, supported by their
companies, as are the IFT Board Members. None of us is reimbursed for time or
travel out of the conference proceeds. All the members of these two groups are
listed in the Conference Program and earlier in these “Proceedings”. The
proceeds from the conference are used to meet the expenses of the conference,
to support Telemetry Graduate Programs such as the one at New Mexico State
University, for scholarships and awards, and to foster the professionalism of the
telemetering profession in other similar ways. The IFT board is always open for
suggestions on ways to improve the conference or the profession. There is a
suggestion box at the conference, or please write to me at the following address:

Dr. James A. Means, President
International Foundation for Telemetering
284 St. Andrews Way
Lompoc, CA 93436
(805) 733-2901



We are always looking for volunteers too, so if you want to help, let one of us
know at the conference or write to me at the above address. We are proud of our
profession and the members that serve it.

It is certainly our pleasure to put on this conference for you, and we sincerely
hope you get a lot of value from attending. I really look forward to each one and
have yet to be disappointed. A special word of thanks to the attendees,
speakers, session chairmen, and exhibitors that make this conference possible.

We are extremely pleased to announce that Ms Judy Peach of Aerospace Corp
will serve as General Chairperson for the ITC/USA/91 conference in Las Vegas.
Judy will be our first ever female General Chairperson. Mr. Clifford Aggen,
Pacific Missile Test Center, will serve as Technical Chairman. I know that they
too will try to make theirs the best ever conference.

I only hope that I can do half as good a job as my predecessor, Mr. Ron Bentley,
Sandia Corp, who most skillfully guided the IFT for many years. Thanks, Ron, for
all your support, and for remaining on the Board to help me through these
coming years.

Happy Conference!
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Abstract

IRIG 106-86 Chapter 8 describes the standard for acquisition of MIL-STD-1553 traffic
flow. All incoming words (command, status, or data) are transmitted and fill words are
used to maintain continuous data output. If all incoming words are not needed, or if other
data such as sampled analog data from transducers are also to be transmitted, then a
different approach is warranted. Selected data from the avionics bus can be placed into
predefined PCM words, eliminating the transmission of useless data, and optimizing the
bandwidth available to a Class I telemetry system. The engineering considerations and
constraints for avionics bus data acquisition and analysis will be explored in this paper.

Key Words: MIL-STD-1553, ARINC 429, CSDB, Panavia

Introduction

Avionic buses such as the MIL-STD-1553, ARINC 429, CSDB, and Panavia typically
already contain much data of interest to the instrumentation engineer. Other analog and
bilevel data must be acquired from various transducers aboard the aircraft. Therefore, a
system is needed to acquire avionics bus data and place it in a Class I IRIG PCM stream
along with multiplexed, digitized, analog and bilevel signals. The emphasis should be to
allow the ground station to handle the avionic bus data in a fashion similar to any sampled
transducer signals.



Data Selection

Data acquisition modules are available to “listen” to the various avionic buses. These
modules allow the user to monitor the bus with out taking an active role. A typical module
occupies approximately three cubic inches and monitors two avionics buses.

Table 1 illustrates the typical format of the various avionic buses. Note that all of the
avionic bus data word formats include an identifier (address, label, or tag) that describes
the type of information being provided. Typically, only a part of the total information
available on the bus is actually of interest to the telemetry engineer. In lieu of transmitting
all incoming bus words in accordance with IRIG 106-86 Chapter 8, a telemetry system
should allow the engineer to judiciously select identifiers and their associated data for
inclusion into a PCM stream. If the requirement is to re-create all bus activity, then direct
transmission (i.e., modemlike) of the bus without formatting into a IRIG PCM stream is a
much wiser approach. Avionic bus data is much easier to decode using standard bus
analyzers without the need to also decode the PCM format.

On the basis that only a portion of the total bus activity is required for inclusion in the
PCM stream, bus monitors allow the user to select a subset of identifiers and capture all
the data associated with them. If more identifiers need to be acquired from a bus than can
be obtained by a single module, multiple bus monitor modules can be attached to the bus.

Figure 1 illustrates a typical menu providing selection of 16 unique CSDB addresses
that can be acquired from two buses by a single bus monitor module.

Formatting

Once the bus information of interest has been identified, the telemetry engineer must
interject the data into the PCM stream.

As an example, let us evaluate a typical ARINC bus word. In a 12-bit Class I PCM
system, the complete ARINC bus word of 32 bits must be allocated amongst multiple
PCM words. This “parsing” or breaking apart should be programmable by the user in
order to most efficiently transmit the desired information. For example, ARINC label 3478
provides fuel flow data. The 12 bits of resolution are located in ARINC positions 11
through 22. The telemetry engineer can allocate all 12 bits of data to a single PCM word
(channel). This data can be directly and simply decoded with a standard Class I
decommutator. As illustrated in Figure 2, the telemetry engineer has the capability of
selecting all or any contiguous combination of bits for insertion into the PCM stream. In
this case, the ARINC label 347 , and the fuel flow data (12 bits) are each inserted into8
their own PCM word (Channel #1 and Channel #2, respectively). The extra 4 bits in
Channel #1 (the label only occupies 8 bits) are automatically padded with zeros.



Note that Figure 2 also shows the inclusion of the label (address) into a PCM word
(channel). This extra PCM word is not required to be put into the PCM stream. Since the
telemetry engineer has already defined the label of interest and allocated a word in a fixed
position in the PCM frame, the inclusion of the label is somewhat redundant. However, the
label may assist the telemetry engineer by acting as a marker in the frame.

CSDB and Panavia are handled in a fashion similar to that for the ARINC bus. The
engineer selects any contiguous group of bits from the data for inclusion in the PCM
stream.



Figure 1. CSDB Label Selection Menu

Figure 2. ARINC Formatting Menu

With the 1553 data bus, the rate and quantity of data are much greater than those of the
other avionics buses mentioned. In addition, since the 1553 bus is oriented toward 16-bit
words, a slightly different approach is used in formatting the data. Once an identifier
(Remote Terminal Address/Subaddress) has been specified, the engineer can select which



of the 16-bit words in the message are to be sampled. This selection can include the
command word, the status response, and any of up to thirty-two data words. The selected
words are then automatically parsed into two 8-bit syllables and each syllable is installed
into a PCM word

During formatting of any of the avionic bus data, other operations may be performed,
such as time-tagging the data, or integrating a fuel rate over time to obtain total fuel
consumed.

Data Integrity

Once the avionic bus data has been parsed and is available to be output into the PCM
stream, one must ensure that the data is not corrupted. A new sample of avionic bus data
should not inadvertently overwrite the prior sample before the sample is completely taken
by the PCM stream. That is, all of the PCM words associated with a particular bus sample
must remain time correlated. One simple technique to ensure that the data is not
overwritten is to allocate the parsed bus sample to a mapped dual port memory. The
memory can be partitioned such that all parsed syllables from one particular avionic
address are stored in one block. Prior to writing a new sample to the dual port memory, a
simple logic check of this block can determine if any of its syllables are being accessed by
the PCM stream. The new sample can be written to the dual port memory when the block
is available.

Concatenation

Many of the avionic bus packets contain information that is typically larger than the
standard PCM word size. The techniques of formatting the data that have been discussed
above do not directly address the issue of greater resolution of avionic bus data versus the
telemetry system. ARINC label 324  represents the pitch angle with 14 bits of resolution.8

In a 12-bit PCM system, the telemetry engineer could acquire only the most significant bits
of the data and reduce the resolution of the measurement. In lieu of reduced resolution, the
telemetry engineer could always convert the entire telemetry system to a Class II system
that could handle variable PCM word lengths. This revamping of the telemetry system may
not be a cost effective method. A new approach that stays within the confines of a Class I
telemetry system must be investigated. The 14 bits of data can be allocated amongst two
PCM words, as illustrated in Figure 3.



Figure 3. ARINC Label 324  Formatting8

The processing power of the analysis workstation may now be used to identify the
parsed ARINC data, and perform a concatenation (put the parsed bus data words back
together). This process is straight forward but requires some special processing. The
proper order of the channels must be known so that the channels associated with the time
correlated samples can be concatenated. A typical menu used to concatenate ARINC label
324  (pitch angle) is shown in Figure 4.8

Summary

The savings in telemetry bandwidth gained by selecting only those avionic bus words of
interest prior to insertion into the PCM stream is enormous. Unless one is trying to
recreate the entire bus activity, the transmission of useless data will artificially force
increased bit rates. Once data of interest has been identified, flexible programming of its
placement into the PCM stream permits the telemetry engineer to further optimize and
simplify the interpretation of the data. In addition, the use of an analysis workstation
designed to handle the concatenation of avionic bus data will improve the efficiency of the
telemetry system.



Figure 4. Concatenation Menu
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ABSTRACT

Current telemetry instrumentation systems are subject to space and weight limitations for
use in bombs, dispensers, submunitions, projectiles and other tactical weapon systems. It
is not now feasible to instrument submunitions and projectiles for weapon effectiveness
data because state-of-the-art telemetry devices cannot be rapidly and cost effectively
installed in unmodified munitions. Furthermore, aircraft modifications for flutter/loads
testing are extremely expensive and time consuming. This program will develop a low cost
telemetry chip-set consisting of integrated sensors, signal conditioning, transmitters and
encryptors. “Peel-and-Stick” (See Figure 1) telemetry devices, containing a specific
chip-set with integrated sensors, a battery, and antenna in an extremely small package, will
also be developed.

Subminiature Telemetry Technology (SMT) will directly impact all future tactical
submunition development programs during pre-production RDT&E. This program will
also support compatibility and safe separation testing done in the Air Force SEEK EAGLE
program. Conventional and kinetic energy projectile programs and advanced missile
programs will have long-term benefit. Telemetry and encryption designs developed in this
program will advance the state-of-the-art in telemetry fabrication from hybrid to monolithic
providing smaller, more shock resistant systems at a much lower cost. Subminiature
telemetry devices could be integrated with the weapon system during its development
allowing for a non-destructive, non-contaminating test of the system. This will greatly
reduce the cost and logistics of determining weapon readiness and health status during
long time periods of storage.

INTRODUCTION

The Air Force Armament Laboratory has recently completed three separate efforts to study
the possibility of developing subminiature telemetry for use in munitions and submunitions.
Areas of investigation included: state-of-the-art MMIC technology and its applications



toward the SMT transmitter; a link analysis to determine the best modulation techniques to
simultaneously telemeter data from up to 100 separate munitions; and techniques to
optimize the antenna design for these applications (See Figure 2). In January 1989, an RFP
was released to award a follow-on contract for a basic SMT development effort along with
four options. The basic effort includes an applications analysis and breadboard level
development of a chip-set design, packaging design, receiver design, and a technology
demonstration. The four options are “peel-and-stick” breadboard design; brassboard
development of the basic effort designs and flight tests of these designs; “peel-and-stick”
brassboard development and test; and encryption chip brassboard development. The RFP
calls for the delivery of brassboard designs and hardware.

THE TECHNOLOGY

Subminiature Telemetry Technology will provide, for the first time a means of obtaining
telemetry data during live munition and submunition testing. Historically, collecting data
during live warhead tests without modifying the weapon or munition has been all but
impossible. Occasionally, a weapon under test will have just enough empty space to allow
insertion of some type of data collecting system without affecting its performance. Rarely
do we have this luxury, especially since many new weapons are getting smaller, smarter,
and consequently, more complex. With the advent of modern Monolithic Microwave
Integrated Circuit (MMIC) RF circuit development techniques, advances in spread
spectrum communication and computer aided workstations, Subminiature Telemetry can
be realized in everyday testing (See Figure 3). The advantage of being able to obtain
critical data signals without extensive system modification will be a revolutionary step in
weapon system development and is the goal of the basic program development.

An additional application of these technologies and goals is “peel-and-stick” development
proposed in Options 1 and 3 of the RFP. “Peel-and-stick” development is targeted for
applications which require telemetry instrumentation to be mounted on the surface of the
test item as opposed to internally as pursued in the basic development (See Figure 5).
Aircraft flutter/loads testing, as performed by the USAF SEEK EAGLE office, is the target
application for peel-and-stick. In this application, peel-and-stick TM devices would be
mounted on the surface of the aircraft, where vibration and stress measurements are
required. These devices could then be remotely activated to transmit data to an aircraft
mounted receiver. The resulting data could be retransmitted to the ground and processed
for a real-time flutter solution.

TECHNOLOGY APPROACH

During the first phase of the contract, several development areas will be initiated. The
development of a standard macrocell library of component functions including modules



such as transmit/receive, frequency source, filtering, multiplexing and power control will
be developed and tested. Each of these “macrocells” will be designed to be universally
compatible with each other in the manner of VLSI standard cells. Several modulation
schemes were evaluated during the initial effort. The technique selected for development
will have the capability to transmit and receive from up to 100 different telemetry links
with minimal or no modifications to the ground station.

APPLICATIONS OF SUBMINIATURE TELEMETRY TECHNOLOGY

Subminiature Telemetry Technology will allow collection of critical data to speed up the
Research, Development Test & Evaluation (RDT&E) of many of our weapon systems.
Subminiature Telemetry systems could be designed into each weapon system during its
initial development. The cost of including this telemetry instrumentation “up-front” in each
weapon system will be very minor compared to the additional cost incurred throughout the
development, testing, and fielding of these weapons if telemetry instrumentation has to be
designed and installed “after-the-fact”. In many applications, the data necessary to
evaluate the performance of the weapon is already present in the system. With telemetry
instrumentation built into the weapon, critical data points can be monitored throughout
development and testing of the system. Since warheads will not be required to be removed,
time and money will be saved during all phases of development. After the weapon is fully
developed and in production, critical data points can be monitored without opening up the
weapon or opening the storage containers in which many weapons are in. The
implementation of verifying “status” of each weapon during shelf life will be greatly
simplified. As weapons become smaller and more sophisticated, telemetry will become a
“must” to verify performance.

MODULATION TECHNIQUE

A modulation technique which permits simultaneous transmission from up to 100
munitions is a requirement for the Subminiature Telemetry System (See Figure 2). There
are basically two drivers for this requirement: the full-up submunition test scenario and the
aircraft flutter test scenario. In each case, a large number of individual transmitters must
broadcast unique data at the same time.

The three most apparent modulation techniques, Time Division Multiple Access (TDMA),
Frequency Division Multiple Access (FDMA) and Code Division Multiple Access
(CDMA) all have problems when considered by themselves. TDMA requires a burst or
“packet” of data to be transmitted from each munition during non-overlapping periodic
intervals. However, since the telemetered munition’s end goal is to detonate, the
transmitter may have exploded before a packet could be transmitted, resulting in lost data.
FDMA requires that each transmitter have it’s own unique frequency assignment. Not only



is this a logistics problem to implement, but with narrow band data, frequency drift
tolerance is quite stringent. TDMA requires a unique Pseudo-random Noise (PN) code for
each transmitter to “chip” the data into a widely spread band. Each channel, broadcasting
on the same center frequency, can then be correlated out of the spread band by
de-chipping using the unique PN code. However, for 100 transmitters, the PN code
sequence required becomes very large and the chip rate required is very fast, which leads
to unacceptable acquisition times.

A solution for our application may be a hybrid of FDMA and CDMA techniques (See
Figure 4). Moderately wide-band frequency allocations between 2200 - 2400MHz are
selected for a given application. Within each frequency assignment, N CDMA channels
are allocated so that:

Total #channels = M * N

The required number of frequency allocations (CDMA block) and CDMA channels
selected is determined from the test item data bandwidths and total number of items.

The advantages of the hybrid FDMA/CDMA system are many. Not only does the
technique permit reliable recovery of the data but also permits a modular design approach
that can be used for a large number of applications with widely varying requirements. The
hybrid technique acquires the signal faster than a pure CDMA system would (due to a
smaller number of transmitters per block) and has less stringent frequency accuracy
requirements than a pure FDMA system. Any number of munitions between one and 100
can be instrumented by trading-off data bandwidth for number of channels or vice versa.



FIGURE 1: “PEEL-N-STICK” 



FIGURE 2: TELEMETRY FROM MULTIPLE MUNITIONS
(up to 100 simultaneously)

FIGURE 3: OTHER APPLICATIONS (Bullets, Kinetic Weapons, Missiles)



FIGURE 4: MODULATION TECHNIQUE



FIGURE 5: AIRBORNE TEST APPLICATIONS
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ABSTRACT

Modem microcomputers are proving to be viable hosts for telemetry functions, including
data simulators. A specialized high-performance hardware architecture for generating and
processing simulator data can be implemented on an add-in card for the microcomputer.
Support software implemented on the host provides a simple, high-quality human interface
with a high degree of user programmability.

Based on this strategy, the Physical Science Laboratory at New Mexico State University
(PSL) is developing a Programmable PCM Data Simulator for microcomputer hosts.

Specifications and hardware/software architectures for PSL’s Programmable PCM Data
Simulator are discussed, as well as its interactive user interface.

Key words: PCM, simulator, microcomputer, hardware/software architecture, user
interface.

INTRODUCTION

With continued modernization of formats, Pulse-Coded Modulation (PCM) techniques
remain a practical mainstay for transmission of telemetry data.

Recognizing the need for a highly programmable PCM stream, PSL has developed a
software-controlled simulator. Dubbed PC-Sim, its hardware is packaged as an add-in
card for popular microcomputers.

PC-Sim software supports stand-alone operation with a fully interactive control program.
Software drivers will be made available for future embedded applications.



DESIGN SPECIFICATIONS

Packaging

PC-Sim hardware is packaged on a single printed circuit card, for installation in an IBM
PC-AT compatible microcomputer. The PC-Sim card fits a standard full-sized 8-bit or
16-bit card slot.

PCM Codes, Data Rates, and Formats

PC-Sim generates up to 16 standard PCM codes; the following are currently available:

o NRZL-L,M,S
o Biphase-L,M,S
o Differential Biphase-M,S
o DM-M,S (Miller)
o MDM-M,S (Miller-Squared)
o RNRZ-L (randomized NRZ-L)
o Manchester (Mil-1553)

Parity bit insertion and output signal polarity can be selected under software control. Field
retrofits of custom codes are supported by device (EPLD) changes.

PC-Sim features a programmable frequency synthesizer for output data rates from 100 to
10  transitions/second. An external 2X bit-rate clock may also be used.7

Simulation data takes the form of 1-bit to 64-bit words, with lengths programmable on a
word-by-word basis. Complex data structures with words, frames, subframes, and
sub-subframes can be constructed to a maximum of 2  words or 2  (1,048,576) bits.16   20

Timing signal outputs include 0-degree and 90-degree bit rate clocks as well as word,
frame, subframe, subsubframe rate pulses, and programmable word marker pulses.

Realtime Processing

In addition to playback of static data, PC-Sim can perform “realtime” data processing on
each data word as it is emitted. Words may be individually programmed to increment,
decrement, complement, rotate, or randomize their data. For special requirements, custom
word “programs” can be compiled and added.



PC-Sim’s interactive control program allows the user to dynamically examine and alter any
PCM word’s data or program, and activate word marker pulse outputs. Output PCM code
selection and bit rate are also under software control.

Finally, amplitude and offset adjustments of the output signal are controlled either by
software or a potentiometer adjustment on the rear panel of the PC-Sim card.

HARDWARE ARCHITECTURE

To process simulation data, PC-Sim provides its own dedicated high-performance
microprocessor. As a result, simulator performance is not degraded (or improved) by the
host CPU.

Still, virtually every aspect of operation is controlled by the host CPU: images of control
registers, simulation data and control parameters, and the control microprogram are all
“downloaded” from the host. The approach is extremely flexible.

Once configured, the simulator can operate stand-alone. Interactive commands from the
host are accepted and processed in realtime, without interrupting PCM output.

Figure 1 is a major block diagram for PC-Sim. The hardware architecture is modular, with
the following parts:

o Host Microcomputer Interface
o Microprocessor
o Microsequencer and Microprogram Memory
o Data/Control Memory
o Frequency Synthesizer
o PCM Encoder

Host Microcomputer Interface

Figure 2 is a block diagram of the Host Microcomputer Interface, whose hardware is I/O
mapped into the address space of the host microcomputer. The interface generates a single
interrupt (IRQ 9) to the host CPU and uses its hardware reset signal.

I/O registers are a maximum of 8-bits wide. An indirect addressing scheme is used, so that
only four host I/O locations are consumed by the interface.



The four output transfers from the host CPU are:

Address
Offset Operation

+0 LS pointer register load
+1 MS pointer register load
+2 indirect register data write or strobe issue
+3 indirect memory data write with pointer post-increment

The four input transfers to the host CPU are:

Address
Offset Operation
+0 LS status register read
+1 MS status register read
+2 indirect register data read or strobe issue
+3 indirect memory data read with pointer post-increment

LS and MS pointer registers are loaded as 8-bit values. The pointers operate in two modes:

o 8-bit register pointer (LS pointer register only)
o 16-bit memory pointer (LS + MS pointer registers)

8-bit pointer mode use the LS pointer register as an 8-bit address, at which an 8-bit data
transfer occurs by means of an I/O write or read at offset +2.

Accessible registers for the Host Microcomputer Interface will be described in the
modules where they are embedded.

16-bit pointer mode uses LS and MS pointer registers to define a 16-bit address, at which
an 8-bit data transfer occurs by means of an I/O write or read at offset +3. The 16-bit
pointer register is automatically incremented after each data transfer. This feature allows
high-speed block transfers of memory data to PC-Sim.

The host interrupt request IRQ9 may be set by PC-Sim’s microprocessor to get the
attention of the PC-Sim control program executing on the host CPU.

PC-Sim is currently implemented with an 8-bit I/O-mapped control interface for an 80x86
microcomputer host. Card base I/O address is configured via DIP switch.



Microprocessor

Figure 3 is a block diagram of the 29117 microprocessor. PC-Sim uses a CMOS version,
with a nominal clock cycle time of 100 nanoseconds.

The 29117 architecture features 16-bit data paths interconnecting the following elements:

o 32-word x 16-bit RAM
o Accumulator
o Data Latch
o Barrel Shifter and ALU
o Priority Encoder
o Status Register
o Condition-Code Generator/Multiplexer
o Three-State Output Buffers
o Instruction Latch and Decoder

Externally, the 29117 owes much of its speed to a 16-bit, three-bus architecture:

o I[0..15] Instruction Input
o D[0..15] Data Input
o Y[0..15] Data Output

The 29117 has a powerful instruction set which is optimized for high speed controller
applications. Eleven types of instructions are defined:

o Single Operand
o Two Operand
o Single Bit Shift
o Rotate and Merge
o Bit Oriented
o Rotate by n Bits
o Rotate and Compare
o Prioritize
o Cyclic-Redundancy Check
o Status
o NOP

All 29117 microinstructions are executed in a single clock cycle.



Microsequencer

Unlike conventional microprocessors, the 29117 does not fetch its own instructions: an
external microsequencer is required. PC-Sim implements this function with the 2910
Microprogram Controller, whose block diagram is shown in Figure 4.

The 2910 maintains a 12-bit microaddress counter, to address a maximum of 4K (4096)
microinstructions. The microaddress value can be cleared, loaded, incremented,
decremented, pushed onto a stack, or popped from a stack with conditional controls.

A 4-bit microsequencer instruction field selects 16 operations; condition code and enable
inputs are tested for conditional branches.

Microprogram Memory

Microprogram Memory holds 4K microinstructions, which are 48-bit wide “words”, with
the following fields:

(16-bits) 29117 I[0..15] Microprocessor Instruction
(4-bits) 29117 T[1..4] Microprocessor Test Control
(1-bit) 29117 OET Test Output Enable
(1-bit) 29117 DLE Data Latch Enable
(1 -bit) 29117 /OEY Output Enable Y
(1-bit) 29117 /SRE Status Register Enable
(4-bits) 2910 I[0..3] Microsequencer Instruction
(3-bits) CC[0..2] Condition Code MUX Control
(16-bits) ID[0..15] Immediate Data Field
(1-bit) /IMM Immediate Data Field Enable

Figure 5 illustrates this with a block diagram of Microprogram Memory.

Note that the Immediate Data field is “shared”. Its least significant 12-bits are always
available to the 2910 microsequencer as a “pipeline” jump address, as controlled by the
2910.

Enabled as Immediate Data, it is gated onto D-Bus and may be loaded as an immediate
data value into the 29117 microprocessor’s data latch by DLE. Disabled as immediate
data, it defines two 8-bit address fields: one selects an input source for the D-Bus and the
one selects and output destination for the Y-Bus.



The parallel output of the Microprogram Memory is latched into a 48-bit pipeline register.
This enables simultaneous execution of an instruction and fetching of the next instruction.

Data/Control Memory

The data unit for PC-Sim processing is called an atom, a parallel value from 1-bit to
16-bits long. Output PCM data words of arbitrary length are constructed with one or more
atoms. Simulation data structures are comprised of any combination of up to 64K (65,536)
atoms of assorted lengths, to a maximum total capacity of 64K x 16 or 1M (1,048,576)
bits.

An atom number identifies each atom. A 16-bit Atom Address Register (AAR) holds the
number of each atom as it is processed. The AAR is loaded or incremented by PC-Sim’s
control microprogram.

Figure 6 is a block diagram of the Data/Control Memory. For each atom, Data/Control
Memory stores four 16-bit values for realtime processing:

o Control Word #1
o Atom Data
o Control Word #2
o Process Vector

Atom Processing via Data/Control Memory

The Data/Control Memory is intimate to atom processing. A common microprogram
segment operates Data/Control Memory to fetch information, transfer execution to a
specific microroutine, and update data.

 After updating the AAR to the number of the current atom, the control microprogram
waits for room in the input FIFO of the PCM Encoder. On resumption, four successive
reads of the Data/Control memory access the atom parameters.

Control Word #1 contains the following information:

(4-bits) Atom Length (in bits) - 1
(1-bit) Bit Transmission Order
(4-bits) First Bit Transmitted
(1-bit) Word boundary marker
(1-bit) Frame boundary marker
(1-bit) Subframe boundary marker



(1-bit) Subsubframe boundary marker
(1-bit) Terminal atom marker
(1-bit) Atom marker #1
(1-bit) Atom marker #2

As expected, the Atom Data value is simply the current numerical value of the atom.

Control Word #1 and Atom Data values are fetched into 29117 registers. In parallel,
hardware transfers both values to the PCM Encoder module’s input FIFO.

The front end processor for the PCM Encoder module utilizes Control Word #1 to control
serial to parallel conversion of the Atom Data. Marker bits are output as indicator signals
during PCM output of each atom.

Processing continues by fetching Control Word #2 into the 29117. The format of Control
Word #2 depends on the processing performed. It may be unused, contain an alternate
word value, a processing mask, etc.

The final stage of atom processing fetches the Process Vector value, which consists of two
parts:

(12-bit) Process Routine Pointer
(4-bit) Process Segment

The Process Routine Pointer field is read into 2910 Microsequencer to transfer execution
of the control microprogram to an appropriate processing routine. The Process Segment
field is an extension address value for the Process Routine Pointer.

Each atom links to a specific processing routine, through its Process Routine Pointer. In
the simplest case (for static Atom Data), the routine is simply a “NOP”. For other cases,
the 29117 updates (increments, decrements, rotates, complements, etc.) its copy of Atom
Data and writes a new value back to Data/Control Memory. All processing routines
terminate by returning execution back to the main program loop, to process the next atom.

Processing routines can be shared between atoms; a single routine can be linked to as
many atoms as desired.

Frequency Synthesizer

PC-Sim incorporates a [Stanford Telecom STEL-1375A] Digital Direct Frequency
Synthesizer, packaged on a plug-in 2.5 x 1.3 inch module. An external 50 MHZ



crystal-controlled oscillator drives the module’s Numerically-Controlled Oscillator (NCO).
Figure 7 is a block diagram for the module.

The NCO operates by adding the number in a programmable 32-bit Delta-Phase register to
an accumulator on each input clock cycle. The accumulator represents a monotonically
increasing phase angle: its value addresses a sine/cosine lookup table whose output is a
10-bit digitized sinusoid.

Output frequency of the NCO is directly related to the input [50 MHZ] clock by:

F  = (F  x Delta-Phase) / 2out  clock
32

The digitized output drives a high-speed 10-bit D/A converter to generate the analog
output. PC-Sim provides an external low-pass filter for the output, followed by a squaring
circuit to generate the 2X bit-rate digital clock.

In the interest of spectral purity, the maximum practical output frequency for the NCO
must be limited to about 40% of the input clock frequency. This corresponds to 20 MHZ
for the 2X clock.

An additional programmable Phase-Modulation register component is added to the
accumulator output prior to the lookup table. This feature is accessible in PC-Sim and may
be exploited in the future to generate phase modulation.

The Frequency Synthesizer is controlled via the Host Microcomputer Interface, which
writes 8-bit data directly to the unit to load its control registers. An external Synthesizer
Control Register (SCR) is also provided.

PCM Encoder

As shown in Figure 8, the PCM Encoder module consists of the following parts:

o Input FIFO
o Parallel-Serial Converter
o PCM Encoder
o Signal Conditioners



The Input FIFO is 1K x 18 bits wide; each 16-bit value written to the FIFO has a 2-bit ID
code, which identifies the type of data. Only two of the four possible FIFO data types are
currently defined:

o Control Word #1
o Atom Data

The FIFO FULL status is monitored by the 29117, which waits for room in the FIFO
before writing data to it.

As described above, Control Word #1 contains information for parallel to serial conversion
of the Atom Data, specifically:

(4-bits) Atom Length (in bits) - 1
(1-bit) Bit Transmission Order
(4-bits) First Bit Transmitted

The remaining Control Word #1 bits are “markers”, which are latched and output during
the serial transmission of the encoded PCM bitstream for the atom. Marker signals are
output on the rear panel connector.

The bitstream output of the Parallel-Serial Converter feeds the PCM Encoder, which
generates the appropriate PCM bitstream for output. 0- and 90-degree bit rate clocks are
derived from the 2X clock from the Frequency Synthesizer.

The PCM Encoder simultaneously emits two bitstreams:

o NRZL
o selected PCM code

An 8-bit Encoder Control register, loaded via the Host Microcomputer interface, contains
the following information:

(4-bits) PCM Code Select
(1-bit) Output Invert
(1-bit) Parity Enable
(1-bit) Odd Parity Select
(1-bit) spare



Output Signal Conditioners include TTL buffers and an analog buffer with adjustable level
and offset for the PCM Code output. Manual analog adjustment controls are also provided,
on the rear panel next to the output connector.

Hardware Implementation Considerations

In the interest of clarity, block diagrams are simplified in this document. Data paths,
registers, buffers, and control logic associated with loading and configuring various
modules are generally not shown. These components increase circuit complexity and card
real estate requirements for PC-Sim.

In many cases, larger commercial [Altera] EPLD modules are reducing packaging
problems. PC-Sim also exploits EPLDs in the interest of programmability.

Other developments in LSI devices, such as programmable FIFO buffers and two-port
memories promise to improve performance as well as packaging.

SOFTWARE ARCHITECTURE

Microprogram and control program softwares are very distinct entities in the PC-Sim
design. Microprogram software quite a low-level control activity, in contrast to control
program software.

Microprogram Software Considerations

While 4K words of Microprogram Memory might seem scant to the uninitiated, it
represents more than adequate storage for the application.

To appreciate this, consider first that each microinstruction 48-bits wide and
simultaneously issues an instruction to the microprocessor, selects a condition code,
controls the next microaddress generation, and passes immediate data or gates data for
both input (D-bus) and output (Y-bus), all in a single [100 nanosecond] clock period.

Another factor in this application is that a single short processing loop can fetch data and
initiate processing for each atom. Finally, code for a single microroutine can be shared by
many processes. Calls to microsubroutines can also be used with the 2910
microsequencer. A simple, concise program structure is possible.



The microprogram code is admittedly cryptic and tedious; its “low-level” nature is
characteristic of very high speed processing. Fortunately, the PC-Sim user is isolated from
these intricacies by an interactive high-level control program, which provides several
layers of abstraction.

Control Program Considerations

At this writing, the PC-Sim control software continues to be developed. This software
consists of two components:

o (low-level) Driver Routines
o (high-level) Control Program

Driver software has been developed using Assembly and Modula-2. These routines have
been linked to various test programs during development. Source will be available for the
released version of the Driver, along with appropriate documentation for the PC-Sim Host
Microcomputer Interface.

The Control Program is being developed in Modula-2. The completed PC-Sim Control
Program will feature a menu-driven graphics interface and the ability to create, load, edit,
and store complete PC-Sim configurations for later use. Source for this software will
remain proprietary; it will be sold as an executable package.

CONCLUSION

A Programmable PCM Data Simulator for microcomputer hosts is under development at
PSL. The design takes advantage of the host’s high quality human interface, while
providing high-performance by means of its specialized hardware architecture.
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1. Introduction

With the speedy development of microelectronics and computer technology, there has
arisen a particular memory telemetry branch in projectile telemetry area. Researches and
experiments have been done a lot by telemetry communities in many countries. Various
memory telemetry devices have been evolved for mutifarious application objects or
purposes.

The measurement of terminal environmental parameters is characterized by its ephemeral
duration in which on-board system will undergo two, firing and impact, overloads, the
latter, often reaching beyond 80,000g, is more severe than the former. Moreover, targets
usually consist of such different materils as gravels, steel, or concrete, etc. In addition,
the irregularity of these materits makes the mechanical conditions of the projectile
penetrating into them a great deal more intricate.

In order to measure the acceleration, the axial and tangential forces, the mechanism
actions and the like of the parts of a fuze on impact, a high-g memory telemeter and
accelerometer with an integrated operational amplifier have been developed. Field tests
have also been carried out.

2. System Composition

The entire telemeter is composed of a sensor, an impedance transformer, a samples
retainer, an A/D converter, a program memory, a transfer memory, a memory, a
controller, a standard interface, a self-triggered signal generator, etc. as shown in figure
1.

In accordance with the requirement of the measurement of the terminal environmental
parameters, the telemeter is miniaturized with adoption of software operation mode to
reduce as much hardware as possible.



A calibration interface is also set up. The stardard interface of the memory is capable of
directly sending stored data to a computer for processing.

Figure 1. Telemeter Composition

3. The Features of the Telemeter

The extremely short time, about 1ms~5ms , of the terminal course and mechanical high
intricacy of the penetration of the projectile into, for example, a concrete target, requires
of the telemeter a frequency respouse up to at least 80KHz, or the course parameters may
not otherwise not be measured exactly. The sampling rate of the telemeter is one sample
per 1.5µs, therefore, its frequercy resonse exceeds 100KHz.

The selection of the bit number of the A/D converter depends mainly on measurement
accuracy. The bigger the number is, the smaller quantization errors will be. However, the
accuracy does not rest completely on the bit number. It pertains intimately to the
accuracy of the sensor. The telemeter is of a bit number 8 .

Memory space is determined by the sampling rate and measuring time. The telemeter can
be equipped with either a 2Kx8 or an 8Kx8 memory. Due to the two overloads and long
recovery time interval of the telemeter, the cut-off probability of on-loard electric supply
is considerable. this telemeter is of nonvolatile function. The stored samples data in a
RAM are soon transfered to an E2PROM. Meanwhile, the absence of crystal in clock
circuit improves the reliability of the device.

The operation of the telemeter is commanded by the central controller with the software.
It is programmalle for different mearurement tasks. for example, it can automatically
fulfil “high-low” or “high-low-high” sampling rate conversions with regard to the
frequency response of the signal under measurement.



Shown in figure 2 is the disconnected device.

Figure 2. Memory Telemeter

4. Sensor and Electric Supply

For measuement of the penetration overload, an ad hoc acceleration sensor has been
developed with the integrated operational amplifier, the range of which extends to
100,000g. Its specification is mainly as follows,

sensitivity: 0.05~0.08 nv/g
frequency response: 1~40kz
mount resonance point: 100kz
max. transverse sensitivity ratio: <5%
yearly stability: <3%
sizeNxH: <20x20
accuracy: better than 10%
The sensor is shown in figure 3.

Figure 3. 100,000-g Sensor



As the on-board electric supply, Li-Mn battery is also specially designed in conjunction
with its application purpose. It is marked by its compactness, high capacity, and
high-g-resistantness. The field tests have demonstrated its raliability in the measurement
of the terminal environmental parameters.

5. Field Test Example

The telemeter its application in the measurement of a bar-shaped projectile penetration
field test. Its memory recorded the data from the accelerometer when the projectile
rushed at a concrete target plate. The data are proximate to calculation results and more
really reflect the acceleration variation exerted on the projectile of the penetration than
the calcvation. The penetrated target plate and measured data curve are shown in figure 4
and 5 respectively.

Figure 4. Target



Figure 5. Trial Result 
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ABSTRACT

The last decade brought about the development of “smart” weapons and
munitions that proved to be more efficient than conventional weapons based on
their efficiency in the number of targets hit relative to the number hit using
conventional weapons. The awakening of sensor-controlled, sensor-guided
munitions technology has introduced a definitive need for telemetry
instrumentation in developmental testing of this rapidly growing field.

To satisfy the Army’s need for sensor-controlled, anti-tank munitions, several
development programs are under way for the research and design of these
systems. Telemetry has been a critical element in the development of these
programs. From the program’s conception and through to its completion, the
Armament, Research, Development, and Engineering Center-Telemetry Section
has developed data acquisition systems to monitor the activity of such sensor-
controlled smart projectiles to support Army programs. This paper will discuss the
development and use of a PCM telemetry system that has had tremendous
success in use with these types of projectile programs in their sensor
development and system integration stages. The application, albeit specific to
these projectile programs, can be tailored to meet the needs of numerous test
configurations within the Army or other organizations facing this need.

INTRODUCTION

The concept of the “smart” projectile evolved from the fact that it is precisely
guided, that is, constantly changing directions during flight, based on information
obtained from the processing of sensor data during the flight of the projectile.
These sensors provide the intelligent mechanism for control of the flight and other
performance parameters of the projectile. The requirement for such a system is
simply that a known target is sensed and the projectile is controlled or steered
towards the target. In defense electronics, sensor technology is now a vital part of
system designs to develop smart projectile and missle systems.



BACKGROUND

In a paper written for a technology seminar designed by Richard A. Haddad of
Polytechnic University, New York, the “smart” system has been defined to exhibit
three basic requirements.
They are:

1. “Eyes” to sense the location of targets using error vector procedures to
sense the distance between an on-board sensor/seeker and the target.

2. “Muscle” to provide the capability of altering the course of the projectile or to
steer the missile using thrusters, fins or similar devices.

3. “Brains” to track the target and command an actuator. This element would
be to initiate a proper warhead event and provide homing guidance for the
missile in flight.

At the heart of the “smart” projectile system is an embedded controller providing
the “brains” of the system. Typically, in systems employed against enemy forces,
the conditioned outputs of on-board ruggedized sensors are digitized and used to
talk to an on-board microprocessor which provides the brains for integrating
projectile functions to achieve a warhead event against these enemy weaponry.
These sensors define the front-end operation of smart systems in both passive
and active modes during a complete projectile flight. In passive operation, homing
guidance is achieved by sensing energy emitted from either a target or reflected
from a natural source such as the sun. This class of sensors include, typically,
infrared sensors which detect IR radiation from targets and radiometers to sense
thermal radiation. Both find wide use in the growing development of smart
weapons. In active operation, sensors direct energy from a source on the flying
projectile to a target and use the reflection of this energy to control homing
guidance. Lasers are developing as great target illuminators and on-board radar
transmitter/receiver sensors are providing target recognition, discrimination and
tracking.

ROLE OF TELEMETRY

Telemetry has played a vital role in the development of these smart systems.
Considering the trade-off being usage of massive numbers of test projectiles in
the development of each subsystem of the projectile, telemetry measurements are
proven to be the only technically feasible alternative. The major subsytems of
smart projectiles representative of the munition described in this paper are shown
below in figure 1.



Figure 1.

When considering the factors involved in design and development of the smart
munition including:

     C characterization of aerodynamic measurements including the effects of the
gun enviornment, range of flight , velocity, and spin.

     C characterization and calibration of typical sensor outputs over enviornmental
variations.

     C characterization of power system distribution

     C embedded computer software programming for control of theprojectile
subsystems.

     C accessing reliability of system components during development of
subsystems

It becomes a necessity to provide reliable instrumentation to perform integrated
measurements of these system design elements.

In order to characterize every aspect of the projectile operation, telemetry
instrumentation becomes a necessary component of system development. Also in
establishing failure modes and appropriate corrective actions for the “smart”
system, telemetry is an invaluable tool. Telemetry instrumentation provides, not
only, real time performance data but often forecasts problematic, operational
details early in the development of these programs. As system performance
criteria becomes more complex, involving several controlling factors for the smart
system, it becomes virtually impossible and undoubtably impractical to dedicate
functional hardware for only failure analysis assessment. And, while soft recovery
is an engineering vehicle to developmental testing allowing failure analysis to be
assessed after recovery, telemetry affords the benefit of real-time analysis of



failures and can be used in conjunction with soft recovery to develop performance
standards for the smart system.
It is important to note that telemetry instrumentation serves as a developmental
tool when it gauges the performance of every component of the “smart” system.
The premise of the telemetry system is first reliability. Simply, if the telemetry is
designed to measure the workmanship of the sensors and control systems of a
“smart” projectile, it must provide a trustworthy indication of component
performance.

The 1980’s brought about a marked development in very large scale integration
(VLSI) techniques which focused the electronics industry onto microprocessor-
controlled systems. The telemetry system described below takes advantage of
this microprocessor revolution. A notable point, however, is that the telemetry
system is reliable only to the extent of the microprocessor which controls its
output. The microprocessor has impacted the data volume on newly developed
systems by increasing the number of measurements relative to older systems.
One of the advantages has been that larger data requirements have been met in
smaller spaces allocated for the telemetry instrumentation. This makes the
telemetry system an excellent choice for laboratory applications having large data
requirements. In fielded projectile systems, the processor- controlled, like the
system described below, is less suitable as instrumentation success is based on
processor operation. The system discussed below demonstrates an alternative to
capture the traditional telemetry approach while upgrading data requirements with
the new technology.

PULSE CODE MODULATION (PCM) TELEMETRY SYSTEM FOR THE SMART
MUNITION

A telemetry system designed for the smart projectile briefly described here
handles packets of data which are “dumped” from a microprocessor-controller
system into a PCM encoder and modulates an Phase Modulated (PM) transmitter
for RF transmission. What sets this telemetry system apart from traditional PCM
telemetry systems is the nature in which the data is processed at the front end of
the telemetry system. Typical PCM telemetry systems encompass the entire data
processing task including digitization of the raw sensor signals through to the
encoding process as shown in figure 2 below.



Figure 2. Typical analog PCM telemetry system

With the advent of digital signal processing (DSP) techniques, processing of radar
and other radio frequency (RF) signals is available. The front-end processor in this
system provides interfacing between a main system controller and sensor
subsystems. It has advantages for both the smart system designer and the
telemetry designer. The telemetry device described here occupies a very small
volume due to its limited involvement with the senso signals.

For the “smart” system designer, the signal processor is a programmable “work-
horse” which controls system A/D conversion and RF signal processing (filtering).
Thus the signal processing, formerly done in the telemetry circuitry, is perfomed
by the “smart” system electronics.

Commercial digital signal processors also offer alternatives to perform:

     C digital (adaptive) filtering

     C Fast Fourier Transform (FFT) calculations

     C digital waveform encoding.

Using (DSP) techniques, the new telemetry system becomes transparent to the
digitizing process.

The genius of the telemetry system design is a 40 pin, high density Erasable
Programmable Logic Device (EPLD) which clocks a system controller to “push”
system processed data into a high speed ,parallel/serial ,First In First Out (FIFO)
shift register memory. A block diagram of this is shown in figure 3. A 1 MHZ clock
generated by the EPLD is used as a shift clock in the FIFO to serially transfer n-bit
blocks of data in an unformatted stream into the EPLD where it is combined with a
16-bit IRIG format synchronization word. The combined data words and
synchronization word are PCM encoded into a BIPHASE-MARK (BIO/ -M) coding
scheme. Because the first stage of standard telemetry formatting is achieved at



this point, the EPLD is referred to as a telemetry formatter. One of the neat
features of the formatter is that it enables the telemetry transmission to be
continuous even in the presence of discontinuities in the system processed data.
Prior to the data formatting stage, there exist packets of “smart” system data
sitting in the FIFO in what the telemetry formatter would consider to be variable,
randomized sets of n-bit data words. This happens because the system controller
sends a predetermined set of data words to the FIFO as a data packet during the
projectile flight. Each of the data, including the number of parameters constituting
the measurement set, may differ between various modes of operation in the smart
projectile system. This variable packet length is compensated for at the formatter
stage by insertion of an n-bit “dummy” data pattern, (typically n-bit “Logic 0” words)
inside of the empty word spaces collected from the FIFO. This results in a
composite ,1 MHZ stream out of the telemetry formatter. The smart system is
designed such that the controller will send a TM data packet to the FIFO, via a
formatter enable signal to the system controller, once during a particular data
transfer. This feature was designed primarily to eliminate redundancy in the
telemetry data stream and to ensure that only a packet’s worth of telemetry data
gets transmitted to the ground receiver during each transfer. This also serves as a
useful tool in data reduction where the elapsed time during empty data provides
time tags for data identification.

Figure 3. Formatter Telemetry System

DATA TRANSMISSION AND GROUND REDUCTION TECHNIQUES

The challenge of ground reception and data reduction capabilities are met by a
crystal-controlled, S-Band telemetry transmitter. The telemetry system may be
identified as a composite of two subsystems:

1. A programmable logic device for formatting the microprocessor (system
controller) data into a 1 MHZ BIO/ -M digital code.

2. A 2254.5 MHZ, phase modulated, ballistic transmitter for analog
transmission to a ground reception station.



The BIO/ -M PCM stream modulates the system transmitter on baseband. A
premodulation filter with a cutoff at approximately 0.7 X (Bit Rate) is used prior to
the input to the transmitter which reduces the harmonic content of the BIO/
squarewave and maintains acceptable limits consistent with Bit Error Rate
performance criteria. A low-pass filter network is used at the front-end of the
phase modulated transmitter to create a frequency modulated characteristic over
the range of the baseband modulation. This provides DC response and allows
design of the telemetry system using standard FM analysis and reception
equipment.

A 20 MHZ bandwidth, microstrip, wraparound antenna is bonded to the surface of
a section on the smart projectile, which houses the telemetry transmitter. A 200
milliwatt RF output is radiated over a suitable transmission link to a computerized
ground reception station where detailed plots are immediately produced from the
decoded data. The telemetry formatter, transmitter, and antenna subsystems are
qualified for high-shock, high-spin enviornments in excess of 15000 g’s and to
over 10 rps.

CONCLUSION

As engineering development of the emerging “smart” system progresses, the
demand for limiting the physical size of instrumentation has grown. The telemetry
system described in this paper suits this need to limit space for instrumentation
and make room for the sensor subsystems which are the essence of the “Smart”
systems. This, like any other commercial effort to reduce electronics packaging
space, has its limitations. A drawback associated with this type of telemetry
system is that it is totally dependent on the operation of the system controller.
Characterization of the system sensors (“eyes”) is most suitable at the outputs of
the sensors. Progressive telemetry designs are shifting the emphasis away from
space limitation for instrumentation during the critical, developmental phases of
programs. Hybrid telemetry designs have been developed to enhance the
performance of these PCM telemetry systems. Analog measurements are
included to determine anomalies in the “smart” system performance during the
early stages of development. The system-controlled telemetry approach is finding
greater demands during the reliability phases of these programs.
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Introduction

Direct digital synthesis technology has been employed in the development of a
telemetry data simulator constructed for the Western Space and Missile Center
(WSMC). The telemetry simulator, known as TDVS II, is briefly described to
provide background; however, the principal subject is related to the development
of programmable synthesizer modules employed in the TDVS II system. The
programmable synthesizer modules (or PSMs) utilize direct digital synthesizer
(DDS) technology to generate a variety of common telemetry signals for
simulation output.

The internal behavior of DDS devices has been thoroughly examined in the
literature for nearly 20 years. The author is aware of significant work in this area
by every major aerospace contractor, as well as a broad range of activity by
semiconductor developers, and in the universities. The purpose here is to expand
awareness of the subject and its basic concepts in support of applications for the
telemetry industry.

During the TDVS II application development period, new DDS devices have
appeared and several advances in device technology (in terms of both speed and
technique) have been effected. Many fundamental communications technologies
will move into greater capacity and offer new capabilities over the next few years
as a direct result of DDS technology. Among these are: cellular telephony,
high-definition television and video delivery systems in general, data
communications down to the general business facsimile and home modem level,
and other communications systems of various types to include telemetry systems.

A recent literature search of the topic, limited only to documents available in
English, indicates that some 25 articles and dissertations of significance have
appeared since 1985, with over 30% of these appearing in international forums
(including Germany, Japan, Great Britain, Portugal, Finland...). Product



advertisements can readily be found in various publications on test instruments,
amateur radio, etc., which indicate that international knowledge and product
application of the technology is becoming increasingly widespread.

Brief Overview of TDVS II

One area of the TDVS II system, that of producing (on a single module) simulated
telemetry signals representative of all the basic forms in IRIG 106-86 (low-megabit
rate baseband PCM, as well as IRIG FM/FM, PAM/FM, and PCM/FM), was largely
made possible as a direct result of the availability of low-cost direct digital
synthesis components. The following brief overview of TDVS II will clarify the
general implementation of the system, and the strategic application of DDS
devices.

The TDVS II computer ensemble consists of two back-to-back 68020-based VME
systems, where the front-end of one system consists of PC/AT compatible
workstations and the back-end of the other system consists of two VXI crates
known as Telemetry Synthesis Units (TSUs). Users of TDVS II may define a
desired telemetry simulation using fill-in-the-blanks data entry screens on the
workstations. Based on the user’s definition, a bit-wise representation of the
desired telemetry data stream(s) is constructed and routed to the second VME
frame. The second VME frame is also capable of user interaction through an
Ethernet interface to the front-end frame, such that user requested real-time
changes to a simulation may be effected while the simulated telemetry data is
being “streamed” to the TSUs.

Each TSU contains twelve (12) Programmable Synthesizer Modules (PSMs).
Each PSM can generate either one channel of baseband PCM at data rates in the
lower megabits per second ranges, or one IRIG FM subcarrier (from the basic
IRIG set of 85 PBW and CBW channels) modulated with PCM, PAM, or basic
waveform (e.g., sine, ramp, DAC-ID pattern, etc.) data. Altogether, TDVS II can
generate up to 24 channels of synthesized telemetry (24 effective information
channels). However, the two TSU subsystems together generate four unique
telemetry outputs, up to three of which may be baseband PCM, and one of which
is an FDM composite containing up to 24 subcarriers (if none of the PCMs are
active, and depending on normal channel spectra constraints).

The FM subcarriers may be modulated such that up to three of these channels
may be PCM/FM; up to four may be PAM/FM; and the remainder are modulated
with simple waveforms, multi-point calibration patterns, DAC-ID sequences, etc. In
addition to the three baseband PCM and one FDM output, the system also has a
fifth non-unique telemetry output which may be configured to produce “special”



telemetry outputs from combinations of the first four, such as PCM/FDM hybrid
signals.

As an overall system, TDVS II is configured as a three-link telemetry simulator.
The telemetry structure capabilities and data generation capacity of TDVS II, while
not specifically the subject of this paper, tend to exceed the capabilities of most
other telemetry simulators presented at this forum in recent years, and so are
briefly reviewed in Table 1.

Some aspects of the general telemetry simulation issue which relate more to
testing of range hardware through the receivers, bit syncs, etc., are not directly
addressed by TDVS II, which is specifically oriented toward generation of
substantial data structure and content. While some basic Doppler simulation
capabilities exist in an associated RF transmission system (Simulated Telemetry
Open Loop System II - STOLS II), the overall ensemble does not presently
provide for more exotic testing techniques such as noise and/or jitter injection,
PCM vanishing, random wrong bits, induced ringing, etc. TDVS II is primarily
intended as a high-volume, high-accuracy data simulator: the simulation of various
characteristics of real-world RF signals encountered in aerospace vehicle
communications is best handled by off-the-shelf signal simulators or other
techniques which can be introduced at the receivers.

The overall TDVS II ensemble also provides for distribution of its outputs to
various range facilities, recording and/or playback of simulations, local quick-look
analysis of simulations, or transmission of up to three S and/or L band RF signals
(STOLS II) modulated with the TDVS II simulated telemetry. All TDVS II simulated
IRIG telemetry waveforms are ultimately generated on the PSM modules using
direct digital synthesis techniques in one way or another.

Basic Techniques of Direct Digital Synthesis (DDS)

Since the earliest days of radio, designers have employed various techniques to
generate stable signals of controllable frequency. Until recent years, all techniques
for synthesizing waveforms were implemented in the frequency domain; including
RC and LC oscillators, crystal oscillators, PLL circuits related to crystal, RC, or LC
circuits, etc. In the last 20 years, the development of high speed digital integrated
circuits has made it possible to synthesize waveforms directly in the time domain
(i.e., as the time-phased points, or samples, of a desired final waveform). The
essential rules for the number of samples required for successful direct digital
synthesis of waveforms were actually developed about 50 years ago at Bell
Laboratories when Harry Nyquist defined the basic relationship between the
frequency domain and samples in the time domain.



Some writers in the field incorrectly state that a basic direct digital synthesizer can
be readily constructed from a counter, a ROM or EPROM, and a DAC assembled
in a straight chain. This type of device is simply a clocked waveform map, and not
a DDS.

The fundamental feature of a true DDS is the use of a phase accumulator;
typically consisting of an input register (actually a delta phase, or “hop” register), a
digital adder with bit-width corresponding to that of the registers, and a register
which serves as an accumulator. The accumulator value at any point in time is
used to address a look-up table (or waveform map, usually implemented in ROM)
which outputs the sine (or other waveshape function value) of the phase angle
represented by the current number in the accumulator. In most present day
implementations, the waveform map is followed by a DAC (and a low-pass filter).
A frequency is synthesized by virtue of a feedback path from the accumulator to
the adder, such that the current delta phase value (hop size) is added to each
subsequent accumulator output value to produce a new value. Eventually the
accumulator reaches overflow, at which point a full cycle of possible phase values
has been exhausted and another sequence begins. The frequency output by such
a circuit is a function of the clock frequency, the length of the accumulator, and the
delta phase increment. This arrangement is illustrated in Figure 1.

Another popular view of this operation (also shown in Figure 1) is based on the
idea that a repetitive waveform can be visualized as rotation from point to point
around a circle. The circumference of the circle (sometimes called a phase circle)
is equal to the number of values which can be represented in the phase
accumulator (e.g., a 24-bit wide system can represent 2 , or 16,777,216 discrete24

phase values). Rotation around the phase circle takes place in discrete
increments at a constant clock rate, such that the only variable is the size of the
increment (the delta phase value, or the number of points to skip when
progressing to the next phase state on the circle). Phase accumulator overflow is
the equivalent of starting another trip around the circle.

The delta phase value ()N) is the change in accumulated phase over the time
interval between clock pulses, and the rate of change of phase represents the
output frequency of the circuit. As shown in the relationship (1), below, this output
frequency is dependent on three parameters: f , the frequency of the timebaseclk

clock in Hertz; n, the length in bits of the of the phase accumulator; and )N, the
phase increment, which is effectively the tuning input value.

(1) dN/dt = ()N/2 ) / (1/f ) = )N(f /2 ) = fn     n
clk   clk   out



Thus, tuning is accomplished by changing the size of the hops (phase deltas)
taken by the phase accumulator while being clocked around the phase circle.
Since the delta phase (tuning) register is a separate structure from the actual
accumulator portion of the circuit, the result of a change in tuning value is simply
that the overall phase accumulator action continues from its current phase value
at the new increment. Frequency changes therefore occur directly and in a phase
continuous fashion. However, since the values output from the overall phase
accumulator are used to address entries in a waveform map, the result is
fundamentally a sampled data system, subject to Nyquist’s theorem. Thus, the
maximum output frequency which can practically be generated is something less
than half of the clock frequency.

Since the DDS is a sampled data system, an obvious source of errors is the finite
quantization of a sine wave as amplitude values in the waveform map.
Predictably, the final output sinewave will exhibit distortion; however, the distortion
of the DDS is generally not harmonic relative to the sine wave itself, but rather the
result of arithmetic shifts of the original spectrum which are spaced according to
the sampling frequency. This sampling effect produces image responses above
and below the clock frequency, in addition to the desired fundamental. The
predictable frequencies for these images may be derived from:

(2) f  = (N*f )±f where N=0,1,2,...,.img  clk out

These images must be filtered using a lowpass (or bandpass) filter at the DAC
output.

Properties of the waveform map relative to the DAC are another predictable
source of spurious energy in a DDS system. The basic purpose of the waveform
map is to translate quantized phase values into quantized amplitude values for
presentation to the DAC. Typically, a waveform map contains 180º of time-phase
addressed amplitude information for a cosine function. The cosine is often used
instead of the sine in order to minimize amplitude errors at zero crossings, and to
provide for synchronization of delta phase changes with peaks in the carrier
waveform (zero slope points).

In general, DDS implementations truncate the bit-width of the overall accumulator
chain prior to input to the waveform map, which in turn outputs an amplitude
resolution appropriate to the input bit-width of the DAC. The truncation of the
resolution of the phase value introduces jitter in the output waveform which
appears as spurs in the spectrum, and the amplitude quantization of the object
waveform also produces spurs. Phase truncation errors in most DDS devices
contribute spurs no greater than about -70dbc, but the behavior of typical DACs is



likely to result in a higher figure for spurious content derived from amplitude
related factors.

It is important to note that the intrinsic quantization errors of the DDS topology do
not necessarily appear as uniformly distributed noise across the Nyquist
bandwidth, as conventional wisdom might imply. In general, depending upon the
specific properties of the DDS, its waveform maps, and D-to-A converter (i.e., bit-
width of the phase accumulator vs bit-width of the maps vs resolution and other
attributes of the DAC), quantization errors will repeat periodically at certain
frequencies and produce additional spurs in the output. This occurs as a result of
differential non-linearity of the DAC which becomes apparent when exact phase
sequence values, and hence, exact amplitude values input to the DAC are
repeated.

Current wisdom regarding DDS application is that the most significant source of
spurious signal content is the result of DAC quantization errors. However, it would
appear that essentially all currently available DDS/DAC combinations result in
spurs no greater than -60dbc. In general, the so-called 6db-per-DAC-bit rule
(quantization SNR = 10.8db + 6db-per-bit of DAC resolution) cannot be used as a
prediction of DAC spur levels for reasons cited in the preceding paragraph; and
DDS/DAC combinations do not always appear to behave in strict compliance with
the expected 6db slope.

While many other characteristics of the DDS could be presented, the scope of this
portion of the paper is limited to a basic understanding of the technique, its
inherent problems and general oddities, and features relating to its application in
the specific IRIG telemetry environment. Therefore, one more overview topic must
be considered: that of digital modulation in such systems.

Modulation basically consists of varying in the time domain one or more of the
three primary signal parameters: frequency, phase, or amplitude. In order to
quickly understand how direct digital modulation of these signal parameters might
be accomplished, consider the following general equation for a signal:

(3) s(t) = Aƒ(Tt+N),

where: A is the signal amplitude
T is the signal frequency in radians
N is the signal base phase
ƒ(•) is the signal waveshape function



Modulating this general signal consists of introducing variations in time upon the
basic signal parameters, which in the general case produces the equation:

(4) s(t) = A(t)ƒ(T(t)t+N(t))

where: A(t) is the amplitude modulation
T(t) is the frequency modulation
N(t) is the phase modulation

By considering the basic DDS circuit of Figure 1 in the light of the above equation
(4), one can readily deduce where each type of modulation would have to be
effected in the system to produce the desired result. Frequency modulation would
have to be ahead of the delta phase register, phase modulation would have to be
after the adder but ahead of the (phase) accumulator register, and amplitude
modulation would have to be after the (normalized) waveform map.

DDS Math is Discrete-Time

Generally, in modern communications, reality tends to be described in one of two
ways: either as continuous-time (CT) functions (familiar to all of us as analog
signals), or as discrete-time (DT) functions (familiar as sampled systems, or as
related to sampling theory). In commonly encountered cases, a discrete-time
signal is simply a sequence of values (like the sequence of values in a waveform
map); but if the values of the sequence are represented by only a finite number of
bits (as in a finite state machine), then the sequence can only represent a discrete
set of values (commonly 0 and 1) and the sequence is called a digital signal.
Much of the theory that is applied in DSP is actually the theory of DT signals and
systems, in that no amplitude quantization is assumed in the mathematics.

The mathematics of CT systems and DT systems exhibit a general and fairly
consistent duality of concepts, and other parallel features. For essentially every
concept applied to the analysis of CT systems, a corresponding concept can be
found in the literature for DT systems (e.g., continuous convolution and discrete
convolution, or differential equations and difference equations). In the telemetry
industry, we have to deal in both of these mathematical worlds, and are generally
familiar with the fact that despite the apparent duality of concepts, it is simply not
possible to apply directly the mathematics of CT systems to DT systems, or vice
versa.

The systems we deal with in the telemetry world typically consist of both analog
and digital subsystems, with appropriate ADC and DAC devices at their interfaces.
In fact, it has become common practice for us to put a digital computer in the



control loop for a multi-million-dollar missile or aircraft whose behavior and
sensors are fundamentally analog by nature. As we are all well aware, analytical
difficulties frequently occur at the boundaries between the analog and digital
regions of our systems, because the mathematics used on the two sides of the
interface must be different.

As a simple example, we can compare a typical digital sequence to its analog
equivalent. Take the case of a DT signal sequence s(n), derived from an analog
signal s (t) by ideal sampling, such that:a

(5) s(n) = s (t) * t=nTa

The analog or CT model for the same sampled signal is denoted by s*(t) and
defined by:

                             +4
(6) s*(t) = G s (t)W  (t-nT)a a

                            n=-4

where: W (t) is an analog impulse function.a

Of course, we recognize that both s(n) and s*(t) are used throughout the literature
to represent an ideal sampled signal, and that even though s(n) and s*(t)
represent the same essential information:

• s(n) is a DT signal, and
• s*(t) is a CT signal.

The demonstrated reality is that the two descriptions are not mathematically
identical; and although this is a very fundamental point, s(n) remains a “DT-world”
model of a sampled phenomenon, and s*(t) is simultaneously the “CT-world”
model of the same phenomenon.

In a DDS, the phase accumulator is described by DT mathematics, and is a
sampled data system. The DAC-filter pair is also a sampled data system.
However, the output signal objective is still described in terms of CT mathematics.
This results in the same generic analytical difficulties which occur whenever
analog (CT) and digital sampled system (DT) phenomena meet.



DDS Output - Analog Signal Recovery

There are at least twenty important parameters involved with the specification of a
digital to analog conversion scheme, and a complete discussion of this subject is
beyond the scope and purpose of this paper. However, a brief review of some of
the key phenomena encountered in waveform reconstruction is in order.

In general, DDS output is reconstructed through a zero-order hold type digital-to-
analog conversion, where each output value is a function of its binary weight value
(a number) and is held until the next sample arrives. As the binary numbers
change, the output varies in discrete steps. If the binary numbers were generated
by an up/down counter, a triangle step function response would be observed at
the output, and spectral analysis would show that a large amount of undesirable
high-frequency energy is present.

To eliminate this, the DAC is usually followed by a smoothing filter having a cutoff
frequency no greater than half the sampling frequency. This filter produces a
smoothed version of the converter output which is actually a convolved function.
What this means mathematically is that the spectrum of the resulting signal is the
product of two spectra: that of the step function (sinx/x), and that of the band-
limiting analog filter.

Conventional wisdom would hold that an increase in the number of samples per
cycle for a particular output frequency will provide a better approximation of the
desired signal, and correspondingly lower distortion. However, this is not always
the result with typical real DACs. With an ideal DAC, transition time from one
sample to another is zero, and a very large number of samples makes sense.
However, with a real DAC fewer samples per cycle can actually improve
performance because the DAC-settling-time induced waveform error is averaged
over more time, thus reducing its overall contribution to distortion of the output
signal. Remember, only two points are theoretically required to reconstruct a
complete sinewave with the proper DAC and filter combination. More is not always
better.

The TDVS II PSMs use a low-pass filter at the DAC output which corners sharply
at 2 MHz, thus limiting the spectrum to the IRIG FDM passband. Well known
alternatives include following the DDS with a PLL, or applying a more specific filter
at the DAC output.

The smoothed output of the DDS may exhibit aliasing effects resulting from the
phase and attenuation relationships of the signal recovery process (the DAC and
smoothing filter combination). Instead of immediately following the DDS with a



DAC and reconstruction filter, attenuation due to the DAC (sinx/x) spectrum shape
could, theoretically, be compensated for by applying a digital filter with an inverse
response (x/sinx) prior to conversion, providing an overall flat magnitude signal
response to be smoothed by the filter. Other alternatives exist, and some
alternative to the current DAC-filter arrangement is both required and likely to
occur in future DDS developments.

Spectral Containment Considerations with DDS Technology

There are four basic categories of spurious spectral energy intrinsic to the general
application of a DDS device. These areas are all discussed elsewhere in this
paper, but the following is a basic list of the types of DDS-related spurious energy,
and their sources:

     C non-harmonic discrete spurs - DAC non-linearity
     C harmonic spurs - DAC non-linearity
     C aliasing responses - the images.
     C broadband phase noise - the DDS clock source

However, for most applications, the DDS exhibits impressive spectral purity
because it is inherently phase continuous. Thus, upon receiving a new operating
frequency, the device continues on from its current phase position at the new
frequency. This performance is equivalent to continuous phase frequency
modulation (CPFM). This characteristic operating mode of the DDS results in the
consumption of less bandwidth than that of a frequency-switched FM signal
generated by a conventional VCO.

Also, in cases where the waveform map is structured such that signal peaks occur
when the phase accumulator overflows and starts through the phase circle
sequence again (e.g., as in cosine waveform mapping), then signal frequency
shifts can be synchronized with peaks in the carrier waveform by using the
carry-out flag from the DDS. This mode is referred to as continuous phase-slope
frequency modulation (CPSFM), because at the signal peaks the phase-slope is
zero. The end result of synchronization of frequency changes with phase
accumulator overflows can be additional minimization of sideband energy,
depending on the relationship between the modulating frequency and the carrier
frequency.

Development of a Telemetry Synthesizer using a DDS

Considerable engineering development, along with the typical experiences with
most of Murphy’s Laws, has been involved in development of the PSMs. The DDS



products of several manufacturers have been the subject of analysis or
experimentation at various times during the TDVS II system development. No two
DDS devices have the exact same topology, and all have specific proprietary
features which are oriented toward one or another class of application. One
particular variation on the DDS, which contains internal modulation stages for FM
and PM, is known as the Number Controlled Modulated Oscillator (emphasis
added) or NCMO*.

At the time of this writing, the NCMO remains the only DDS on the market with a
direct digital modulation input independent of the tuning input, and ported at the
fundamental bit-width of the phase accumulator. This particular characteristic of
the NCMO is critical to concepts employed in the PSM which simultaneously
modulate the device and deviation map the resultant signal to the IRIG channel
constraints.

The basic architecture of the NCMO (Digital RF Solutions Corporation, Santa
Clara, CA) is shown in Figure 2. Note that while modulation capabilities are
on-package, the waveform maps are external components. In addition, a single
12-bit external DAC is used with this device.

The PSMs in TDVS II are basically required to be capable of creating any kind of
telemetry allowable in IRIG 106-86, in the channel quantities cited earlier. This
includes baseband PCM at accurate bit rates and any permissible IRIG encoding;
as well as a mix of IRIG FM subcarriers which may be modulated with PAM, PCM,
or basic waveforms. During the development process, interesting characteristics
related to applying the NCMO to each of these areas were discovered.

Telemetry Data Streaming: The DDS as a Bit-Rate Clock

The circuit approach for output streaming of a constructed telemetry data stream
(generated on disk by TDVS II) is illustrated in Figure 3. In this scheme, a FIFO is
used as a rate buffer between the data flow behavior of the VME computer system
and the data rate required by the particular PCM, PAM, or FM data simulation.
The FIFO depth is presently 8K based upon a service-time analysis; however,
pin-compatible FIFO ICs are available at reasonable cost with volumes from 2K
through 16K.

The DDS in this case is used simply as an inexpensive, highly accurate,
programmable bit-rate clock, where the inherent numerical accuracy of a DDS
approach means “no tweaking.” An encapsulated crystal timebase oscillator is
used as the frequency source for the DDS. The timebase frequency in the PSM is
16,777,216(2 ) resulting in a tuneable frequency resolution of 1 Hertz/bit with the24



Digital RF Solutions 24-bit NCMO. Since DDS devices inherit both their long term
and short term stabilities from the timebase used; and since crystal oscillators,
being single frequency devices, are designed with excellent drift and residual
noise characteristics; the DDS output also possesses these properties, and
theoretically improves upon them. Improvement of the timebase noise
characteristic occurs by virtue of the DDS output frequency being lower than that
of the reference clock, with phase noise improvement in accordance with the “20
log N” rule.

An interesting aspect of using the DDS as a bit-rate clock is found in the fact that
the clock signal needed by subsequent logic must be a square wave (having
sharp corners, and therefore containing very high frequency harmonic
components); but the DDS has the fundamental constraint that the output can
contain no frequency component above the Nyquist rate. One intuitive solution to
this dilemma would derive from the fact the DDS, representing a digital process
itself, already contains squarewaves in its operations.

So, why not use the output MSB before the waveform map stage as the source for
a programmable clock?  The problem with this approach is that while the DDS can
be viewed as a specialized divider, in reality it is a phase step counter. The MSB
of the DDS output does provide output frequency information; however, it also
represents more than just output frequency information, especially at higher
frequencies. The MSB exhibits degrees of edge jitter in all cases, except when the
phase increment is set so that the output frequency is an exact integral
subharmonic of the fundamental clock. This condition is not suitable for cases in
which the DDS is being applied as a frequency programmable squarewave
source, since it is expected to not exhibit significant jitter at any programmed
output frequency.

Squarewave synthesis with the DDS is best performed by following the DAC with
a low-pass filter to obtain a sine wave with suitable zero-crossing accuracy; then,
applying a comparator-to-ground to detect the zero crossings. Considerable
analysis has been applied to this subject by DDS device manufacturers, with the
general (and not surprising) conclusion that the low-pass filter is the essential
element for ensuring that jitter in the DDS output is eliminated.

The lowest bit-rates required in TDVS II are 64 bits per second, and the highest bit
rates exceed 2 megabits per second. At the lower frequencies, a higher number of
phase points are applied to the waveform map by the DDS, and the resultant
output exhibits very low jitter. At the higher frequencies, the filter comes into play.



Programmable generation of the various IRIG encodings (i.e., NRZ, BIN, etc.) is
implemented on a state machine contained in the registered PROM which
precedes the circuit’s output driver, and is clocked by the squared NCMO output.
Pre-Modulation filtering for baseband PCM is handled at a later point in the
system architecture through the use of commercially available precision
programmable filters.

Digitally Generated IRIG FM Subcarriers

Basic IRIG FDM telemetry is defined by Table 3-1 (Proportional-Bandwidth
Subcarriers) and Table 3-2 (Constant Bandwidth Subcarriers) of IRIG 106-86
(where the enclosed area of Table 3-2 contains the basic CBW channel set). In
all, there are some 85 channels defined in the basic IRIG “set” of PBW and CBW
channels. The design strategy in TDVS II provides that any PSM may be a source
of not only baseband PCM; but also a source for any subcarrier from the basic
IRIG set, where the programmably selected subcarrier may be modulated with
PCM, PAM, or other waveforms. In addition, the amplitude of the individual
subcarriers may be programmably scaled (via a multiplier, as in the case for
amplitude modulation in Figure 1) to simulate a pre-emphasis relationship.

The purpose of IRIG FM simulation in TDVS II is to provide an integrated and
programmable signal source for range validation purposes. This includes the
ability to cycle through DAC-ID sequences on each channel, the ability to place
standard five and eleven point calibration sequences on each channel (which in
this case is done with incredible accuracy due to the digital technique employed),
and the ability to provide simulation of telemetry data on FM subcarriers.

One design challenge in applying the NCMO to this function was development of
a technique to establish deviation limits which correspond to the IRIG standards
for each individual channel. This aspect of the application is called “deviation
mapping,” and two basic approaches to achieving this feature have been explored
during the TDVS II development.

One approach is to apply a memory medium between the final modulating data,
and the modulation port of the NCMO. This approach is illustrated in Figure 4. In
the basic example shown, an 8-bit telemetry data value and a 7-bit IRIG channel
address are presented to the deviation map memory. Through the deviation map,
the telemetry data value is scaled to a 24-bit NCMO modulation port value such
that the 256-element range of the 8-bit data value produces a 24-bit modulation
value which falls exactly in the range of a particular IRIG channel. The effective
data amplitude represented in the 8-bit telemetry data value modulates the NCMO 



frequency excursion, while the information added by the map simply ensures that
the channel’s frequency boundaries are never exceeded.

The deviation map can be implemented as a fixed structure in EPROM, or can be
implemented with writeable memory so that its entries can be changed under
program control. In addition, a programmable single entry map could be applied
instead of a larger memory representing the deviation limits for all of the available
channels.

Another approach to achieving the deviation mapping effect is to use a multiplier
rather than a memory. While this approach is not illustrated, the basic idea is the
same: to scale a value from its intrinsic bit-width, to the bit-width of the modulation
port, within limits defined by the permissible IRIG (or non-IRIG, if required)
frequency excursions.

Data Resolution

An amplitude resolution of 8-bits is fine for DAC-lDs or calibration points.
However, amplitude quantization effects on an 8-bit digital representation of data
(for example, a sine wave), result in a highly inaccurate waveform as the slope
approaches zero (due to rounding), or if the data is scaled. However, there are
alternatives to simply widening all the data paths.

One way to deal with this problem is to use 8-bit amplitude values as
“phase-pointers” (only the zero crossings or the peaks are really necessary), and
interpolate the individual time-sequence of the values into higher accuracy
data-points at some convenient memory-bearing site such as the deviation map.
Remember, we’re dealing with amplitude at this point.

 Local Generation of Repetitive Waveforms

The PSMs use a recirculating downloadable FIFO technique. This permits the
PSM to be placed in a local mode in which the module will repeatedly issue its
data set through the NCMO (or as baseband PCM, clocked by the squared-
NCMO) up to the depth of the FIFO (2K to 16K). In the IRIG FM case, this mode is
used for DAC-ID data, five and eleven point calibration data, and for simple
waveforms such as sines, ramps, triangles, etc. As indicated, a PCM frame which
is structured so that its total volume falls within the FIFO depth may also be
recycled, as well as a PAM data frame set meeting the same total data volume
criteria.



PCM/FM and PAM/FM - Modulation with Sharp-Edged Signals

When a series of baseband PCM signal states are applied to the NCMO
modulation port, the output carrier hops back and forth between the two
numerically-selected frequencies (i.e., FSK). While the NCMO doesn’t violate the
laws of physics, and the expected result of some “spreading” is apparent in the
output spectrum, the technology does offer spectral performance improvements
over most prior-generation SCOs. Frequency slewing an SCO is simply not the
same as the frequency hops of a continuous phase digitally generated FM device,
either mathematically or in practice.

Spectral results have been observed in which NCMO generated calibration
subcarriers exhibited 40-45dbm peak-to-trough levels for adjacent IRIG channels,
while a conventional range calibrator didn’t exceed 35dbm for the same adjacent
channels. Comparative performance in the lower IRIG channels can be especially
striking.

Sharp-edged waveforms can be “shaped” before presentation to the NCMO
modulation port to achieve improved spectral performance, if the application
warrants. The digital version of pre-modulation filtering is called “transition
mapping,” or “transition shaping.” A low-cost implementation technique involves
the use of a DSP assisted interpolator, but is rate-limited to about 40 Kilobit PCM
by the performance parameters of current-generation DSPs.

One novel approach to providing frequency interpolation between synthesis steps
is based on dynamically changing the modulation mode of the NCMO. A simple
counter can be employed to generate modulation port sweep values. If the NCMO
is in phase modulation mode, as the speed of the counter is varied, the output
frequency changes accordingly because a linear phase ramp produces a
frequency shift. Either a state machine or a DSP can be employed to change the
modulation mode and control the counter, depending upon the parameters of the
application.

It is important to note that transition shaping may not be required at all in IRIG FM
telemetry applications due to the intrinsic spectral purity and precise numerical
modulation of the NCMO, when considered in the light of normal performance of
existing SCOs and discriminators.

Special Considerations for DDS Application

An important area of special consideration when dealing with DDS devices is the
area of instrumentation problems (test bench instruments, not range



instrumentation). In general, spectrum analysis test equipment can easily mask
actual performance of a DDS. Since all test equipment exhibits some degree of
non-linear performance, and since DDS devices by nature can generate many
output signals, spectrum analyzer non-linearities which mix DDS created signals
with instrument created images can result in highly confusing situations.

The NCMO is a 5 volt device, and when associated with a DAC in a typical circuit
with a ±5 volt supply, can produce output products which essentially overdrive the
dynamic range capability of the spectrum analyzer. In general, highly detailed
analysis of NCMO spectral performance requires a precision attenuator at the
analyzer input. Spurious signals displayed by the spectrum analyzer may well be
artifacts of the analyzer’s radio circuitry, and not a characteristic of performance of
the DDS. Even the highest-quality analyzers may require 30db of input
attenuation, and many units will require 40db to guarantee sufficient dynamic
range. Some older analyzers simply can’t be applied to work with DDS designs in
scenarios where “those last few db” are significant.

Another special consideration, and one of the most challenging aspects of
applying a DDS does not stem from the device itself, but is found in the realization
of the extent to which engineers are educated in an analog world. The “tank circuit
mentality” can be very hard to overcome, both in the developer, and among those
attending development design reviews. A sign in the TDVS II development area
asks: “What is the slew-rate from zero to one?”

Manufacturers in the DDS industry itself have been largely responsible for creating
the impression that DDS devices are somehow identical to conventional
oscillators, giving rise to the Idea that conventional wisdom regarding the behavior
of various earlier generation linear systems may be directly applied to the DDS.
An oscillator is a linear system, subject essentially to “inertial” effects proportional
to the Q of a resonator. A digital synthesizer is just not well related to the world of
LaPlace transforms and the like, and exhibits no “inertial effects.”

A useful visual aid when presenting the idea of a DDS application to “linear
observers” is to have an old broom handy. The idea is to hold the broom out at
arm’s length while visualizing that the end of the broom is a pointer to a particular
frequency. In order to point to a different frequency it is necessary to swing the
broom around to point in another direction, which involves the rate at which one
swings the broom, and the physical instability of stopping in just the right place
(i.e., ringing).

The DDS is so conceptually different that the broom is next placed on the floor.
The visualization is that of being radially surrounded by a large number of “virtual



brooms,” where selecting a new frequency (for tuning or modulation) is simply a
matter of selecting which “virtual broom” to pick up. There is no inertia, and all the
brooms could be sequentially picked up in any order. The collection of “virtual
brooms” represents the fundamental concept of the “signal palette” of the DDS.

A real DDS can, in fact, rapidly hop from frequency to frequency, doing so as a
result of frequency modulation by various sharp-edged waveforms, while
maintaining remarkable spectral purity in its output. The process is the number-
controlled result of a sampled data system which is capable of changing its output
pattern from the phase-value sequence for one frequency to the phase-value
sequence for another frequency at a point of zero phase slope between two
successive cycles of the phase circle. The principal issue in its application has to
do with the waveform reconstruction process, and is centered around the DAC
and the subsequent filter used for waveform reconstruction.

Possibilities for Future Telemetry Systems

Although TDVS II is a development project, and not a research project, one of the
most challenging aspects of the program has been to keep abreast of the rate at
which today’s laboratory research turns into tomorrow’s products. When the
author was first presented with the idea of TDVS II as a generalized telemetry
simulator, DDS technology was basically a laboratory curiosity. Today, DDS
technology is reaching the status of altering the basic concepts, techniques, and
economics associated with electronic communication in the both the military and
commercial marketplaces.

Some papers presented at various episodes of this forum in recent years have
tended to see the future in terms of ever higher PCM bit-rates. However, the real
figure-of-merit for any data communications system is actually the ratio of the data
architecture’s bit-rate to the bandwidth applied in the information transfer. This
ratio is the bandwidth efficiency of the information system.

If more signal states could be introduced into an information communication
system, the bandwidth efficiency could be increased. Bandwidth is consumed
every time a signal changes state. If more signal states were applied in a system,
each state could represent a larger set of information, and the system would
require fewer state changes to transfer a desired collection of information sets.

In any communication system, the information bearing signal must conform to the
limitations of its channel. While the bit-streams to be transmitted are inherently
discrete-time (DT), the physical media has traditionally been viewed as
continuous-time (CT) in nature. As a result, modulation, the process of imposing



the bit-stream on the media, is viewed as a means of representing the discrete-
time bit stream as a continuous-time signal. The intrinsically quantized nature of
DDS technology makes alternative views of the modulation process possible.

Recently, the academic community has begun to back away from the ever
increasing alphabet soup of acronyms which are used to indicate different forms
of modulation. In this low-letter-count view, most of what we deal with is PAM of
one sub-type or another, in which a sequence of time-translates of a basic pulse is
amplitude modulated by a sequence of data symbols. When the primitive idea of
baseband PAM is extended to passband transmission by introduction of a
sinusoidal carrier signal, the whole gamut of alphabet-soup techniques become
available as special cases of passband PAM. Important examples include
phase-shift keying (PSK), amplitude and phase modulation (AM-PM), and
quadrature amplitude modulation (QAM).

Recall that with the NCMO, all the basic means for applying modulation are
directly available in digital (hence, DT) form; meaning, in essence, that the NCMO
can be considered to be polar in nature, and number-driven in technique. Those
familiar with modem technology will also be aware that modern data
communication carrier systems apply amplitude coding in conjunction with phase
shifts in the form of passband PAM known as QAM. Conventional QAM uses two
modulators simultaneously and independently to convert the desired output signal
vector into its Cartesian (x,y) coordinates and perform a vector addition to create
the final output.

Since the modulation inputs in a conventional QAM system are polar coordinates
(i.e., each signal state exhibits a unique combination of carrier and phase), the
combination of signal states is commonly presented on a polar display and
referred to as a signal constellation. Well-known constellations are 16-QAM, and
the higher-order types of v.29 and v.32 communications. Note that bandwidth
efficiency (bits/second/hertz) increases with the use of a higher number of
precision signal states.

Since the numeric synthesizer is polar in nature, it can accept digital input data
directly in polar coordinates. Instead of Quadrature Amplitude Modulation, the
device directly accommodates vector (or polar) data modulation formats. In the
telemetry world, the acronym “PDM” used to mean Pulse Duration Modulation.
However, the term PDM is now a registered trademark of the NCMO
manufacturer, Digital RF Solutions. PDM now means Polar Data Modulation, the
direct digital relative of QAM (i.e., digital number driven QAM).



The significance of this new-generation PDM idea is that the full digital resolution
of both the amplitude and phase modulators of a DDS system can be applied to
the representation of signal states. If the twelve bits of the NCMO phase
modulation input (4096 signalling states) is considered in conjunction with just an
8-bit amplitude multiplier (256 states), then over a million unique output signal
vectors are possible (4096x256=1,048,576). Each of these output vectors is
uniquely generated from its numeric coordinates, with the particular numeric
accuracy of the modulator inputs (consider a 12-bit amplitude multiplier, or
4096x4096). While the commercial applications of this line of thinking are of
considerable significance (both technologically and economically), additional
possibilities for future telemetry approaches also exist, some of which have been
discussed at previous ITCs.

During the development of TDVS II, the author has often encountered curiosity
regarding the telemetry synthesis aspect of the TDVS II project. The usual
reaction to the PSM, a VXI/VME PC board with two complete VME-interfaced
DDS systems on-board, is one of bewilderment and: “But, aren’t those things
really just frequency sources?” Trying to explain that the NCMO (and DDS
technology in general) can be used either to establish PCM data rates, or as a
digital sub-carrier oscillator, or as a source of newer, more complex forms of
telemetry, typically produces some unique reactions. But when the ability to do
PAM with the technology is mentioned, the reaction is almost consistently: “PAM
is dead.” Of course, in our world of telemetry systems, PDM is dead too... isn’t it?

Concluding Comments

Direct digital synthesis technology has been employed in a new range telemetry
simulator, and is beginning to appear in various commercial telemetry products.
The cost of single-chip DDS devices has fallen by over 500% in the past five
years, making these devices available and cost effective for a wide spectrum of
applications. Trends in digital communication techniques which are finding
application in the telemetry field can often be directly implemented using DDS
technology. The inherent numerical accuracy, directly accessible digital tuning and
modulation features, characteristic stability, and intrinsic spectral purity of DDS
devices ensure that they will find their way into many important future telemetry
system innovations.











TABLE 1

TDVS II Data Structuring Capabilities

TDVS II is capable of generating telemetry with the following characteristics:

From 20 to 65,535 bits per major frame.
From 1 to 99 major frame formats in one simulation.
From 1 to 256 minor frames per major frame.
From 1 to 4095 word time slots per minor frame.
From 0 to 5 submultiple frames with individual synchronization, each of
which may be from 2 to 256 words long.
From 0 to 99 strapping sets per measurement.
From 4 to 64 bits per word time slot may be defined for telemetry simulation.
Odd, even, or no parity on each word time slot. Parity bit leading or trailing.
From 4 to 64 bits for sync and fill data.
From 1 to 64 bits per syllable.
From 1 to 9 syllables per word time slot.
From 1 to 4096 measurements may be defined in a major frame.
From 1 to 64 bits per measurement.
From 1 to 64 measurement formats.
From 1 to 64 bits per subfield. Each measurement may be divided into any
number of subfields, up to the number of bits it contains.

Measurements may be sent MSB or LSB first.

Integer values can be expressed from 1 to 48 bits. Integer formats may be signed
or unsigned. Signed integers may be in one’s complement, two’s complement, or
sign and magnitude format.

Floating point words are user definable as to the number and order of bits for the
mantissa and the exponent, and the location of the sign bit. The precision of the
data inserted into those words is limited to 52 bits for the mantissa, and the
exponent values are limited to 11 bits. Conventional or “hidden bit” normalization
is supported. Biased or standard exponent notation is supported.

IRIG PCM modulation codes as defined in the IRIG Telemetry Standards are
supported as specified.

IRIG standard FM subchannels as defined in the IRIG Telemetry Standards are
supported as specified.
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* NOTES:

(1).   The term “NCO” means Numerically Controlled Oscillator or Number
Controlled Oscillator, interchangeably. This term is used generically in the
literature, and is not the subject of trademark or copyright.

(2).   The term “NCMO” means Numerically Controlled Modulated Oscillator
or Number Controlled Modulated Oscillator, interchangeably. This term is
not used generically, and is a registered trademark of Digital RF Solutions
Corporation. The terms “NCMO” and “PDM” are used herein with permission
of the copyright holder.
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ABSTRACT

In this paper, twenty-four optimum group synchronization codes (N=31 to 54) for PCM
telemetry systems are presented. These optimum codes are the newest development at the
category of optimum group synchronization codes up to now in the world.

KEY WORDS: Optimum Code, Synchronization, Optimum Group Synchronization Code.

INTRODUCTION

Since PCM information transmitting systems came into being, many scholars have devoted
themselves to research the theory and searching method of optimum group synchronization
codes. In 1964, T. L. Maury, Jr. and F. J. Styles presented and recommended twenty-four
optimum frame synchronization codes (N=7 to 30) for GODDARD Space Flight Center
PCM Telemetry Standards [1]. Afterwards, those optimum codes were brought into
American IRIG Standards and have become a international standard in common use.

But it is a pity that the progress of searching optimum group synchronization codes was
not great since paper [1] was published. In 1978, ESA published Satellite Telemetry
Standards [2] and recommended three optimum frame synchronization codes (N=16, 24,
32,). In 1986, American Telemetry Standards (IRIG Document 106-86)[3] recommended a
table of optimum frame synchronization patterns (N=7 to 33) for PCM Telemetry.
However, in papers [2,3], the codes of length N=31,32,33 are actually not optimum (see
[4]).

The history of science is one of continuous development and never permanently remain at
the same level. Along with the rapid development of the PCM information transmitting
systems, we must search out the optimum group synchronization codes with the length
greater than 30 bits and even more.



NEWEST DEVELOPMENT

In the last ten years, we devoted ourselves to research new theory for constructing
optimum group synchronization codes, to develop new methods for searching out the
optimum codes of length greater than N=30 and even more. Until March 1990, a set of
optimum group synchronization codes of length N=31 to 54 had been searched out by
IBM PC/AT 286. At the same time, the first to the eighth good codes (the eight leading
codes, i.e. the optimum code and seven sub-optimum codes) are searched out also. the sum
work load of CPU is about 1,800 hours.

The patterns and the false synchronization probabilities of the 24 optimum codes (N=31 to
54) as follows (see table 1 and table 2). In table 1, the bit error rate is P =0.1 and the error0

tolerance is E=2. In table 2, the bit error rate is P =0.1 also and the error tolerances are0

separatelly E=0 to 5.

DISCUSSION

It is must be pointed out that the optimum code is conditional. In other words, the optimum
status of any optimum group synchronization code is often not stationary (or not exclusive)
and relating to the error tolerance E.

For example, when the error tolerance changes from E=0 to 5, only 8 codes maintain
continuously the optimum status in the 24 optimum group synchronization codes of the
table 1. When N=54, P =0.1, E=2, the first to the eighth group synchronization codes (the0

8 leading codes) as shown as table 3. In table 3, when the error tolerance changes from
E=0 to E=3, the optimum status of the optimum code (the first code) remains the same and
when E changes to 4 or 5, the optimum codes (the first code) changes from No.1 to No.2
and the second one (sub-optimum code) changes from No.2 to No.1. In other words, there
are several branches in many optimum codes.
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SCALE MODEL PENETRATOR
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ABSTRACT

Sandia National Laboratories Telemetry Technology Development Division has designed
and fielded earth and ice penetrator instrumentation recorders for many years. Recently we
developed a miniature, reusable, transient-event recorder for use in scale model
penetration tests. The miniature size of the recorder permits testing of penetrators as small
as 4 inches in outside diameter by 20 inches in length. The recorder can survive and record
shock environments exceeding 4,000 times the acceleration of gravity (gs). Typical
applications are rock, soil, and ice penetration tests launched from a gas gun developed by
Advanced Projects Division III. Typical impact velocities range from 600 to 1,000 feet per
second.

SYSTEM DESCRIPTION

The recorder is battery powered, capable of recording six analog data channels, and uses
semiconductor memory for data storage. A portable computer is used to read out and
reduce the data, which can be done in the field after penetrator recovery. The power
control circuitry in the recorder conserves battery life by removing operating power from
all non-essential circuitry in the unit after the test event. A dedicated keep-alive battery
supplies the ultra-low power memory circuitry. This provides the capability of quick
turnaround testing and greatly reduces the cost of testing since a single battery module has
enough capacity for ten or more tests. Figure 1. is a block diagram of the MP86 recorder
as applied to penetration testing.



Figure 1. MP86 Gas Gun Test Configuration

 MP86 RECORDER DESIGN

The Miniature Penetrator 1986, (MP86), instrumentation recorder consists of a high-speed
digitizing circuit with eight analog inputs, which records a transient event into 32,768
bytes of static random access memory (SRAM). Six accelerometers and input signal
conditioning, a battery power switching circuit, and batteries are also included in the
recorder package. The data can be recovered after the event using a small interface box
and a portable computer. Stringent power requirements in penetration testing have resulted
in an ultra-low power design using Complementary Metal Oxide Semiconductor (CMOS)
devices for digital logic and memory circuits. Using these low power devices and careful
design consideration of the power-down sequence of the circuitry, the MP86 recorder can
retain data for up to one year on a small keep-alive battery. Another power conserving
feature of MP86 is an automatic power down circuit which switches power off of the
analog and digitizing circuits immediately after data is loaded into memory. This feature
allows the completion of up to 10 gas gun tests on a single battery pack. A block diagram
of the recorder is shown in Figure 2 and specifications are provided in Table 1. Note, the
“~” symbol on Figure 2 and elsewhere in the report indicates negative-true logic signals.



Figure 2. Block Diagram of the MP86 Data Recorder

DIGITIZER CONTROL & TIMING

The MP86 digitizer control and timing functions are generated by a simple state machine
implemented in random logic. The state machine includes a sequencing circuit which
generates memory, multiplexer, and conversion timing signals in response to four control
inputs.

The Arm command starts the recorder into a free-running state, converting data and
writing into memory, while waiting for a trigger event. The data conversion rate is
typically set at its maximum rate of 200,000 samples per second providing a full memory
data window of 164 milliseconds. The memory is loaded in a circular buffer fashion until a
trigger occurs.

The trigger can be generated manually by the Cycle input or can be sensed from the signal
conditioning output of an axial accelerometer in the Analog Trigger input. After the
trigger, a time-out counter is enabled and the sequencer shuts down after a partial memory
load is complete. This “early” shutoff leaves some of the pre-trigger data in the memory
intact. After the sequencer shutoff occurs, the circuit is left in its low current state. All of
the analog and conversion circuitry is powered down by the battery power control circuit.
The digital control circuitry and memory are maintained on the keep-alive battery. This 



circuitry draws about 1 microampere current in this state. Data can be retained in the
recorder for up to one year after the test.

Then, the data can be strobed out of the data package into the interface box with the
application of Out_Command. The read-out timing signals, which are generated in the
interface box, are used to strobe the data out of memory. The interface box also formats
the data into the RS-232C serial format for transfer to the portable computer.

Table 1. MP86 Recorder Specifications

Data Conversion Rate 200 ksamples/sec

Channel Sample Rate 25 ksamples/sec/chan (8 channels)

Data Resolution 8 bits/sample

Memory Capacity 32,768 samples

Record Time Pre-trigger  =  10 msec. (typical)
Post-trigger = 154 msec. (typical)
Total        = 164 msec.

Signal Conditioning 6 channels, Full Bridge Input

Analog Filters 4-pole low-pass, 5 kHz (typical)

Voltage Monitors 2 inputs

Power Requirements 10 Volts @ 120 ma (inc. transducers)
-7 Volts @  10 ma
 3 Volts @   1 Fa (Keep Alive)

Battery Cells Eagle-Picher LTC-7PST

Battery Main = 4 series by 2 parallel
Configuration Negative = 2 series

Keep-alive = single cell

Battery Life Main = 5 hours
Keep-alive = one year

Shock Survivability 5,000 gs for 1 msec., all axes
1,000 gs for 10 msec., all axes

Operating 0EC to 70EC
Temperature

Recorder Size 2.0" diameter by 15" length
Penetrator Size 4.2" diameter by 20" length



ANALOG DATA CONVERSION

The MP86 analog multiplexer has eight inputs which are clocked with the least significant
memory address lines A0 through A2. Thus, each of the eight inputs are sampled and
digitized in sequence at a constant rate of 1/8 of the data conversion rate. The maximum
data conversion rate of 200,000 samples/second is limited by the analog-to-digital (A/D)
conversion time and analog multiplexer switching. The specifications in Table 1 assume
this maximum setting. The data conversion rate can be adjusted to provide total recording
times ranging from 164 milliseconds (at the highest data rate) to several seconds for longer
duration events at lower data rates. Since the memory capacity is fixed, the record time is
inversely proportional to the data conversion rate.

Note from Figure 2 that there are eight multiplexer inputs and only six channels of signal
conditioning. Signal conditioning requires considerable space and power, and this is one of
the reasons that there are not eight channels available. The remaining two multiplexer
inputs are normally used for internal voltage monitors which do not require conditioning.
Signals typically monitored are battery and gauge excitation voltages. These monitors have
been of considerable diagnostic value in penetration testing with MP86.

ACCELEROMETERS AND SIGNAL CONDITIONING

The MP86 instrumentation recorder includes six accelerometers mounted in two triaxial
stations. The Endevco 7270A series piezoresistive accelerometers are used for several
reasons. First, DC response is very important in recording the long duration pulses typical
of penetration events. Thus, a piezoresistive device is required. The 7270A accelerometer
is a very small, rugged device with very high frequency response. Also, the 7270A is
available in 60, 20, 6, and 2 kg ranges providing a wide selection of sensitivity.

There are six channels of full bridge signal conditioning in the MP86 instrumentation
recorder. Each signal conditioning circuit provides a balanced, differential input designed
for full bridge operation with DC response. Gain and offset are resistor adjustable. There
is a four-pole, anti-aliasing, low-pass filter for each channel. Common filter realizations
used are Bessel and Butterworth with a wide range of cut-off frequencies available. All of
the signal conditioning outputs are over- and under-voltage protected. Also, voltage
regulators are provided for accelerometer excitation.

BATTERIES

MP86 requires three battery sources for penetration testing: a main operational battery, a
negative supply battery and a keep-alive battery for data retention. The battery cells used
in the MP86 recorder are Eagle-Picher LTC-7PST lithium thionyl-chloride. These cells



were chosen for high energy density and shock ruggedness. The main operational battery
consists of two parallel stacks of four series cells, capable of providing 120 milliamperes
of current for about five hours. This parallel arrangement also offers redundancy for
reliability in field tests. The keep-alive battery consists of a single battery cell. The
capacity of this battery far exceeds the one year data retention requirement. The negative
supply battery is a single stack of two series cells and is required by the analog circuitry
for negative voltage bias.

BATTERY CONTROL

The main battery and negative supply can be switched on and off with an external control
input using a Silicon Controlled Rectifier (SCR) circuit in the battery control module
(Figure 1.). This electronic switching circuit has been designed to reject voltage transients
on inputs or outputs allowing high reliability in adverse conditions.

There is no need to have the main battery or negative supply turned on after the recorder
has completed data acquisition. Therefore in order to conserve batteries, the SCR circuit is
controlled internally as well. A circuit, which monitors the end of the recording event,
automatically switches the SCR circuit off after the package has recorded an entire event.
This prevents the operational batteries from supplying current any longer than is required.
This is important since the recovery of the penetrator can take anywhere from an hour to
several days. The automatic shutoff dramatically increases the number of tests that can be
performed without unit disassembly for battery servicing. Without automatic shutoff, the
majority of battery life would be consumed during the recovery period. Since the automatic
shutoff feature returns the circuitry to its quiescent state, recovery time is not critical. Since
the batteries are not rechargable, the entire battery module is discarded when it no longer
has sufficient capacity. Therefore, time and money are saved since the frequency at which
batteries need to be changed is reduced significantly.

HIGH-G ELECTRONICS ASSEMBLY

The selection of integrated circuit (IC) packages is dominated by the requirement of shock
ruggedness. Plastic “gull wing” style small-outline packages are used, where available, to
conserve space. Transistors are also specified in plastic packages. The advantage of plastic
packages is that they are solid, molded devices with no voids inside. Ceramic and hermetic
can devices are not molded and have internal leads free to move in cavities inside the
device. Since these internal leads are unsupported, they are more apt to break or short in a
shock environment. Because of the limited availability of plastic, small-outline packages at
the time of this design, limited use of ceramic flat packs was required. These ceramic
devices seem to do well but have been dropped from later designs. All of the capacitors
are ceramic and the diodes and resistor packages are molded styles.



Having selected appropriate components for the assembly, the next important
considerations come in fabrication. DIPs should be soldered onto the board with 1/8"
plastic spacers underneath to provide support below the devices. Resistors and capacitors
should be spaced off the board slightly to permit potting to flow under them. “Gull wing”
style SO packages should be soldered in so that the body of the device touches the printed
circuit, (PC), board surface. After the PC boards are assembled and inspected, a thin layer
(1/32") of polysulfide rubber compound is coated over all of the components and wire
connections. This coating protects the components from damage or stress associated with
the curing of the hard potting.

Once the PC boards are assembled, they are interconnected in a stack with berrylium-
copper slide wires inserted through electrical spring sockets which are soldered into the
boards. The battery module is assembled and wired using the same technique. This stacked
and wired assembly can now be placed into a mold and potted in micro-balloon filled
epoxy. A vacuum should be drawn on the components during each step of the potting
process to eliminate voids in the potting. Once the potting is cured, the electronics modules
can be removed from the molds and installed in the package.

PACKAGING & HARDWARE

The penetrator design requires that the entire package fit into a volume that is 2 inches in
diameter and 15.5 inches long. It is also required that the two triaxial accelerometer
stations be as far from each other as possible. These requirements are satisfied with the
package design illustrated in Figure 3. The electronics and batteries are packaged in three
separate modules with an accelerometer station located at each end. Each module is
uniquely keyed to its adjacent modules by pins and the connectors which provide electrical
connection between the modules. The modules are solidly potted for reasons already
discussed in the HIGH-G ELECTRONICS ASSEMBLY section.

The main electronics module contains the digitizer, memory and three signal conditioning
channels. The battery module contains the the battery packs and the battery control
circuitry. The forward amplifier consists of the other three signal conditioning channels
needed for the accelerometers in the forward housing.

A steel tube slides over the electronics and is held in place by a flange on the aft
accelerometer housing and locking rings on the forward accelerometer housing. The tube
provides the package with lateral support and stiffness allowing it to be preloaded into the
penetrator. A preload is required so that the modules do not move when subjected to the
high shock loads. The location of the package in the penetrator is illustrated in Figure 4.



Figure 3. MP86 Mechanical Design for Package

Figure 4. MP86 Recorder in Penetrator

FIELD TEST SETUP

The basic test setup is shown in Figure 5. The data recorder is remotely controlled and
monitored while in the barrel of the gun. The package battery power can be switched on
and off from the remote trailer. The package can also be armed remotely. The fire control
for the gun is done from the same trailer. This is a convenient situation since the arming
and powering of the data package can be conveniently coordinated with the countdown
sequence and gas gun operator.

GAS GUN TEST SEQUENCE

Before the penetrator is loaded into the gun, several preliminary checks are performed to
ensure a safe and successful field test. First, is an on site check of the data package
installed in the penetrator. This involves basic functionality tests and reading bias data out 



Figure 5. MP86 Gas Gun Field Test Setup

with a personal computer. This flags any problems that may have transpired since the last
checkout. Next, the 300 foot cable used for remote control is checked with the control
box. Finally, a remote control check is performed with the control box and the penetrator
through the long cable. Satisfied with the results of the preliminary checks, the penetrator
can then be loaded into the gun.

Once the penetrator is loaded into the gun and the barrel is sealed, the gun site is cleared
of all test personnel. Control and monitor checks are performed one last time before gas
gun personnel begin filling the gun’s air tank. When the desired pressure is achieved in the
gun, a one minute countdown is started. The data package is not turned on until the last 30
seconds of the countdown. With 10 seconds remaining in the countdown, an ARM is
issued and the TEST_EN monitor is checked to confirm the arming. All status on the
package is immediately lost once the unit is fired. Once the gun site is deemed safe,
recovery of the penetrator may begin. After the penetrator is recovered, the test data is
read out on site. The data can then reduced and displayed for quick-look analyses at the
test site.



FIELD DATA ANALYSIS

The computer interface and field data reduction software developed for MP86 make field
data analysis and plotting possible with very little support equipment (Figure 1). The
software package is implemented on several portable, IBM compatible computers. The
plotting routines provide auto-zeroed and auto-scaled plots of the data calibrated in
engineering units. The software also provides integration and digital filter routines for field
data reduction. Figure 6 is a typical field data plot. Note, the data from Figure 6 can be
keyed to Table 2 with the “Ana Ch: ?” entry in the title of each plot. The top plot of Figure
6 is analog channel 1. Table 2 indicates that this is “AFT Axial Accel.”

PENETRATION DATA RESULTS

The test data provided was recorded in a penetrator fired from the gas gun into an ice
target. Table 2 is the data list for this test and is fairly typical of scale model penetration
tests. Figures 6, 7 and 8 are the axial acceleration, velocity, and displacement respectively.
The axial acceleration is measured and the velocity and displacement are calculated by
integrating and double integrating the acceleration data. The calculated velocity and
displacement are compared to independent measurements of those same metrics to verify
the integrity of the recorded data. An independent velocity measurement is obtained with
high speed cameras, which capture the penetrator exiting the barrel of the gun. The
distance traveled by the penetrator, after target impact, can be physically measured when it
is recovered. Comparisons of these independent velocity and displacement measurements
typically agree to within ±3.0 percent. A full set of these plots is generated for each test
using data reduction algorithms developed by Division 5144 and implemented on IBM and
compatible personal computers. Integration, digital filtering, and spectral analysis are all
available in this software package.

Table 2. Data List

Measurement Chan No. Range (units/cnt) (ksps) (kHz)
Calibration Sens. Rate Cutoff

Channel Sample Analog

 AFT Axial 1 -6,000/+3,000 g 35.035 g 25.20 5.0

AFT Lateral Y 2 -8,000/+8,000 g 62.234 g 25.20 5.0

AFT Lateral Z 3 -8,000/+8,000 g 61.546 g 25.20 5.0

 FWD Axial 4 -6,000/+3,000 g 35.547 g 25.20 5.0

FWD Lateral Y 5 -8,000/+8,000 g 62.009 g 25.20 5.0

FWD Lateral Z 6 -8,000/+8,000 g 61.115 g 25.20 5.0

8 Volt Reg. 7  0.0 / 17.0 V 0.0496 V 25.20 N/A

Main Battery 8  0.0 / 23,0 V 0.0876 V 25.20 N/A
Monitor



Figure 6. Typical Acceleration Data from Penetration Test

Figure 7. Computed Velocity derived from Acceleration



Figure 8. Computed Displacement derived from Acceleration

CONCLUSIONS

The MP86 high-g data recorder is a reliable tool for instrumented penetration testing. It
provides high quality data in extremely harsh environments. Its miniature size makes it
ideal for scale model penetrator tests. It is capable of supporting multiple tests with quick
turnaround requirements. The miniature data recorder used in conjunction with the new gas
gun has proven to be a valuable resource for penetrator testing. This scale model
penetration test system has optimized the time required for Penetrator tests, resulting in an
increase in the quantity of data produced. Also, the tests provide an inexpensive alternative
to evaluate penetrator designs before proceeding with expensive, full scale tests.

The computer interface allows data reduction at the test site with minimal support
equipment. Since the support equipment is all battery operated, testing can be done in
remote areas with no AC power required. The field data reduction software (see Figures 7,
8, 9) provides data verification and hard copy in tile field.



ENHANCE BIT SYNCHRONIZER BIT ERROR
PERFORMANCE WITH A SINGLE ROM
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Columbia, Maryland 21045-1897

ABSTRACT

Although prefiltering prevents the aliasing phenomenon with discrete signal processing,
degradation in bit error performance results even when the prefilter implementation is
ideal. Degradation occurs when decisions are based on statistics derived from correlated
samples, processed by a sample mean estimator. i.e., a discrete linear filter. However, an
orthonormal transformation can be employed to eliminate prefiltered sample statistical
dependencies, thus permitting the sample mean estimator to provide near optimum
performance. This paper will present mathematical justification for elements which
adversely affect the bit synchronizer’s decision process and suggest an orthonormal
transform alternative. The suggested transform can be implemented in most digital bit
synchronizer designs with the addition of a Read Only Memory (ROM).

INTRODUCTION

The degradation in optimum performance of digital bit synchronizer designs results from
two central processes: tracking variance, and bit decision or estimation. Here we only
consider enhancing the estimation process when the synchronizer processes non-white
gaussian samples, while assuming perfect synchronization to the input bit or symbol
sequence. Although the original synchronizer input is characterized as an Additive White
Gaussian Noise (AWGN) channel, the added prefilter requirement dictated by the
sampling theorem introduces non-white samples. The samples are thus correlated by
virtue of the bandlimiting process. (See Figure 1) In what follows, we will examine the
elements which degrade the performance of the discrete linear filter, and develop a
maximum likelihood decision rule that provides optimum performance in the presence of
non-white gaussian noise. Finally, we suggest a simple implementation of the proposed
decision rule which utilizes a single ROM.



PROBABILITY OF ERROR

The preceding paragraph introduces a connection between the sampling theorem and
adjacent sample correlation. In the sequel, we will attempt to exploit this relationship so
that we might better understand how the sampling rate influences the bit decision process.

In order to satisfy the requirements of the sampling theorem, a sampling rate greater than
or equal to twice the highest frequency component encountered by the sampling process
must be chosen. Viewing the autocorrelation function of our prefilter, we note that the
minimum correlation among samples is attained at the minimum sample rate. (See
Figure 2) When the covariance among samples is zero, i.e., the autocorrelation value is
zero, these samples are considered independent random variables, e.g., a white noise
process, where the autocorrelation is represented by the Dirac delta function. Although
independence implies the covariance among samples is zero, the converse is not
necessarily true. However, since the original distribution is gaussian, it can be shown that
the converse does indeed hold.



Let us assume for a given decision process that the observation interval T is much larger
than 1/2B, where B is the bandwidth of an ideal low pass filter. The bandwidth is made
very large to minimize the effects of the filter’s response time. Additionally, each sample
is quantized to a sufficient number of bits to insure the analog-to-digital, and sample mean
estimation processes introduce negligible error. Under the stated assumptions, the
probability of error for this estimation process is

(1)

Here m = 2TB is chosen as the maximum number of independent equally distributed
samples taken during the observation interval T. Since the minimum correlation among
samples occurs at the minimum sample rate, the sampling frequency is chosen as f = 2B.
We also note that the probability of error from equation (1) is identical to that obtained
when the decision process is implemented with an analog integrate and dump filter.
However, when a single pole low pass prefilter is utilized, the probability of error
becomes



(2)

Here we note a degradation in signal-to-noise performance, E /N, of [1.9 + 10 log G(m)]s

decibel (db). In the derivation of equation (2), the sample mean, VG(m), is a function of
m. Which, in the limit for large m, converges to one. This implies the prefilter bandwidth
B, increases with m for a given observation interval T, provided the samples are to remain
nearly independent. Although the autocorrelation value is not identically zero, the term
“nearly independent” is used here to imply that the results obtained by assuming an
autocorrelation value of zero introduces negligible error. However, for small m, the
parameter G(m) degrades the single-to-noise performance by reducing the average
attainable signal power. In the above discussion, m was chosen to be the maximum
number of independent samples. In the following paragraphs, we will investigate the case
where m is chosen to improve the sample mean estimate, while restricting the bandwidth
parameter B.

THE MAXIMUM LIKELIHOOD DECISION RULE

Although the estimated average value of the impinging signal is improved by increasing the
number of samples per observation interval, statistically dependent samples result when
the prefilter bandwidth is restricted. Statistical dependence, influences our choice of an
optimum decision rule from the decision space. The derivation of the maximum likelihood
decision rule best explains this influence.

If decisions are made using a rule which decides V in favor of V* based on the likelihood
ratio L(x), i.e., the ratio of the logarithm of probability density functions, this rule can be
considered an optimum choice if it minimizes the average risk. Risk here implies bit or
symbol errors. “Bayes”, with knowledge of “a priori” (or prior) probability distribution
i.e., the probability of transmitting V is P(V), is such a rule. If we assign V and V* equal
probability, i.e., P(V) = P(V*) = 1/2, then the likelihood ratio can be expressed as

(3)

In the above expression, antipodal signalling is assumed. i.e., V* = -V. The resulting
maximum likelihood, or Bayes decision rule, H(x) is defined as



(4)

The interpretation of H(x) is as follows: decide V was transmitted if L(x) is greater than
zero, otherwise choose V*. When the noise is white, the second summation in equation
(3) is identically zero, since the covariance among independent samples is zero. Hence,
the maximum likelihood ratio reduces to

From the preceding discussion, we observe when processing samples in the presence of
non-white noise, decisions based on the rule described by equation (5) are inferior to
those utilizing (3). This fact results from the loss of power or information provided by the
second summation in (3). In the next, section, we will describe a process which permits
the correlated samples from the prefilter to be processed by a linear discrete filter process
similar to that described by (5).

ORTHONORMAL TRANSFORMATION

The maximum likelihood decision rule, where L(x) defined in (3) is used by (4), becomes
quite difficult to implement due to the number of product terms which must be
accumulated for each sample. The first summation of the likelihood ratio of (3) represents
the accumulated products formed by the prefiltered samples, and the elements along the
main diagonal of the inverted covariance matrix. While the accumulated products formed
with the off diagonal elements are represented by the second summation. Reducing the
number of computations required by the maximum likelihood decision process, provides
the motivation for an orthonormal transformation. However, our first task is to generate
the covariance matrix of the desired prefilter. This is done by noting the relationship
between covariance and autocorrelation.

Given a signal at the output of our prefilter of the form x(t)=v(t)+n(t), the covariance is
defined by the following relationship



Therefore

(6)

On the other hand, the autocorrelation is defined as

(7)

Here we use the fact that the noise has a mean value of zero i.e., E(n )=0. Combining thei

above results yield

(8)

But E(n n ) is just the autocorrelation of the non-white zero means noise samples from thei j

output of our prefilter. The sampled autocorrelation function R(k), can be derived from
the continuous case by computing the inverse Fourier transform of the power spectral
density of our desired prefilter, while assuming a white noise input. Then for the
continuous variable t in R(t), make the substitution, t=kT/m, where E(n n )=R(k), andi j

k=(i-j) is contained in the set, {0,1,....,m-1}. Note, due to the symmetric nature of the
autocorrelation function, R(-t)=R(t), the domain of k is represented as a subset of the
positive integers. Now the covariance matrix can be formed with each row-column entry
corresponding to E(n n ). After generating the covariance matrix, we observe that itsi j

structure has the form of a real symmetric matrix. From matrix algebra we note the
following:

If S is a real symmetric matrix, there exists an orthogonal matrix A such that
A SA=D is a diagonal matrix. Define y such that y=A x. Then,t          t

(9)

Here we used the fact that A =A , since A is orthogonal. Then it follows thatt -1

(10)

It is interesting to note, that the square magnitude of the sample vector x is invariant under
a orthogonal transformation. This can be shown as follows:

(11)

Again we use the fact that A =A  as noted in (9). Using (10), it can be shown that the-1 t

original samples x , can be transformed by the matrix A , such that the resulting maximumi
t



likelihood decision rule can be implemented with a linear discrete filter process similar to
that described by (5).

IMPLEMENTATION

In the preceding paragraphs, material presented permitted the diagonalization of the real
symmetric covariance matrix S, utilizing the orthogonal matrix A. Since our problem
involves the inverted covariance matrix, we state the following relationships

(a) Given S is a real symmetric matrix, i.e., S = S . This implies, S S  = I.t    -1 t

Thus, S-1 = (S )  = (S ) , i.e., the inverted covariance matrix is symmetric also.t -1  -1 t

(b) Given D is a diagonal matrix, then D  exists, and D =(A SA)  = A S (A )  =-1   -1 t -1  -1 -1 t -1

A S (A ) = A  S At -1 -1   t -1

Here we find, if the entries of the diagonal matrix D are d , when i=j, otherwise zero, thenij

the entries of D  are 1/d , when i=j. Additionally, the orthogonal matrix A that-1
ij

diagonalized S, also diagonalizes S . Therefore equations (9) and (10) hold when-1

substituting S  and D .-1  -1

Using equation (3), and the fact that under our orthogonal transform the summation
representing the off diagonal products equals zero, simplified the stated likelihood ratio of
(3) to

(12)

Here we let E(y )=e , and z=A q. Therefore,i i
t



where

Equation (12) represents a discrete linear filter which processes the products formed with
the contaminated samples, x  and the “weighting function”, w . The weighting function, isj     j

a linear function of known constants and its value is independent of the sample x . Thej

only remaining procedures which must be developed in order to implement the above
outlined maximum likelihood decision process, are the generation of the orthogonal matrix
A, and the diagonal matrix D . The elements of matrices A and D  can be obtained by-1        -1

first solving the characteristic equation of S  for the associated eigenvalues. Each of the-1

m distinct eigenvalues, form the entries along the main diagonal of D . While the-1

corresponding eigenvectors form the column vectors of the orthogonal matrix A.

The orthonormal transform outlined in the preceding paragraph, can be performed
utilizing a look-up table approach implemented in a single ROM. Here, the address space
of the ROM consist of the quantized sample value x , obtained from the analog-to digitalj

process, and the sample index j, derived from the synchronizer’s tracking loop. The
contents specified by the address space, i.e., the ROM output, form the product of the
quantized prefilter sample value x , and the weighting function w . This product is thenj      j

accumulated by the discrete linear filter implementation of equation (12).
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Small Multipurpose Stored Data Acquisition System
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ABSTRACT

Sandia National Laboratories Telemetry Department has designed and is fielding a small,
inexpensive multipurpose stored data acquisition system in tests ranging from 6000 meters
below the ocean surface in seafloor penetrators to 40,000 meters above sea level in gamma
ray telescope balloons. The system consists of a simple microprocessor-controlled unit
which digitizes analog data and stores the data in memory for readout after the test by a
portable personal computer. The system has been used in over ninety tests consisting of
parachute drops, water entry tests, vehicle environmental monitoring, and seafloor
penetration tests. Data typically recorded with the system are acceleration, strain,
temperature, pressure, and angular velocity. The system is also capable of generating
control functions such as parachute release.

BACKGROUND

In 1980 Sandia’s Parachute Design group approached the Telemetry Department about
designing a small, low-power, inexpensive data acquisition system. Such a system was
designed and has evolved into the system described in this report. The system has changed
from a prototype wire wrap system through three different printed circuit board systems.1, 2

Each system has been smaller and faster than the previous design. We often refer to this
system as the Stored Data Acquisition System (SDACS) or Parachute Data Acquisition
System (PDACS).

SYSTEM DESCRIPTION

The system consists of a microprocessor-controlled digital data acquisition system. The
system takes data from up to eight analog gauge inputs and converts these analog signals
to digital data. The digital data is stored in a memory for readout after the test. Figure 1 is
a simplified block diagram of the system.



The microprocessor in the system is a single electrical integrated circuit similar to the
device which controls a personal computer. It allows the system to make logical decisions
and determine when and what data to record.

In a typical application, data is taken continuously and stored until one or more of the data
channels exceeds a threshold level. When the threshold level is exceeded, the system is
said to have a trigger. Since the system has a fixed amount of memory for storing data,
new data is continuously being written over older data in a circular fashion with the latest
data writing over the oldest data in memory. At any instant in time the system has data
stored for only the last N samples of the data inputs. N is determined by the size of the
system memory.

Data is recorded for a preset time following the trigger. This preset time is usually set so
that some data recorded before the trigger is saved. This allows the user to determine what
happened in the test just before the trigger occurred.

Data is held in the system memory until system recovery. After the test is complete, the
data system is recovered and the data is read out into a personal computer.

Figure 1. Simplified Block Diagram



SYSTEM SPECIFICATIONS

Data Acquisition Specifications

The third generation system, which is now being fielded, has the following electrical
specifications:

1.  Bits per Sample: 8
2.  No. of Data Channels: 8
3.  Max Sample Rate/Channel: 3200 Samp/Sec
4.  Memory Size: 131,072 Samples
5.  Typical Battery Life: 15 Hours
6.  Memory Keep Alive: 5 Years

The change from second generation to third generation is a doubling of the sample rate and
an increase in the data memory size by four. The package size has been reduced by a
factor of two and a memory keep-alive battery has been incorporated.

Like all finite memory data acquisition systems, the relationship between the data sample
rate and the number of channels recorded is interdependent and affects the total recording
time. With the latest system operating at its maximum speed and with eight data channels
being saved, the system would record eight times 3,200 samples per second for a total of
25,600 samples per second. Since the system has a total memory size of 131,072 samples,
the time for which data can be recorded is 131,072 samples divided by 25,600 samples per
second giving 5.12 seconds. A longer data record time can be achieved by reducing the
number of channels recorded and/or the number of samples recorded per second.

We have built systems that recorded such signals as acceleration and strain at the fastest
rate, to systems that record temperature at rates of once per minute giving record times of
many hours.

Smart Data Acquisition

Since the system is microprocessor controlled, it is capable of being programmed to
change sample rates and the data channels being stored depending upon the incoming data.
In a typical parachute system deployed over water, the data acquisition system will be
programmed to monitor one to three channels at a fast sample rate waiting for the
parachute to deploy. When deployment is detected, the system begins monitoring an
additional channel watching for water entry. At water entry, the sample rate is reduced and
the system only monitors a depth sensor.



The only disadvantage of smart data acquisition is that the more decisions that are
programmed into the system, the slower the data sample rate will be. The microprocessor
requires time to make these decisions, and this time must be intermixed with the time used
for data acquisition.

System Control Capability

The data acquisition system is also capable of controlling the system being monitored. In
many of our parachute tests, we monitor a digital signal generated by a pin switch pulled
when the parachute vehicle is released from an aircraft. The data acquisition system waits
a preset time to release the parachute from the parachute vehicle. It then sends a signal to
release the parachute. The preset time can be entered into the data acquisition system in
the field just before aircraft takeoff if desired.

The system has the capability of controlling up to eight different functions. These functions
must be able to be controlled by bi-level off/on type signals.

Data Acquisition System Costs

The latest version of this system consists of six small printed circuit boards, a battery pack,
and a mechanical housing. The major cost of this system is not the components but the
labor involved in assembling it. We presently assemble these systems in house. The
approximate cost of a system without gauges is:

1.  Electronic Components: $2,000
2.  Batteries: $ 500
3.  Assembly Time: 1 man month

This system is not produced in mass, but typically two or three hardware packages are
tailor built for a specific application. The above costs do not include the development of
new software or packaging for a test. The costs include only the reproduction of a fully
designed system.

MECHANICAL DESCRIPTION

The systems being used most in the field at this time are the ones using the third generation
version, which is enclosed in a circular package. The package is 4 inches in diameter and
7.125 inches long. This includes the battery pack and the memory keep-alive battery.(See
Figure 2)



Figure 2. Mechanical Layout

This configuration has been able to withstand shock loads in excess of 300 g’s from hard
impacts. With a few added precautions, such as encapsulating boards, the system has
survived shock loads in excess of 2000 g’s.

ELECTRICAL AND SOFTWARE DESCRIPTION

A detailed block diagram of the system is shown in Figure 3. The entire system is
controlled by an RCA 1805 microprocessor. This microprocessor is not exceedingly fast
or the most modern, but it does consume very little power. This allows us a longer battery
life. We also have considerable software developed for this microprocessor

Circuitry

Data is brought in from one to eight external gauges and passes through analog circuitry
for gain and removing of unwanted high frequency data. The data from the analog circuitry
is fed to a multiplexer, or n-way switch. The output of the multiplexer is fed to an
analog-to-digital converter which converts the analog signals into digital numbers.

The microprocessor, called the central processing unit (CPU), works with two different
memory systems. The first is called a read-only memory (ROM) and is used to store the
instructions for the microprocessor. The other memory is called a random-access memory
(RAM) and is used to store the digital data.



Figure 3. Detailed Block Diagram

The microprocessor under control of instructions from ROM takes digital data from the the
analog-to-digital converter and stores it in the RAM. It may also examine the magnitude of
the digital data and determine if a trigger has occurred.

The microprocessor can also be programmed to monitor the parallel input lines for external
status such as aircraft release. It can set the parallel control lines to actuate external
devices such as parachute release. Finally, the microprocessor communicates via the serial
interface with the system operator before and after the test for system setup and data
readout.

Gauges

Some of the different analog signals that we have monitored with this system are
acceleration, strain, temperature, and pressure. The gauges used to measure these
parameters are normally powered by the batteries from the data acquisition system, and
they often strongly influence the battery life, since the gauges usually consume more power
than the data acquisition system.

Batteries

The batteries normally used for this system are C size nickel-cadmium cells having a
capacity of 1.5 ampere/hours. The battery pack consists of 12 cells in series. This gives a
total run time of 15 hours. Also included is a memory keep-alive battery. This is a lithium



cell similar to batteries used in personal computers. It will maintain data stored in memory
for five years.

When a test is conducted, the system is powered up and parameters such as delay are
entered. The test is conducted and when data has been gathered and memory is full, the
system automatically powers down. The load is taken off main batteries and the keep-alive
battery maintains memory. This allows repowering of the system on main battery for data
retrieval after recovery without charging of the main battery. Also, depending on the time
required to conduct a test, it can allow several tests to be conducted before recharging of
the main battery pack.

Lithium cells have been used in the past, and they have the capacity of yielding much
longer run times for the same size. However, with the Department of Transportation
regulations, it is very difficult to ship systems using these larger cells.

Software

Since this data acquisition system is built around a microprocessor, software changes will
allow system changes without having to change the hardware. The software for this system
is written in assembly language to maximize the speed of the system. Since this software is
relatively simple and written in modular sections, its maintenance in assembly language is
not too difficult.

SYSTEM READOUT AND DATA REDUCTION

The system was originally designed to be controlled and read out by a simple computer
terminal. With the advent of the personal computer, we have been using these devices to
operate the system. They allow reduction and plotting of the data in the field. This allows a
field operation consisting of multiple tests to be modified depending upon the results of
each test.

Figure 4 shows a typical plot of bottom impact deceleration from a water entry test unit.
Figures 5 and 6 are integration plots of the acceleration to obtain velocity and
displacement. These plots are copies of those generated in the field.



Figure 4. Field Acceleration Plot

 Figure 5. Field Velocity Plot



Figure 6. Field Displacement Plot

APPLICATION PROGRAMS

This data acquisition system was originally designed for use in parachute field tests but
since that time, it has been adapted to many different types of field testing. In the last ten
years we have conducted over 90 field tests with the system. Some of the applications, in
addition to parachute testing, have been:

1.  seafloor penetrators,
2.  ice penetrators,
3.  centrifuge calibration,
4.  aircraft temperature monitoring,
5.  rail car temperature measurements,
6.  cruise missile temperature measuring,
7.  high-altitude balloon environmental monitoring, and
8.  weapon fireset lightning tests.

One of the most complex tests performed with this system was seafloor penetrator
instrumentations.  Systems were built with an axial accelerometer used to measure the3, 4

penetration deceleration profile. From this profile, the impact velocity and depth were
calculated.



The major problem with these tests was that they were performed in 20,000 feet of water
from which the data package was not recoverable. To solve this problem, an explosive
acoustic telemetry system was integrated into the data acquisition system. Forty small
explosive pellets were mounted in the surface of the penetrator, and these devices were set
off at calculated time intervals to transmit the data. The time between a pulse pair
represented a 16-bit digital number. On board the penetrator launch ship, acoustic
transducers connected to a magnetic tape recorder recorded the sound pulses generated by
the explosives. Later, the times between the pulses were measured and the data decoded.

The sequence of operation for this test was that the data acquisition system recorded the
deceleration profile as it penetrated the seabed. After the penetrator came to a stop, the
microprocessor integrated the data once to determine the seabed impact velocity and
integrated the velocity profile to get the depth of penetration. Finally, it generated a table
of time intervals containing the depth of penetration, impact velocity, and summary of the
deceleration profile. These data were encoded redundantly to ensure that they were
transmitted correctly. Finally, the system set off the explosive charges separated in time by
the intervals in the generated table.

The purpose of explaining the details of this particular test is to show the flexibility of this
data acquisition system. The only hardware changes required for this test was the addition
of some parallel control lines and some high power transistors to drive the explosive
charges. The main change in the system for this test was the software.

CONCLUSIONS

The Stored Data Acquisition System (SDACS) has proven to be very valuable in
recovering data from parachute or other field tests. It is simple, flexible, and inexpensive.
Its flexibility comes mainly from the microprocessor controller which allows the system’s
operation to be changed without changing any hardware.
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The Error-Correcting Codes of The m-Sequence
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Abstract

The paper analyses the properties of m-sequence error-correcting codes when
adapting the correlation detection decoding method, deduces the error-tolerant number
formula of binary sequence with a good auto-correlation property being used as
error-correcting codes, provides with a method to increase the efficiency of the
m-sequence error-correcting codes and make its coding and decoding procedures in the
form of framed figures.

1.  Theoretical Analysis:

Suppose u equals the m-sequence with a period p= 2  -1, (r refers to primitiver

polinomial power of the m-sequence), thus, all the motion of translation equivalent
sequence form the set u , shown as follows,s

u  = {u, Tu, @@@ @@@ T u}c
p-1

Suppose N stands for all “0” sequence, the error-correcting code set u  consists ofc

definition m-sequence. It is given

u  = { N , u, Tu, @@@ @@@ T u}c
p-1

To add optional two sequence mod 2 among set u , the result is a certain motion ofc

translation equivalent sequence of m-sequence u. Therefore, the cross-correlation
properties in the code words of set u  are the same as the auto-correlation properties inc

m-sequence u.
Figure I is the error-correction coding and decoding diagram of the m-sequence. The

coding function is to take error-correcting set for information group. Decoding code, in
fact, is a correlation detecter. The auto-correlation properties of the m-sequence is shown
in (1), on condition that there is nothing wrong with the code words in the channel



(1)

Fig.I  the error-correction coding and
decoding diagram of the m-sequence

Thus, û= u, and p  = p (I)û,u

whenever there happens to be a wrong position in code words, between p  and p (I) is aû,u

2difference value ± — .. That is,p

when something is worng with t digit errors, if the correlation detecting codes go
smoothly, it is required as follows:

(2)

We define the digital number t of errors which the m-sequence of length p can correct as
the error-correcting power. It is obtained from (2)

t = 2  -1 (3)m-2

II.  The Error-Correcting Performance

Owing to the fact that adding the optional two code word mod 2 in the code set or
its result is still a certain code word in u , the code distance and slightest weight of thec

code word in u  is the same. That is,c

d  = 2 (4)min
m-1



Judging from the theory of linear block code, the formula (4) indicates the code of code
distance. Its power to correct errors is,

t#[( d  -1) / 2] = 2  -1 (5)min
m-2

It is seen that formula (4) reaches the superior limit of formula (5). That means that the
correlation detection decoding method has given full scope to the potentiality of the
random error-correction of the m-sequence.

The correlation detection decoding code has a very striking character, that is, all the
errors can be corrected together. From the above theoretical analysis, no matter the error
properties are random or burst, formula (3) is always found right. This indicates that the
correlation detection decoding code of the m-sequence is capable to correct the burst
errors. As for the single burst error of length l# 2 -1, several burst errors which the summ-2

of their lengths is no more than 2 -1, all can be corrected. Furthermore, in the case ofm-2

more burst errors, there is no requirement for burst intervals.
When the random and the burst errors appear at the same time, it is requested that

the sum of the random error digits and the burst length is no more than 2 -1. Fromm-2

formula (3), m=3,4,5, t=1,3,7, we can see the error-correcting power of the m-sequence is
much stronger.

III  The Auto-correlation Properties and The Error-tolerant Number in The Binary
Sequences

The m-sequence can correct errors by using the correlation detection decoding code.
The essence is due to a certain difference which exists between the in phase auto-
correlation function value and out of phase auto-correlation function value. When several
digital errors appear, there remains a difference of the kind, which makes the correlating
detection go in a right way. We call the property of the m-sequence error-tolerant property.
That the m-sequence can correct the random and the burst errors at the same time is the
inevitable result of the error-tolerant properties.

The error-tolerant properties are not only possessed by the sequences with double
value auto-correlation property. As long as the out of phase auto-correlation function value
is small enough, this kind of sequence will have a good error-tolerant property.

In the document (5), the precise inferior limit of auto-correlation function is given,
which must be followed by any sequence longer than two. It is supposed that the peak
value of the out of phase auto-correlation function of the sequence is 2 . It has,amax



(6)

The inferior limit expressed by formula (6) is called Baument-Wang-Welch Limit.
We’ll simplify it as BWW limit in the following. Fromula (6) indicates that it is impossible
to find such sequences, the function value of the out of phase auto-correlation is smaller
than the value given by formula (6). So, in order to gain a good error-tolerant property, we
must find the sequence which reaches BWW limit, for the peak value of the out of phase
auto-correlation function among the sequences is just the possible minimum value.

As for binary sequence, when the received code word happens to be in the worng
position with t digits and when the reference code word itself is used in the relevant
operation, the peak-value drops 2t and changes into p-2t. While, it is used in the operation
of other code’s reference graphs, the worst condition is that the correlation function value
arises 2t, the peak value changes into 2 +2t. If the correlation detection goes on in aamax

right way, it has

p - 2t > 2 amax + 2t

namely (7)

In the four cases shown by formula (6), the binary sequences with period p have error-
tolerant power, shown separately as below,

p+1Evidently, among the four cases, the fourth one t <—— is the best, namely, choosing4periodical kind p=3 mod 4, the available maximal out of phase auto-correlation function
value comes to 2 =-1, whose sequence forms error-correcting code set. Its error-amax

tolerant property is the best of all. As the m-sequence is due to the correlation of p=3 mod



4,  2 =-1, its error-tolerant property is the best. Those reaching the limit are theamax

sequences L, H and TP.

IV.  The Coding Efficiency of The m-Sequence

One of the shortcomings of the m-sequence error-correcting code is have a lower
coding efficiency,

(8)

When the error-correcting code set consists of the m-sequence and the inverse sequence,
the efficiency may be raised, and there is no effect on other properties.

Soppose u= (u , u , @@@ @@@ , u ) is the m-sequence with the period p=2 -1, thus, weo  1     p-1
r

regard ã= (ã , ã  @@@ @@@ !ã ) the inverse sequence of the m-sequence. The auto-correlationo  1   p-1

function of the inverse sequence ã has a double value property,

(9)

The cross-correlation function of the m-sequence u and its inverse sequence ã s shown
bellow,

(10)

Consequenty, the cross-correlation function peak value of the code word in the code set
having been enlarged  1 / p, the error-tolerant power of the set can be deduced as follows,

Hence, t=2 -1 (11)m-2



That is to say, on condition that the error-correcting power is not lost, the coding
efficiency can rise up to,

(12)

V.  Realize The Error-correction Coding and Decoding Code of The m-Sequence

The 2  matched filter hardware, required to the correlation detection decodingm+1

code, is rather complex to be realized. Whereas, it has been proved right to realize the
error-correction coding and decoding code of the m-sequence by using computer on-slice
and software procedure. The following is the procedure framed diagram of m-sequence
with period p=15 error-correction coding and decoding code, which is realized on the
8031 computer on-slice of the series MCS-51.

VI.  Summary

1) By using the correlation detection decoding code, the random error-correcting
power of the m-sequence comes to the superior limit of random error-correcting power of
block code. In this sense, it is the best.

2) by using the correlation detection decoding code, the m-sequence need not
distinguish the error properties, namely, no matter whether it is the random errors or the
burst errors, all can be corrected. There is no need for burst intervals in operation.

3) The m-sequence is a special example of a binary sequence which has a good
error-tolerant property. In the binary sequence reaching BWW limit, the sequences, such
as p= 3 mod 4, 2 = -1 have got a better error-tolerant property.amax

4) The binary sequence with error-tolerant property has a general formula of
error-tolerant number as shown as follow,

5) Since the integrated circuits have appeared on a large scale at present days, it is
both simple and possible to use computer on-slice to realize the error-correcting coder and
decoder of the m-sequence. Because of making full use of software, the hardware circuits
become quite simple.



Fig. 2 coding procedure framed diagram



Fig. 3 decoding procedure framed diagram
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THE SEARCHING METHOD OF QUASI-OPTIMUM

GROUP SYNC CODES ON THE SUBSET OF PN SEQUENCES

Cao Jie Xie Qiu-cheng
(lecturer) (professor)

(Nanjing Aeronautical Institute, China)

ABSTRUCT

As the code length is increasing, the search of optimum group sync codes will be more
and more difficult, even impossible. This paper gives the searching method of
quasi-optimum group sync codes on the small subset of PN sequences -- CVT-TAIL
SEARCHING METHOD and PREFIX-SUFFIX SEARCHING METHOD. We have
searched out quasi-optimum group sync codes for their lengths N=32-63 by this method
and compared them with corresponding optimum group sync codes for their lengths
N=32-54. They are very approximative. The total searching time is only several seconds.
This method may solves the problems among error sync probability, code length and
searching time. So, it is a good and practicable searching method for long code.

KEY WORDS : OPTIMUM GROUP SYNC CODES, CODE, SYNCHRONIZATION,
QUASI-OPTIMUM GROUP CODE

1.  INTRODUCTION

In recent years, we have given several improved searching method [2], [3] of optimum
group sync codes, and have searched out optimum group sync codes for their lengths
N=32-54. Their searching speeds are greater than the exhausion [1]. But, not only
exhausion is impossible, but also our several new methods are limited by computer time so
seriously for longer code lengths that they become inefficient. Because, there are 2  ofN

binary codes for the length N and the searching time of optimum group sync codes
increases exponentially with N. So, even though head 1-tail 0 criterion, code weight
criterion and the same inverse-completary criterion are used in our several searching
methods, the situation is still so for long code. In order to keep acceptable the seaching
time of longer optimum group sync codes, we hope to find out a small subset of the codes
so that the code words in it have good group sync performances and the size of this subset
should grow linearly, rather than exponentially, with N.



In reference [4], we try confining the search of group sync codes to the subset S  by6

CUT-TAIL SEARCHING METHOD, which consists of PN sequences of length 2  - 1. As6

we hope, there are many better group sync codes than the code used in TIROS
SATELLITE. This is a basis of the searching method presented in this paper.

In the paper, we present the searching method of quasi-optimum group sync codes on
the small subset of PN sequences -- CUT-TAIL SEARCHING METHOD and PREFIX-
SUFFIX SEARCHING METHOD, briefly called as PN-SEQUENCE-SUBSET
SEARCHING METHOD. By this method, we have searched out the quasi-optimum group
sync codes of lengths 32-63 and find that their error sync probabilities are 1.004 - 2 times
those of corresponding optimum group sync codes of lengths 32-54 and they are very
approximative. So, in the search of long group sync codes, we recommend to use
PN-SEQUENCE-SUBSET SEARCHING METHOD. It is really practicable and good
searching method.

2.  PN-SEQUENCE-SUBSET SEARCHING METHOD

For a given value of L, PN sequence is a pseudonoise or maximum-length sequence of
length 2 -1. PN sequences are pseudonoise. That isL

<A>.  In every sequence period, the number of 1’s does not differ from the number of o’s
by more than 1.

<B>.  Pseudonoise sequences have periodic autocorrelation functions with sidelobes -1.

According to reference [3], it is ideal to use PN sequences as group sync codes. Of
course, only a period of PN sequences can be used in rcality and so,  they have not
performance of ideal sidelobes -1.   But as shown below, they are still good group sync
codes.

PN sequences can be generated by a L-stage linear Feedback shift register. The
generated PN sequences differ as the initial conditions of linear feedback shift register. So,
there are 2  - 1 of PN sequences for a characteristic polynomial. We can construct such aL

sequence subset which consists of all the PN sequences of the same lengths. For a given
value of L, this sequence subset is called as subset S . For example, when L=5, there areL

three characteristic polynomial and subset S  includes 93 of PN sequences ( 3*2 -1 = 93 ).5

When L=6. there are three characteristic polynomial and subset S  includes 189 of PN6

sequences. When L=7, subset S  includes 1143 of PN sequences.7

Now, we will give two brief searching methods of long group sync codes on the small
subset of PN sequences:



1>. CUT-TAIL SEARCHING METHOD

In reference [4], it is CUT-TAIL SEARCHING METHOD that the searching method
we used is. The searching subset of CUT-TAIL SEARCHING METHOD is determined as
follow:

For the group sync codes of length N, we always get such a L, where L is determined
by

2  - 1 < N < 2  - 1 (1)L-1      L

Then, the searching subset of CUT-TAIL SEARCHING METHOD can be obtained by
cuting K-N bits out of the PN sequences in subset S . It can be called as cut-tail-sequenceL

subset and presented by S  .LC

Apparently, cut-tail-sequence subset may be generated by cuting PN sequences of
longer length. That is, this subset can be more than one. But as you see below, we only
choose the subset S  determined by (1) in general.LC

<2> PREFIX-SUFFIX SEARCHING METHOD

Besides CUT-TAIL SEARCHING METHOD, we will present another searching
method of quasi-optimum group sync codes Prefixing PN sequences by bit 1 and suffixing
PN sequences by bit o. It is briefly called as PREFIX-SUFFIX SEARCHING METHOD.

As shown in reference [3], the code weight W of optimum group sync codes is [N/2]-1
or [N/2]+1 when the length N is odd, and N/2-1, N/2, or N/2+1 when even.

For the group sync codes of length N, choose PN sequences of length K=2 -1 where LL

is determined by
2  - 1 < N < 2 - 1 (2)L      L+1

Due to the numbers of 1’s are always one more than those of o’s, the searching subset
of  PRIFIX-SUFFIX SEACHING MEHTOD is determined as follow:

The searching subset can be obtained by Prefixing (N-K)/2 of 1 to and suffixing
(N-K)/2 of o to all the PN sequences in subset S  when N-K is even, and by prefixingL

[(N-K)/2] of 1 to and suffixing [(N-K)/2]+1 of o to all the PN sequences in subset S  whenL

N-K is odd.
This searching subset can be presented by S .Lp

Of course, prefix-suffix-sequence subset may be generated by prefixing and sufixing
shorter PN sequences. But. as we see below, we choose the subset S  determinted by (2)Lp

in general.



3. Comparation of CUT TAIL and PRIFIX-SUFFIX SEARCHING MEHTOD

The group sync codes, are shown in TABLE 1 and TABLE 5, searched out by
CUT-TAIL SEARCHING METHOD respectively in subset S  and S  and in TABLE 2, 36  7

and 4, by PREFIX-SUFFIX SEARCHING METHOD respectively in subset S  and S .5  6

From TABLE 1, and 2, when the length N are far from the length of PN sequences, the
performance of the best group sync codes by CUT-TAIL SEARCHING METHOD are not
as good as the those by PREFIX-SUFFIX SEARCHING METHOD, except N=32,33. The
error sync probabilities of group sync codes by the former are about 3-4 times the those by 
the latter. The performance of the group sync code by PREFIX-SUFFIX SEARCHING
METHOD is the best approximate to that of optimum group sync code when the length is
middle (47) between 31 and 63. That is, P  / P  = 1.004. As the lengths increase orps  op

decrease, the performances become bad gradually, but they are still better than those by
CUT-TAIL SEARCHING METHOD.

The latter improve gradually and are better than the former when the lengths are close
to the length of PN sequences. TABLE 3, 4 and 5 illustrate this point

4. Conclusion

From about analysis, we can get several conclusions.
<1>. To search good long group sync codes, CUT-TAIL SEARCHING METHOD and
PREFIX-SUFFIX SEARCHING METHOD should be used alternatively. The former
should be used when the length of group sync code is close to that of PN sequence and the
latter should be used when the length of group sync code is far from that of PN sequence.
<2>. In general, for a given value of N, the subset of PN sequences is chosen as the
searching subset of CUT-TAIL SEARCHING METHOD, whose lengths are determinted
by (1), and of PREFIX-SUFFIX SEARCHING METHOD, whose lengths are determinted
by (2).
<3>. Because PN-SEQUENCE-SUBSET SEARCHING METHOD can search out very
good group sync codes in a small subset and only spend several seconds, it is a very
practical tool, especially at the situation needing long group sync codes.
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Abstract

The demand for test projectiles instrumented for gathering
in-bore torsional impulse data has been steadily increasing.
A test projectile consists of a telemeter, 12
accelerometers, and the remaining necessary hardware. Cost,
availability, and survivability of commercial accelerometers
being used have become a major concern. In-house testing of
a new source and different technology accelerometer show a
cost benefit, higher availability and a much higher
survivability rate.

This paper outlines the recent progress of qualifying a new
source and different technology accelerometer, which leads
to a modification of the current Torsional Impulse test
projectile, along with potential developments to insure a
more cost effective, available, and reliable test projectile
to be used in future torsional impulse tests.

Introduction

Accelerometers are used to gather torsional impulse data
because of their high accuracy, wide-band frequency,
amplitude response, small size, light weight, long-life and
ease of installation. Accelerometers currently being used
today are of the piezoresistive type. Attempts are being
made to qualify an accelerometer with a different
technology, namely a piezoelectric accelerometer with a
built-in amplifier. Currently, three sources being tested
and evaluated contain internal electronics.

Piezoresistive vs. Piezoelectric

The accelerometer currently being used for gathering
torsional impulse data is a piezoresistive type
accelerometer. There are several papers written which define



torsional impulse and the techniques of collection and
verifying torsional impulse data. A list of these papers are
included at he end of the paper for reference. A
piezoresistive accelerometer uses solid state resistors
which change electrical resistance in proportion to an
applied mechanical stress. They are mechanically attached to
a cantilever beam and electrically connected in a wheatstone
bridge to produce a differential electrical signal
proportional to vibrational motion. Piezoresistive
accelerometers offer the advantage of DC response. This
suits them for measurements that have long duration pulses.
Piezoresistive accelerometers use an external source of
electrical energy, and have an inherently low output
impedance. Also for most applications the sensitivity is
high enough that preamplification of the output is
unnecessary.

The accelerometer currently being tested for replacement of
the piezoresistive accelerometer, is a piezoelectric
accelerometer with a built-in amplifier. Piezoelectric
accelerometers use a spring mass system to generate a force
proportional to the amplitude and frequency of vibration.
The force is applied to a piezoelement which produces a
charge on its terminal that is proportional to the
mechanical motion. Piezoelectric accelerometers have very
high resonant frequencies which suits them for measuring
high amplitude shock events such as ballistic projectiles,
metal to metal impacting, and blast effects.

Disadvantages of Current Instrumentation

The piezoresistive accelerometer, shown in figure 1, is
currently being used to instrument Torsional Impulse test
projectiles. Two problems are associated with using these
accelerometers for future torsional impulse tests. Through
repeated test series and quality testing it has been
determined that the reliability of the piezoresistive
accelerometer is about 50 percent. The qualification tests
for the accelerometers consist of a series of drop ball
tests. A block diagram of the drop ball test is shown in
figure 2. The accelerometers are tested along the axial and
transverse axis. The accelerometers are tested for
survivability of up to 20,000 g’s and a rise time of up to
50 microseconds along the axial axis and the effect of the
20,000 g’s along the transverse axis. Using this
qualification process the piezoresistive accelerometers have
approximately a 50% survivability rate. Therefore, twice as



many piezoresistive accelerometers need to be ordered to
have 12 accelerometers that pass our qualification test.
Second, during 1988, the manufacturer discontinued the
current model series from their accelerometer product-line.
However, accelerometers could be procured on special order
at a premium price. The projected cost for the
piezoresistive accelerometer is approximately $1200 per
accelerometer. This not only increases the price
approximately $400, but decreases the availability of these
accelerometers. Unless large quantities are ordered at one
time, there could be a shortage of accelerometers due to the
long build-up period, since they are no longer a stocked
item.

Another problem that exists from using the current
acclerometer is the signal conditioner. The problems
existing with the signal conditioner are reliability and
availability. In the past, it has been determined that the
reuse rate of a telemeter after field firing is about 50
percent. The availability of the signal conditioner is also
an area of concern. It currently takes six to eight months
to build and test a complete telemeter.

Advantage of Modification

Piezoelectric accelerometers with built-in amplifiers are
being investigated as a new source for accelerometers. There
are several advantages in using a piezoelectric
accelerometer. One major advantage in using a piezoelectric
accelerometer is design flexibility. Electronic gain can be
used to reduce transducer size and increase transducer
sensitivity. By electronic filters, frequency response can
be designed for specific applications or to suppress the
accelerometer’s mechanical response. The quality of the
signal is independent of the cable motion or length,
therefore solder pins can be used with smaller more flexible
lower cost cables. Another advantage of using piezoelectric
is the reduced cost compared to the piezoresistive
accelerometer. At present prices, the piezoelectric
accelerometer with built-in amplifier, would cost
approximately $500. Secondly, the piezoelectric
accelerometer requires a less complex signal conditioner
than the one currently used for the piezoresistive
accelerometer. Since the signal conditioner will be
simplier, it will he easier to build, which will increase
the availability of the signal conditioner. Also the signal
conditioner will contain less circuitry, which will improve



its reliability. Another advantage to using piezoelectric is
the low current load that the accelerometer requires. The
current load for the signal conditioner will decrease since
the piezoelectric accelerometer requires lower current than
the piezoresistive accelerometer. This will increase the
telemeter’s operational time and thereby enhance field test
operations.

Projected Results

Using piezoelectric accelerometers with built-in amplifiers,
the total cost of a Torsional Impulse test projectile could
potentially be reduced by $15,000 per round. Using a
piezoelectric accelerometer, will also allow the signal
conditioner to be built quicker and therefore more
available. Since the signal conditioner contains less
circuitry, the signal conditioner will be more reliable and
have a higher survival rate. With the signal conditioner
being easier to build with the piezoelectric accelerometers
rather than using the piezoresistive accelerometers, the
build and test time of a telemeter may also be reduced.

In summary, using piezoelectric accelerometers reduces the
Cost Of a test projectile, increases the battery power to
the telemeter, allows the signal conditioner to be more
available and reliable, reduces the delivery time of a
telemeter, reduces the build-up time of a test projectile,
and causes a quicker turnaround between firings.

Current Status

Preliminary circuit boards have been designed, breadboarded
and tested with excellent results.

Five airgun tests were conducted with an instrumented
telemeter (Figure 3) to qualify three new sources of
accelerometers (Figures 4-6). The telemeter contained two
piezoelectric accelerometers with built-in amplifiers from
each of the three sources. Axial acceleration and the
transverse effects of the axial acceleration were monitored.
Preliminary data reduction indicate that good data was
collected from two of the three accelerometer sources. Other
sources for self contained accelerometers are being
investigated to determine their availability and
applicability to this program.



Conclusion

After successful qualification of one or more sources of
accelerometers, instrumentation and projectile hardware for
two Torsional Impulse test projectiles (Figure 7) will be
procured and fabricated to field qualify the design
modifications. Given that successful data is received from
live field test firings of the two Torsional Impulse rounds,
then test rounds will be built and standardized using
piezoelectric accelerometers.
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Antenna Modification for In-Flight Projectile Fuze Data
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ABSTRACT

Microstrip antenna designs have gained importance due to the requirements and
restrictions of projectile size and desired data. Most projectile testing programs
require in-flight data during the entire trajectory. Original microstrip antenna
designs created extensive variations in the antenna radiation pattern as the
projectile was rotated about its axis. These variations led to distortion and total
loss of data during critical events of a projectile fuze test. Developments and data
that have led to modified designs in order to reduce these nulls will be discussed
in the following sections.

BACKGROUND

In 1985, ARDEC acquired an in-progress stockpile reliability test program for an
artillery fuze. This test program required data collection during the entire projectile
trajectory. After reviewing previously collected data, it was determined that a new
antenna could provide an improved radiation pattern yielding better data in the
field. A modified antenna was installed on the first two quantitative telemetry
equipped test projectiles and a second modification was implemented on the
succeeding test projectiles. These redesigns proved to be extremely successful in
the field due to the collection of excellent data. The gain and radiation patterns
emitted from these new antennas reduced the importance of the receiving
telemetry ground station location.

ORIGINAL ANTENNA

The antenna originally designed for this fuze telemeter was mechanically
competent to endure the harsh environment imposed on a projectile during a gun
firing. The electrical aspect was comprised of two one-half wavelength slots with a
coaxial feed network. This design created large nulls at 0 and 180 degrees about 



both the phi (M) and the theta (1) axis. The coordinate system for pattern
measurements is given in figure 1. Telemetry station location became critical due
to these nulls.

FIRST MODIFICATION

The first telemeter antenna modification designed and developed by Physical
Science Laboratories, N.M.S.U. was implemented on the first two qualification test
projectiles instrumented by ARDEC. This antenna was comprised of a continuous
thin slot fed in four equally spaced locations by an integrated stripline feed
network as shown in figures 2 and 3. The feed network provides a balanced signal
with pattern nulls occurring directly behind and in front of the projectile. The
telemetry ground station could now be set-up anywhere along the side of the
projectile trajectory.

SECOND MODIFICATION

An improved version of the previously mentioned L-band (1510 MHZ) antenna
was redesigned using eight(8) instead of four(4) feed points thus reducing the
magnitude of the nulls significantly as can be seen from the Table below. This
design allows for a simple conversion of the stripline feed network to utilize higher
frequencies such as S-band (2200-2300MHz). If an array has equal half-
wavelength spacings than there is precisely one period of the array factor that
appears in the visible region. The visible region has a length of 2$d

where: $ is defined as 2B / 8
d is the element spacing
8 is the wavelength

Let us assume that exactly one period appears in the visible region. The period is
2B therefore 2B=2$d= 2(2B/ 8)d or d/ 8=1/2. For the first modification, f= 1510
MHZ, antenna diameter= 6.0 in.: therefore: 8=7.882 in., circumference = 18.85 in.
and d. 0.6 8. For the second modification, d.0.3 8 however, if we now use an
average S-band frequency of 2250 MHZ, 8 =5.25 in. and d= 0.45 8. The ideal
antenna would be designed to have element spacings of one-half wavelength.
This insures uniform roll plane patterns and reduces the amplitudes of undesired
major lobes.

Both of the modified antennas are protected from the gun launch environment by
a radome constructed of polyester weave material impregnated with epoxy resin.



CONCLUSION

These two modified telemeter antennas have provided excellent data from
previous field test firings compared to the original two slot design. These new
designs will be incorporated into the recently acquired projectile fuze stockpile
reliability program due to begin next year. The second modification will allow a
smooth transition to the redesign proposed for both of these previously mentioned
fuze programs in which an S-band transmitter will be implemented.

Gain Variations in the Original and Modified Antennas

Maximum Variation (db)

Theta (degrees) Original Modified

10 8.00 4.00
20 8.00 4.50
30 6.00 2.00
40 6.50 3.00
50 12.50 5.00
60 20.00 5.00
70 8.00 7.00
80 11.00 7.00
90 22.00 5.50
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Figure 1 - Coordinate System for Pattern Measurements

Figure 2- Integrated Stripline Feed Network

Figure 3- Modified Antenna



AMRAAM FLIGHT TERMINATION ANTENNA
DESIGN AND DEVELOPMENT
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Pacific Missile Test Center

Point Mugu, CA 93042-5000

ABSTRACT
This paper reports on the design of a B-band flight termination antenna (FTA) for use on
the Advanced Medium Range Air to Air Missile (AMRAAM). The antenna is a low profile
structure composed of an etched circuit board measuring 1.6 by 10.0 by 0.010 inches
mounted inside a 0.17 inch deep cavity formed in the back of the AMRAAM harness
cover. There is a metallic cover over the cavity which connects to the metalized harness
cover constituting a ground plane for the antenna. The antenna is easily tuned through use
of two metallic slugs in close proximity to the ends of the antenna elements.

The active circuit of the antenna is composed of a 3-element folded dipole photoetched
from copper clad Duroid. The center element is driven through a microstrip matching
transformer which is printed on the opposite side of the antenna elements. A quarter wave
open circuited stub is also printed opposite the elements to provide a virtual short such
that no physical contacts are necessary between the transformer and the driven element.
The matching transformer connects to the 50 ohm source at the center of the antenna
through a side projecting microstrip tab which in turn is connected to a semi-rigid coaxial
line.

The antenna exhibits improved bandwidth and excellent pattern coverage, particularly in
the critical roll plane. All of the antenna parameters will be presented and discussed.

INTRODUCTION
As indicated in a paper given at the 1988 International Telemetry Conference , the Pacific(1)

Missile Test Center (PMTC) was given the responsibility to develop a new Telemetry
(TM) package for the AMRAAM that is warhead compatible. In its original concept this
package was to have included a flight termination system (FTS). Early on in the program
the flight termination requirement was canceled because it was decided not to fly over
land. Recently this requirement was reinstated. This provided us an opportunity to
complete the FTA design which had been initiated for the original TM package.



In two previous papers the TM antenna proper  and the TM package  were discussed.(1)    (2)

System aspects of the FTS were not discussed previously since they were not part of the
TM package. However, the FTS follows classical designs and will not be discussed here
either. This paper treats only the design and development of the FTA proper.

The difficulty of this undertaking parallels that of the TM antenna since both antennas had
to be mounted inside the harness cover and still leave sufficient room for the cable
harness. As indicated previously  there had to be an increase in the height of the harness(1)

cover in order to accommodate the TM package. However, this increase was held to only
0.10 inches resulting in no significant change to the flight profile. Incorporation of the
FTA resulted in no additional impact to the harness cover over that originally required for
the TM package.

RADIATION COVERAGE REQUIREMENTS
Early in the AMRAAM TM package development, representatives of the Navy, the Air
Force, and PMTC met to establish the radiation coverage requirements for AMRAAM.
This took place prior to our involvement with the program. Figure 2 of the TM antenna
paper  presents the agreed upon goal for both antennas except the FTA gain was 0 dBi.(1)

As with the TM antenna, the 90 degree sector in the roll plane below top dead center was
summarily dismissed and the operating specification became that of the referenced figure
with the lower 90 degree sector filled in. We perceived a design goal of 0 dBi as highly
optimistic since most FTS antennas are linearly polarized and their receivers do not
include diversity reception. This alone represents a penalty of approximately 5 dB for the
FTS.

In an unpublished report by Eugene Law entitled “AMRAAM Link Analysis” an FTA gain
of -12 dBi over 90 % of the surrounding sphere was used. Using this value, together with
characteristic FTS receiver and range parameters, Mr. Law predicted a range of 120
nautical miles. Our antenna correlates well with this assumption.

POLARIZATION REQUIREMENTS
Polarization of the antenna was not specified, but like the TM antenna there was an
expressed preference for vertical polarization to reduce multipath. As explained
previously , tracking will be done at near grazing angles resulting in no real advantage for(1)

vertical polarization. Unlike the TM case where data corruption through fading is
important, we are more concerned with signal loss. Mr. Law accounted for this by
including a 10 dB fade margin in his analysis. He also included a 3 dB polarization loss,
since most FTS transmitting antennas use circular polarization. In view of the above it was
concluded that we could arbitrarily select the antenna polarization. However the geometry
of the problem indicated a preference for horizontal polarization, since most conceivable
antennas fit this category, and indeed the antenna selected is horizontally polarized.



ANTENNA SELECTION
Early in the AMRAAM program at the conceptual design review, Jan 85, candidates for
both the TM and FTS antennas were considered. At this meeting the microstrip patch was
offered as a candidate for both the TM and FTS antennas, while a second candidate for
the FTA was the asymmetrical flat folded dipole as described by Dubost . Later in the(3)

year at the preliminary design review, Jun 85, measured data on patch antennas for both
requirements was presented. Also presented was data on the parasitically loaded antenna
described earlier . This antenna demonstrated better pattern coverage and improved(1)

bandwidth compared to the single mode patch and was the antenna of choice for the TM.
The FTS patch antenna demonstrated reasonable patterns, but had a 2 to 1 VSWR
bandwidth of only 2.0 MHZ. Additionally, as it turned out, this antenna exceeded the
allowed height by 0.1 inches. Consequently the antenna would have ended up with even
less bandwidth. There were other problems related to feed location and questionable
temperature stability that suggested the need to pursue a better design. It was felt that the
flat or printed folded dipole (PFD) was just such a design.

DESIGN THEORY
In figure 1 is shown a picture of the printed circuit board which constitutes the active
element of the antenna. As can be seen, it takes the form of a classical three element
folded dipole wherein the center element is driven. Dubost  analyzes the PFD antenna by(3)

use of transmission line theory. He assumes a sinusoidal excitation at the feed point from
which he deduces the current distribution on the antenna as well as the input impedance.
This current distribution is then used to calculate the far field radiation pattern. In his
analysis the input impedance is purely reactive since the analyzed structure is lossless and
non-radiating. A resonance condition is determined by demanding that the input reactance
equal zero, however Dubost makes no attempt to predict the driving point radiation
resistance.

Although the Dubost analysis was enlightening and aroused our initial interest in the
antenna, we felt alternative methods might provide more insight into the design. An
alternative method having merit centered on investigation of the folded dipole; first in free
space, then in the presence of a nearby ground plane. The objective was to arrive at a
value for the radiation resistance plus a prediction of the antenna bandwidth.

In a paper by Harrison and King , the following exact expression for the free space(4)

admittance of a three-wire coplanar folded dipole is derived.

(1)



where

In this equation, $ is the wave number and Z  is the impedance of a dipole whosed

effective radius (d) is defined   the following:

(2)

where

The half length (h) along with the spacing (b) and diameter (2a) of the antenna are as
shown in figure 2. Note the negative susceptance term in the expression for antenna
admittance. This is typical of all folded dipoles. This term, which tends to cancel the
positive susceptance of the effective dipole, is attributed to the non-radiating transmission
line modes of the structure. It is this self compensating property that is primarily
responsible for the broad band characteristic of this class of antenna.

In order to evaluate Y , some consideration must be given to the fact that our elementsin

are flat. Wolff  treats elements of arbitrary cylindrical cross section including the flat(5)

strip. He derives an effective radius for the flat strip which is 0.25 times the strip width.
Our FTA uses three equal width elements 0.500 inches wide separated by 0.050 inch
gaps. Three equal width elements were chosen in order to provide a free space radiation
resistance as high as possible together with meeting the microstrip feed considerations.

Applying the above to the FTA gives a three element coplanar array with effective element
radii (a ) of 0.125 inches and effective separations (b ) of 0.550 inches. Using thesee        e

parameters in (1), the input susceptance to the antenna becomes:

(3)



Note that when cot($h) becomes zero, near dipole resonance, the input impedance
becomes that of the effective dipole multiplied by 22.64. The effective dipole impedance
will have a value influenced by its effective radius and its environment. Even for thick
dipoles, the real part of this impedance does not depart markedly from 73 ohms. Thus the
resulting free space input impedance to the antenna will approximate 1653 ohms. This is
an exceptionally high input impedance but is exactly what is desired since the impedance
will fall drastically when the antenna is brought near ground.

The effective radius (d) of the equivalent dipole using (2) becomes 0.403 inches. This
radius results in a value of 7.08 for the expansion parameter of Hallén defined by the
following:

(4)

The problem now is to determine the input impedance when the antenna is placed close to
ground. For our case the spacing is 0.16 inches since the antenna board is inverted in the
cavity for tuning convenience. If we use image theory, this problem is identical to that of
the end fire array composed of two half wave elements driven 180 degrees out of phase.
King  treats this case extensively. He shows in his figure 7.4 that dipole elements spaced(6)

0.010 wavelengths, which corresponds to our case, would have an input resistance of
0.25 ohms for an S = 10. Our effective dipole with S = 7.08 would increase this value to
possibly 0.30 ohms. Thus our antenna should have an input impedance of 22.64 times this
value or 6.79 ohms. This figure does not include losses which King indicates can be
significant for very close spacing. Additionally our physical geometry violates the infinite
ground plane assumption. We also have taken the liberty of using the center lines of the
strips as our effective spacing which is questionable. These taken together could have a
significant effect on the input impedance.

Exact calculations using King’s equations is a formidable undertaking even for an ideal
geometry. For this reason it was decided to terminate the theoretical analysis at this point,
including bandwidth predictions, and proceed with modeling the antenna. It was felt that
the analysis served well to describe the operation of the antenna and predict a finite
impedance amenable to matching. Development of the antenna is described in the next
section.

ANTENNA DEVELOPMENT
In figure 3 is shown an impedance plot taken on the antenna when driven from a 50 ohm
microstrip line. Before we discuss this plot, a physical description of the antenna is in
order.



In figure 4 is shown the harness cover cavity that accepts the antenna circuit board along
with the completed antenna. The circuit board is mounted with the feed line down against
the harness cover so that the capacitive tuning blocks do not affect the feed lines.
Because of this arrangement the microstrip line is top loaded by the harness cover which
has a dielectric constant of 5.10. Design of the top loaded feed lines is handled through
use of a program written by Peter Simon from Raytheon, Goleta based on a paper by
Bahl and Stuchly . There is not sufficient space to described the program in this paper.(7)

The harness cover also presents a distributed loading to the antenna which accounts for
its foreshortening to 10.0 inches without top loading.

Also in figure 4 note that the tuning blocks with their locking screws are quite visible
through the slots in the ground plane. The tuning blocks are made by bonding 0.032 inch
thick teflon fiberglass to a 0.090 inch thick aluminum base. The antenna is tuned by sliding
the blocks equally from the ends toward the center of the antenna until the correct
frequency is reached.

Returning to the impedance plot of figure 3 note that the input resistance of the antenna at
resonance is 8.13 ohms. This along with the other data points was plotted on a more
detailed Smith chart to determine the Q of the antenna which turned out to be 92.8. This
value of Q was used to predict an optimum match for the antenna over the required
operating bandwidth of approximately 20 MHZ. For an n = 4 design the optimum
transmission loss was 1.7 dB with a 0.24 dB ripple(8). This corresponds to a return loss
of 4.9 dB which was considered excessive so it was decided to match the antenna on a
narrow band basis and provide tuning. Matching was accomplished through use of a three
step maximally flat transformer, since the antenna was known to be quite narrow.

The transformer has impedance values of 12.80 and 31.75 ohms which give line widths of
0.150 and 0.045 inches respectively. The width for a 50 ohm line is a narrow 0.021 inches
so it was decided to shift the transformer toward the input location to keep line widths as
wide as possible. This necessitated introducing a short section of 8.13 ohm line at the
feed point which is 0.260 inches wide. The feed point is not directly connected, instead
the feed line continues into a very low impedance open circuited stub that provides a
virtual short at the feed point. This allows for no direct connection of the feed lines. When
the input impedance was measured, the virtual short was tested by directly connecting the
feed line. There was no significant difference in the two impedance plots.

This structure always promotes questions concerning the unbalanced feeding of a
balanced antenna. This is possible because the input line enters at a virtual ground point
where the electric field is zero and does not disturb the antenna.



MEASURED ANTENNA PARAMETERS
Figure 5 shows a return loss plot of the antenna taken at the top of the tuning range. The
antenna exhibits a bandwidth of 4.5 MHZ at a return loss of 9.54 dB which corresponds
to a VSWR of 2. As configured the antenna has a tuning range of 28.75 MHZ. The return
loss at the center of the band is a bit low indicating some problem with the transformer.
We suspect that our impedance measurement was done with insufficient grounding and
that the impedance is actually lower than 8.13 ohms. This conclusion was based on the
fact that the return loss improves when the antenna is operated unmounted.

A cursory test of the temperature properties was conducted in the laboratory by heating
the harness cover with a heat gun to simulate in flight heating. We found the antenna to
have a short term positive temperature coefficient of approximately 0.02 MHZ per degree
Celsius.

In figures 6, 7, and 8 are shown the principal plane patterns of the antenna mounted on an
AMRAAM missile mock-up. It should be observed that the missile was mounted upside
down on the pedestal to reduce reflections since the AMRAAM normally flies with the
harness cover down. The patterns demonstrate that the antenna meets the -12 dBi value
used by Eugene Law in his link analysis at all required angles but as expected falls short of
the 0 dBi figure which we considered unrealistic.

CONCLUSIONS
Design of antennas for missile application always present unique and stringent
requirements. At lower frequencies these can become even more severe. The FTA design
presented here is a solution to one of these problems. It demonstrates extended
bandwidth over the popular patch antenna in the same application but falls way short of
the intrinsic bandwidth attributable to the folded dipole. It demonstrates conclusively the
difficulty of acquiring bandwidth for antennas very close to ground.
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Figure 5. Return Loss. Figure 6. Roll Plane Cut.



Figure 7. Yaw Plane Cut. Figure 8. Pitch Plane Cut.



MIL-STD-1553 DATA BUS/PCM MULTIPLEXER SYSTEM

Erle W. Malone Phillip Breedlove
Boeing Aerospace Loral Conic
Seattle, WA San Diego, CA

ABSTRACT

A telemetry system which integrates MIL-STD-1553 bus data, dual-simplex bus
data, vehicle performance data, and environmental sensor data multiplexing
involves many interfacing constraints. The engineering design considerations and
hardware constraints required to implement this system are presented in this
paper.

INTRODUCTION

This system interfaces with a 1553 data bus in a bus monitor capacity and with an
operational payload data bus. At the same time, it multiplexes performance and
environmental data from a test vehicle operating in a flight regime. (Figure 1 is a
block diagram of the system.)

The 1553 bus interface design requires that the system perform as a monitor and
as a dummy remote terminal which does not respond with a status message. The
processing design incorporates these constraints by modifying protocol tracking
and message gap requirements. The system integrates the bus and sampled data
into a secure 2.0 MBPS serial data stream conditioned for transmission.

The elements of the system are 1) 1553 Bus Data Processor, 2) Dual-Simplex
Operational Payload Simulator, 3) Analog/Digital Signal Multiplexer,
4) Analog/Digital Signal Conditioner, 5) Format and Timing Unit, and 6) A Secure
Data Support Unit. The entire system is packaged in a volume of less than 700
cubic inches.

1553 BUS DATA PROCESSING SECTION

The bus data processing section consists of a bus monitor, microprocessor, and
buffer as shown in Figure 2. It monitors all 1553 bus data and converts the 20-bit
words to a 24-bit word as defined in Chapter 8 of IRIG 106-88. The formatting
differs, however, because of supercommutation requirements. The 24-bit words,



are made up of the 16-bit data words pre-pended with an 8-bit ID word, including a
parity bit as shown in Table 1. These converted 24-bit words are inserted into the
telemetry format at a 41 KWPS rate. This is adequate for a 1553 bus operating at
a maximum rate of 46 KWPS (92% efficiency). The processing section can buffer
a maximum word rate for 30 milliseconds without overflow. The data latency is a
variable ranging from 76 microseconds to 4.9 milliseconds. (This is the time from
the entry of a 1553 word into the processing section until it is output to a
transmitter.) The actual time is dependent upon the timing between the buffer and
the PCM format position.

Certain 1553 16-bit data words, a maximum of 32, are selected by the Quick Look
(QL) module. The data words are transferred to the QL port which interfaces with
the format and timing sections. The incoming data rate can be as high as 350
WPS. The data will be processed by the QL buffer and inserted into the format at
31.25 WPS, the subcom rate. If there is no change in the data between minor
frames, the last data word is inserted. Thus, data of single-occurrence events will
be transmitted continuously. Data latency for these words is much greater
because of the longer time that the data must be buffered until it is inserted into
the frame format. Data latency varies from 73 microseconds to 32.7 milliseconds.

As can be seen in Table 1, there are filler words (16 bits of an alternating 1/0
pattern) and error ID’s. The filler words aid in keeping an adequate number of bit
transitions for maintaining synchronization of a data processing decommutator.
This is necessary when the bus is down or if bus protocol is being continuously
distorted. The error word ID is attached to the data word, without passing
judgement on the validity of the data, only when an error is detected. Errors may
include the occurrence of improper parity, invalid sync, incorrect sync, Manchester
error, or incorrect bit count. The data word as received is combined with the error
ID to form a 24-bit word that can be used during post-test bus diagnostics at a
data processing facility.

ANALOG MULTIPLEXER

Test vehicle performance and environmental data is monitored by 77
analog/discrete inputs. These are specifically tailored to the input characteristics
and spectral content of the data. Inputs consist of single-ended and differential
data extracted from transducers such as strain gages, thermocouples, resistance
temperature devices, vibration sensors, and acoustic sensors. Constant current
and highly-stable, low-drift voltage sources provide excitation for the various 



transducers. In addition, various system voltages are measured as single ended
or discrete inputs and switch closures are output as digital words. A typical analog
input path is depicted in Figure 3A.

Input conditioning circuits are utilized to normalize the various types of inputs. This
ensures that only unipolar or symmetrical bipolar inputs of less than 2.5 Volts
peak-to-peak are present at the input of the instrumentation amplifier. This voltage
level allows the programmable gain amplifier (PGA) to be preset to a nominal gain
of 2 in case signal attenuation is required. It also satisfies input requirements for
the 0-5 Volt sample/hold amplifier and A/D converter.

The front-end instrumentation amplifier is used to provide accurate, stable gain for
low-level inputs of either single-ended or differential types. It also drives the
pre-sample anti-aliasing filters. Each input channel has separate gain and filter
circuits. The anti-aliasing filters are Butterworth types with 1, 2 or 4 poles,
depending upon the spectral content and input level of each signal. The 2- and
4-pole filter roll-offs (3 dB) are set for one-fifth the sample rate.

After pre-sample filtering is complete, the seven channels on each signal
conditioning card are multiplexed into a single PGA. The PGA gain is controlled
by an externally-programmable device (EPROM) and has a dynamic range of 1 to
32 steps with a nominal gain of 2 preset. This allows for a maximum
programmable amplification of 16 or attenuation of 0.5.

One of the most crucial elements of the entire analog design process was to
satisfy system bit rate and accuracy requirements for 77 channels while
maintaining design simplicity. With a system bit rate of 2 MBPS, only 4.0
microseconds per 8-bit word was available for the A/D conversion process. The
precision A/D converter used for this application requires a minimum of 1.2
microsecond hold time when short cycled from 12 bits to 8 bits. Therefore, 3 bits
(1.5 microseconds) was allocated for the hold time. This left 2.5 microseconds
(5 bits) for settling and sample time. Settling time requirements were satisfied by
multiplexing the analog signal as shown in Figure 4. This design-simplifying
feature constrains the format so that each of the 11 analog signal conditioning
boards can only be addressed every fourth word.

The analog multiplexing design resulted in complete settling at the output of the
PGA prior to being switched onto the analog bus shared by the signal conditioning
boards. The bus capacitance was large due to the additive effect of 1) board
enable switches on each signal conditioning card, and 2) the analog bus
capacitance. This dictated the following design considerations:



A) Use of a current driver for each signal conditioner output

B) Short the capacitance-developed bus potentials to ground during the A/D
hold times

These two design considerations insure that there is adequate drive capability and
that each analog measurement is subjected to equivalent initial conditions
resulting in minimal signal crosstalk.

Finally, to satisfy the gain programming requirements for both unipolar and bipolar
inputs to the unipolar A/D converter, a two-value programmable offset is applied to
the analog measurements prior to the A/D conversion. The offsets are
programmed to “zero” for unipolar inputs and to 50% full scale for bipolar inputs.
This results in a uniform A/D input signal level of 0-5 Volts for all analog signals.
Note that due to the symmetrical characteristics of the bipolar signals, only 50%
full-scale offsets are required. (Non-symmetric data signals would require offsets
tailored to input signal characteristics.) This simplistic design thus achieves the
required accuracy as shown by the calculations in Figure 3B.

OPERATIONAL PAYLOAD SIMULATOR

The simulator dual-simplex bus uses optical couplers to interface with an avionics
computer. These couplers provide the necessary isolation required by the avionics
system. The simulator state machine receives and recognizes 20 valid command
messages and responds with 7 unique predetermined messages. The byte format
of each message is: a start bit, 8 data bits, 1 parity bit, and a stop bit transmitted
in a serial data format, LSB first. When valid command messages are recognized,
associated data and CRC (circular redundancy check) words of the message are
ignored. The recognized sync word is then used to initiate sending a “canned”
response message, and sets a “bit” in a digital word, indicating that the command
has been received and recognized. Each message includes a status word, data
words, a two-word CRC, and a synchronization word, occurring in the following
order:

STATUS WORD, DATA WORD,..,DATA WORD, CRC1 WORD, CRC2 WORD,
SYNC

The two “canned” CRC words in the 7 response messages are derived using
Modulo 2 arithmetic from the first 6 least significant bits of the status and data
words of the message. The sync word is not used in the derivation. The CRC
polynomial for the derivation is X  + X , + X  + X  + X + 1. The generated CRC 12  11   3  2



word 1 contains the 6 least significant derived CRC bits appended with a binary
01. CRC word 2 contains the derived 6 most significant bits, also appended with a
binary 01.

The simulator also accepts a timing discrete (minimum pulse duration of 3
milliseconds) from the avionics computer through an optically-isolated interface.
The coupled signal interfaces with an analog channel sampled at 1000 times per
second.
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TABLE 1. 1553 24 BIT WORD STRUCTURE

ID BITS ± DATA BITS WORD DESCRIPTION

P 0 0 0 1 1 1 1 + 16 COMMAND A
P 0 0 0 1 1 1 0 + 16 STATUS A
P 0 0 0 1 1 0 1 + 16 DATA A
P 0 0 0 1 1 0 0 + 16 ERROR A
P 0 0 0 0 0 0 1 + 16 FILLER
P 0 0 0 1 0 1 1 + 16 COMMAND 8
P 0 0 0 1 0 1 0 + 16 STATUS B
P 0 0 0 1 0 0 1 + 16 DATA B
P 0 0 0 1 0 0 0 + 16 ERROR B

A = Primary channel of a dual redundant bus
B = Secondary channel of a dual redundant bus
P = Parity Bit (odd parity)

TABLE II. MULTIPLEXER FORMAT

A B C D E F G H I J K L M N -WI-- -W2-- -W3-- -W4--
A B C D E F G H I J K -W5-- -W6-- -W7-- -W8-- -W9--
A B C D E F G H I J K L M N -W10- -W11- -W12- -W13-
A B C D E F G H I J K -W14- -W15- -W16- -W17- -W18-
A B C D E F G H I J K L M N -W19- -W20- -W21- -W22-
A B C D E F G H I J K -W23- -W24- -W25- -W26- -W27-
A B C D E F G H I J K L M N -W28- -W29- -W30- -W31-
A B C D E F G H I J K -W32- -W33- -W34- -W35- -W36-
A B C D E F G H I J K L M N -W37- -W38- -W39- -W40-
A B C D E F G H I J K -W41- P U U U U U Q Q S S S I

8 BITS/WORD   250 WORDS/FRAME     1000 FRAMES/SEC 2.0 MBPS
        32 FRAMES/MAJOR FRAME     14 SUPERCOM WORDS
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Modulation Index and FM Improvement for Analog TV

J. Thomas Baylor
Loral Conic
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ABSTRACT

The concepts of modulation index and FM improvement are simple and
straightforward when the modulating signals are sinesoidal. For a complex
baseband waveform such as analog TV, the FM improvement may be seriously
underestimated.

A method for computer simulation of video waveforms and the resulting spectra
are presented.

Key Words: FM improvement, modulation index, analog TV.

INTRODUCTION

Acceptable TV transmission requires a very high (35 to 40 dB) peak signal to
RMS noise ratio. If the available modulation index is underestimated, then the S/N
must be made up by increasing the C/N. Increasing C/N is usually costly. This
analysis shows that proper understanding of modulation index allows operation of
TV links down to FM threshold.

WHAT IS MODULATION INDEX?

The basic definition for the modulation index is the peak phase shift, in radians,
due to the modulation. Defining modulation index as the maximum frequency
deviation divided by the modulating frequency is correct only for single sine
waves. The proof for this is seldom developed, but is straightforward. The basic
block diagram of the frequency modulator is shown in Figure 1.



Figure 1 - Basic Frequency Modulator

(1)
If V is sinusoidal, then,

(2)

where A is the amplitude of the sine wave, but,

(3)

and (4)

thus (5)

which is the widely used definition for modulation index. It is obvious, looking at
this derivation, that Equation (5) cannot be correct if V is not a sine wave.

The only reason that modulation index is important is in the prediction of data link
performance. A good TV picture requires a peak-to-rms signal-to-noise ratio of 35
to 40 dB in order to be useful for most surveillance tasks. We are not transmitting
“Felix the Cat” here. If Equation (5) is used to calculate mod index for a TV signal,
the maximum deviation is easy to determine. The big question is what value to
use for f ?mod

Freeman  uses 4.2 MHZ., the -3 dB bandwidth of NTSC video low-pass filters for1

his f . This results in low values of mod index, and unaccepably high values ofmod

C/N for TV operation. However, Freeman’s experience in TV transmission was
that the actual S/N was higher than predicted. He came up with “Correction
Factors” totaling more than 18 dB which are added to the FM improvement factor.
There should be a more straightforward, better way.

If we use Equation (1) as the basic definition of modulation index, and look at one
video line as the minimum portion of the TV frame to consider, then the
modulating signal is not anything like a sine wave. The modulating signal can be
represented as a complicated sum of square waves, as shown in Figure 2.



Figure 2 looks a bit different from the usual representation of a video line, in that I
have started and stopped the line in the middle of the active video rather than at
part of the synch structure. This is only for convenience in calculating the phase
change produced by the modulating signal.

Figure 2 - Simplified TV Video Line

Prior to the AC coupling of the transmitter, the zero carrier level is 0 volts, the
white level is at 0. 125 volts, the blanking level is at 0.75 volts, and the synch peak
is at 1.0 volts. After AC coupling, the picture portion of the video line will be at a
negative voltage while the blanking and synch will still be positive. The phase vs.
Time can be calculated by

(6)

where K is the modulation sensitivity of 5 MHZ/V and H is the line time of
63.556µSec. If we can approximate the line as a blank frame of some grey level,
the calculated phase will be within the limits shown in Table 1.



Table 1 - Calculated Beta and FM
Improvement for various scene contents

Scene Black Grey White

Video 0.625 0.375 0.125

Line Avg. 0.664 0.456 0.247

Beta 32.82 67.21 101.60

Imp., dB 35.09 41.32 44.91

No matter what the scene content may be, the integral of equation (6) smooths
the high frequency components out. This results in beta values which lie between
the values given here. The minimum FM improvement of 35 dB is so high that any
C/N which is over about 15 dB is sufficient to provide an “excellent” video scene.
This means that data link calculations may be done on the basis of a 15 dB C/N,
without any worry about the effects of modulation index.

DIGITAL SIMULATION

A digital simulation has been performed for a waveform similar to that of Figure 2
using the Fast Fourier Transform (FFT). Most people, even experts in the FFT
such as BracewelI , assume that the input to an FFT program must be real values.2

For angle modulation, real values carry no information at all. The amplitude of the
RF is constant, and only the phase or frequency carries information. The way
around the problem is to load the FFT array with Sine and Cosine components of
a rotating, unit magnitude vector. The vector rotation is described in Equation (1).

An approximation to the phase integral of Equation (1) is given by Equation (7).

M  = M  + V  K/512 (7)n+1  n  n

where M is the phase in radians, V is the voltage corresponding to the time of
sample n, and K is the modulation sensitivity of the transmitter. Input to the FFT is
the complex value;

E  = Cos(M ) + jSin(M ) (8)n  n   n

A sketch of the phase rotation produced by equation (7) is shown as Figure 3. It
can be seen that the slow rotation of the unit vector during the picture portion of
the line is reversed and speeded up as the front porch is entered.



Figure 3 - Phase Transition from Grey Picture
to Blanking Level

Figure 4 is a sketch of a simulated TV frame consisting of two white and two black
bars. This is about as complex a picture line as is needed to show the complexity
of the RF spectrum.

Figure 4 - TV Monitor Display for Fig. 5 Spectra

The RF spectrum of this picture, after frequency modulation, is shown as Figure 5.
The spectrum must be broken into two frames for presentation in order for the
details of the spectral lines to be seen. Figure 5a is the spectrum from about 800
kHz below the carrier to about 2.2 MHZ above the carrier. Figure 5b shows the



spectral lines from 2.2 to 5.2 MHZ above the carrier. The spectrum produced by
frequency modulation of a TV line is asymetric, since the voltage waveform which
produced it is asymetric.

Some features of the spectrum are easily identifiable. The lines due to the synch
pulse are very high, about (-22dBc), and show the typical (Sin(x)/x) pattern. The
width of this peak is due to the short duration of the synch pulse.

A similar pattern at about +1.3 MHZ is due to the front and back porch blanking.
Since there is the possibility of combining out of phase for the sidebands
produced by equal voltages at different times, the pattern due to the blanking
pulses may be larger or smaller than those shown here.

Most of the picture information is in the marked group of sidebands. The
remaining sidebands are thos due to rise and fall times of the picture and pulse
transitions. Sidebands not shown fall quickly down below -60 dBc in both
directions. Any signal lower than about -48 dBc is going to make only an
insignificant change to the picture quality.

CONCLUSION

Low modulation index produces a low number of sidebands. Figure 5 shows that
the spectrum of the FM signal has a very large number of sidebands,
corresponding to a high modulation index. This means that the FM improvement
for analog TV transmission is high, and any C/N > 15 dB will produce a nearly
perfect TV display.

1.  Freeman, Roger L., Radio System Design for Telecommunications, 1 st Ed.,
John Wiley & Sons, New York.

2.   Bracewell, R. N., “Numerical Transforms”, Science, Vol 248, 11 May 1990,
pp. 697-704.



Figure 5a - Low End Spectrum of Two White, two Black Bars

Figure 5b - High End Spectrum of Two White, two Black Bars
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ABSTRACT

The telemetry format is a key piece of information utilized by both the flight segment and
the ground segment of a mission. During the evolution of a mission, the telemetry format is
usually going through many changes and refinements. Sometimes, a format may even
evolve from mission to mission. The conventional Relational Data Base Management
Systems (RDBMS) do not work well with telemetry formats because of the multi-
dimensional nature of most telemetry formats.

To reduce the complexity of managing dynamic telemetry formats, an innovative
Telemetry Format Management (TFM) system has been designed. The TFM system
utilizes new object-oriented concepts in managing the creation, the evolution, and the
utilization of telemetry formats. It supports common telemetry formats including:
Time-Division Multiplexed (TDM) telemetry formats and packet telemetry formats. By
using the TFM system, one can greatly simplify most tasks associated with the
development of telemetry formats. This paper describes the architecture, design concepts,
and operational philosophy of the TFM system.

1. Introduction

As the sophistication and data rates of airborne and space-based instruments increased,
telemetry formats used in these missions became more and more complex and difficult to
maintain. Today, the cost of developing telemetry formats and maintaining the format
consistency has increased substantially. Software tools such as Relational Data Base
Management System (RDBMS) may provide some help in maintaining some well defined
telemetry formats. Unfortunately, RDBMS does not work well with complex telemetry
formats. This is because the multi-dimensional structure of most complex telemetry
formats does not not map well onto the 2 dimensional row-and-column model used in
conventional RDBMS. Some higher level structural information are usually lost when a
complex telemetry format is represented in the 2 dimensional RDBMS model.



The Telemetry Format Management (TFM) system is designed based on a multi-
dimensional structural model of telemetry formats. The model is very adaptable and can be
used to represent some very complex telemetry formats. After an overview of design
concepts used in the system, the telemetry format model and system tools for supporting
format development are described in some detail.

2. Design Concepts

A very brief introduction of Object-Oriented Design (OOD) concepts is presented here.
More detailed discussion on OOD concepts can be found in [Cox 86]. There are three key
OOD concepts: abstraction, encapsulation, and inheritance.

C Abstraction is the ability to specify generic attributes and necessary operations
required for modelling a class of objects with respect to a problem domain. A model
defined by a set of representing attributes and operations is often called an abstract
data type. For example, let RADAR be an abstract data type for a class of radars. If
we are working on a ranging problem, we may define RADAR to have attributes:
ANTENNA, TRANSMITTER, RECEIVER, and DISPLAY, and operations:
TRANSMIT, RECEIVE, CALCULATE-RANGE, and DISPLAY-ECHOES.

C Encapsulation is the ability to hide non-essential and implementation dependent
information from the user of abstract data types. This feature allows one to use an
abstract data type without worrying about its implementation details such as the data
structure representing attributes, temporary accounting variables, and algorithms used
in implementing various operations.

C Inheritance is the ability to defining subtypes by inheriting type specifications, i.e.,
attributes and operations, from a parent type. This feature allows one to build new
data types upon existing ones. For example, we may define a subtype RADAR-
ALTIMETER for a subclass of radar altimeters. This type may be defined by
inheriting attributes and operations of its parent type RADAR and by overloading the
range calculation algorithm used in the CALCULATE-RANGE operation.

The advantages of OOD concepts can be summarized as follows: Abstraction allows one
to think at a higher level; Encapsulation allows one to work at a higher level; and
Inheritance allows one to evolve new and more advanced data types.



3. System Architecture

The TFM system was designed utilizing OOD concepts. The system architecture consists
of two parts: an abstract data type definition for telemetry formats, and a set of integrated
development tools for creating formats, modifying formats, and extracting information
from formats.

3.1 Data Types

The TFM system defines an abstract data type, FORMAT, representing a class of
telemetry formats. In this section, we will outline the specification of the FORMAT data
type and its subtypes.

3.1.1 Basic Attributes

In the TFM system, there are over 30 attributes defined for the FORMAT data type. Only
a few key attributes will be described here. Conceptually, a format defines the layout of
elements within a spatial object. The following are some key attributes that define various
exterior properties of a format.

Name A name up to 64 characters long may be defined for a format. The system
uses the name to identify the format and to refer elements or locations
within the format.

Dimension Each format occupies an N-dimensional space. An example of a 3
dimensional major frame format is shown in Figure 1. Table 1 contains
additional examples of various dimensions. The dimension of a format
defines a coordinate system for identifying elements within the format. The
TFM system defines a coordinate to be a tuple with the i  element of theth

tuple identifying a (N-I) dimensional coordinate. For example, (5) identifies
the 5  minor frame; and (1, 2, 3) identifies the location corresponding to theth

3  bit of the 2  byte of the 1  minor frame of a major frame format.rd    nd    th

Size If an N-dimensional format consists of M copies of (N-1) dimensional
elements, the size of the format is determined by the number M and the unit
size of the (N-1) dimensional element. For example, assuming a 128 bits
minor frame size, the format shown in Figure 1 has size 128 x 8, i.e.,
1024 bits. Variable size formats are allowed in TFM. However, it is
assumed that a length indicator field must be located within the format.



Dimension Format Elements Possible Element Values

1 bytes, words bits 0/1, ON/OFF, TRUE/FALSE

2 minor frames bytes, characters, words ASCII, bit string, short int

3 major frames minor frames numbers, strings, minor frames

4 format families major frames paragraphs, major frames

Table 1. Examples of 1 to 4 dimensional formats

Figure 1      An example of a 3 dimensional format.

Addressing Elements of a format may be specified in sequential mode or random mode.
In the sequential mode, the address of an element is assumed. In the random
mode, element addresses have to be explicitly specified.

Another set of key attributes are those defining the layout structure of a format and
characteristics of elements.

Regions Contiguous or non-contiguous sub-space, called Regions, may be defined
for a format. Regions are used to specify fixed columns, subcommutated
words, and virtual channels for embedded telemetry or packet telemetry.
The system allows the user to specify locations either in the coordinate
system of the format or the coordinate system of a region within the format.



A coordinate transformation function is provided to translate format
coordinates to/from coordinates within a region.

Layout A format layout is defined by a list of element definitions. Elements or
regions defined in the layout are called Fields. Since (N-1) dimensional
elements and N dimensional subspace, i.e., regions, are themselves format
objects, a format may be defined recursively by defining its fields.

3.1.2 Standard Operators

There are over 50 standard operators defined for the FORMAT data type. Most users will
probably never use these operators directly. Instead, they will use tools provided by the
system to manipulate format objects. Only system tools utilize these operators.

The 50+ operators can be classified into the following four categories:

C constructor and destructor used to create and delete formats
C operators for setting format attributes
C operators for extracting attribute information
C utility operators, e.g., coordinate system translator

3.1.3 Subtypes

Commonly used formats can be defined as subtypes of FORMAT. The system provides a
set of standard 1 and 2 dimensional format subtypes including:

C logical of various sizes (1-8, 12, 16, 18, 24, 32, 36bits)
C characters (7 and 8-bit ASCII)
C unsigned numbers (8, 12, 16, 24, 32, and 64-bit big-endian or little-endian)
C signed numbers (1’s and 2’s complement)
C floating point numbers (32 and 64-bit IEEE)

In addition, the TFM system supports inheritance. The user can define his/her own
subtypes and derived types. Formats of any system/user subtypes can be instantiated and
be used in the definition of other formats.

3.2 Tools

The system provides a set of integrated tools that work with the format data base or with
individual formats. Figure 2 shows the data flow of the system.



Figure 2.     TFM System Data Flow

3.2.1 Format Manager

The TFM system has a simple object-oriented data base manager. It manages multiple
formats and multiple versions of a format. Each format is identified by the format name.
Each version of a format is identified by its creation date and the last modification date.
The system does not automatically create new versions of a format unless it is requested
by the user.

The format manager allows the user to create new format data base and move formats
between data base. The system also manages subtypes and allows the addition and
deletion of subtypes within a data base. A browser is provided for viewing attributes and
information about selected formats or for viewing summaries of all formats stored in the
data base. This tool provides quick access to information stored in the format data base.

3.2.2 Format Editor

The editor is the most important tool of the system. A sample display of the format editor
is shown in Figure 3 which contains data extracted from [GE 83]. The editor supports four
methods for defining format layout and field attributes:

C direct key in
C copying from another format
C instantiation of a predefined format subtype
C linking to another format

The first two editing methods are self-explanatory. Instantiation of a predefined subtype
creates a format with its layout and field attribute values as defined by the subtype. Unlike



copying from another format, the value instantiated from a subtype changes as the
definition of the subtype changes. When the change of subtype definition causing errors in
a format definition, the user has to resolve these errors and maintain the format
consistency. However, subtypes are supposed to be well defined and rarely changed.

Linking is a special mechanism provided to support concurrent development of different
parts of a format. Linked format definitions may be incomplete and inconsistent. The
automatic format consistency check may be turned on or off by the user. The user can
continue to work on linked formats with known errors.

Figure 3.     Format Editor Display

3.2.3 Format Verifier

The format verifier allows the user to check a format against a set of design rules for
possible design violations. This is a very useful tool for checking format consistency when
developing large and complex telemetry formats. Currently, the tool will check for
following errors:

C missing or incomplete attribute definitions
C dimension and size inconsistency
C duplicate names
C missing or undefined subtype references
C locations with multiple definitions
C incomplete field definitions



3.2.4 Format Reporter

The system provides a report tool which can generate several standard reports for selected
formats in the data base. Each report supports several user configurable parameters for
report customization. For example, the layout report can display the layout of a format in
units of bits, words, or minor frames for any selected range of the format.

Reports may be routed to a printer or a disk file. After a report has been routed to a disk
file, format information may be extracted for exporting to other development and analysis
tools.

4. Theory of Operation

This section describes how to use the TFM system to support various development
methodologies.

4.1 Top-down Development

The TFM system supports the top-down methodology by allowing one to define a format
starting at the top level specification and recursively down to lower level details. A format
will be completely defined when all its lowest level fields are defined. This approach
provides one a much stronger control over the structural and organizational consistency of
a format definition.

4.2 Bottom-up Development

The TFM system also supports the bottom-up methodology. The system allows one to
work on details of lower level formats first. A higher level format definition can be
specified by using lower level formats as fields of the top-level format. This approach
allows one to design or experiment with building blocks used in defining the high level
format.

4.3 Multi-methodology Development

During the life cycle of a development, one may have to utilize multiple methodologies and
to be able to move from one methodology to another depending on the focus of the design
at that time. The TFM system supports multi-methodology development.



For example, let’s consider the format shown in Figure 4. A hybrid telemetry format is
used in this example. Within the Time Division Multiplexed top level format, region 2
defines an embeded virtual channel used for transfer packetized telemetry data from two
instruments.

The format consists of three concurrently developed components: the top level, region 1,
and packet formats used in region 2. The top level format and region 2 format are
developed using the top down methodology in one development activity. The region 1
format is linked to the top level format and is developed concurrently using the bottom up
methodology. Region 2 instrument packet formats are developed in the third development
activity. The TFM system can support all three development activities concurrently and
also support the integration of formats generated from the three activities.

Figure 4   Multi-methodology Development of a Hybrid Format.

5. Summary

The TFM system is designed utilizing advanced OOD concepts. The system defines an
abstract data type for telemetry formats and provides a set of integrated tools for
automating key tasks associated with the development of telemetry formats.

A prototype of the TFM system is implemented in C++. The system runs on IBM/PCS
under MS-DOS and will be ported to run on Sun workstations under UNIX. The system
can be interfaced to other telemetry systems. For example, an interface to Eidel’s EE315
PC/AT based PCM decoder system for generating signal definition files, i.e., SIG files
[EE 90], has been developed.
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Abstract

Three-dimensional images produced by film or analog television have
been used for bomb scoring by triangulation for many years. Use of
solid-state imaging devices and digitization of analog camera outputs can
improve the accuracy of such measurements, or make accuracy lower or
(worst of all) of random accuracy if interpreted incorrectly. This paper
examines some of the issues involved, and tabulates the maximum accuracies
available for a given system.

1   Introduction

Motion picture film was the original medium of choice for bomb-scoring and miss-distance
calculation. Developed film from several cameras is observed one frame at a time, and the
position(s) of the object(s) of interest in the frame with respect to one of the corners are
recorded, along with the azimuth and elevation angles of the camera pedestal. This data,
along with the exact geographical locations (latitude, longitude, and altitude) of each
camera allows calculation of object paths and miss distances through trigonometry. Bomb
scoring is a more limited application of this technology, since the cameras used are in fixed
positions, and need not track the target since the target itself is fixed. In such a system, the
horizontal distance (actually an angle) between the target and the impact point as viewed
from two or more angles is the only data of interest. Geographical positions need not be
known, and the camera positions are expressed in two-dimensional numbers in an arbitrary
grid with its origin at the target.

Use of television instead of film has several advantages, not the least of which is that
providing such data in “near real time” is a possibility—allowing the test conductor to tell
the pilot how to optimize his aim on the next pass. In this paper, we will examine the
methods that can be used to make such measurements, and the accuracies that can be
expected.



 Hence “the bomb impacted 22 feet from the target at an azimuth of 243 degrees”, or “the1

bomb impacted 20 feet to the left and ten feet ahead of the target”.

2   Notation and Coördinate System

A bomb-scoring system involves a two-dimensional set of gridwork with a target at the
center. Aimed at the target from a ground perspective are two or more cameras, each of
which has some indication of the target’s location near the center of the horizontal field of
view, and the ground at the target near the lower edge of the field. As a bomb falls and
contacts the ground within the field of view, the horizontal distance (as a fraction of the
full screen width) between the target and the bomb is measured and noted. Distance
between the camera and target is noted as D , D  etc., where the number is the camerar1  r2

number; horizontal distance between the target and the bomb is represented as R, with R
expressed as a polar or rectangular vector quantity.  The angle between the target and1

impact point for any camera is denoted as 2 , where n is the camera number, with negativein

values for an impact to the left of the target and positive values to the right.
The units of measure used in this paper are feet and degrees, but the user is at liberty to

imagine any units of measurement of angle and distance.

3   Mathematical Basis

There are two arrangements which can be used for bomb scoring as described above. One
is based on two or more views that are taken from cameras that are close together and
separated horizontally (which would create a 3-D image if viewed properly), and the other
more common method is based on two or more views taken from cameras that are widely
separated.

Since the grid system for the bombing range is arbitrary, it is assigned such that the
y-axis is positive along the flight path. If polar notation is to be used, azimuth is then taken
as being in a clockwise direction; for cartesian coördinates, the x-axis is positive to the
right of the y-axis. In either case, distance to the target from the camera is known, as is the
position of each camera in the system used.

Distance from one horizontal edge of the picture to the other depends upon the distance
from the camera—the width of the picture is actually an angle. The horizontal angle
received by a camera depends on the focal length of the lens, which is never precisely
known, and the extent of the horizontal sweep of the pickup tube (or film, for that matter).
Lens focal length and camera position are selected so that the camera can see the entire
possible impact area, so these factors vary. Usually cameras are positioned in such a way
that they are never along the flight path, just in case a bomb accidentally falls off.

To calibrate each camera system, the angle between the edges of the display must
therefore be measured, normally done by measuring the distance between two points at the
edges of the picture, with each of those points equidistant from the camera. Actually, any



 Note that the target need not be at the center of the screen. In general, the edges of the2

picture are set at the edges of the bombing range, and the target is near, but rarely at, the center
of the screen for any camera.

 In general practice, the cameras are never distributed over an arc greater than 180E3

because of the disorientation to a viewer observing the same event from both sides; this is the
same arrangement used in television coverage of football, for example.

two points will do, but greatest accuracy is afforded by using the edges of the display. This
measured distance D  is then converted to an angle, 2 , where n is the camera number. Inwn       wn

general, the 2 ’s will be different for each camera, even if identical cameras and lenseswn

are used. Knowing the 2  for each camera and the distance between the target and impactwn

point allows calculation of 2  by proportionality.  A typical range setup for a singlevn
2

camera is shown in Figure 1, below.

Figure 1: System View, Single Camera Perspective

While a single camera produces a single angle, two such measurements must be made
to locate the impact point in space. In practice, more than two cameras are used, with the
two values of 2  which have the largest absolute values used for calculation. Positioning oftn

the cameras is such that the entire range (drop zone) is covered by at least two cameras at
all points, and (unless 3-D display is desired), the cameras are as far apart as possible.3

To solve for the unknown target position, the angles between the target and impact
point for two cameras are used. If more than two cameras are used, the most accurate
results can be derived from those two cameras with which the largest angle is produced. In
the case of the example shown in Figure 2, this would be the angles produced by cameras
one and three.



Figure 2: System View, Multi-Camera

As seen in Figure 3, two large triangles can be drawn, both with a line connecting
cameras one and three, and with two vertices—one with the target, and one with the
impact point.

Figure 3: Triangulation for Solution for Impact Point



 The law of cosines is a  = b  + c  ! 2bc cos A, where a, b, c are sides opposite angles4      2  2  2

A, B, C.
 The law of5

sines: 

To determine the lengths of lines OA (called D ) and OB (called D ), the coordinatesr1     r3

of the camera positions are used:
(1)

and
(2)

 Similarly, the distance AB is given by

(3)

and the angles of triangle OAB can then be solved for by the law of cosines  as4

(4)

(5)

The angle made by the line OA in the defined coordinate system is

(6)

and the angle may be negative. The angle to at least one camera for each solution must be
known.

All these values can be calculated and stored beforehand. When an impact occurs at
point I, the triangle IAB is formed. Length AB is known from before, and angles 2 , andt1

2  are determined from the data. In the example shown, both 2  and 2  are negative,t3           t1  t3

decreasing the angle at point A and increasing the angle at B due to geometry. Knowing
the values of one side and two angles, the law of sines  can be used to calculate the length5

of line AI or BI (only one need be calculated). Finally, knowing length OA, and having
determined angle 2  from data, the law of cosines is again applied to determine line lengtht1

IO as

(7)
where the distance D  is the magnitude of the miss distance.OI



Then, since D , D , and 2  are known, angle AOI can be calculated using the law ofOA  OI   t1

sines and the fact that a triangle’s interior angles add to 180E:

(8)

so the angle between the target and the impact point, 2 , is the algebraic sum of pOAmiss

and pAOI. The space position of the impact point in cartesian form may then be solved
for, using

(9)

(10)

which are two equivalent forms of the desired solution. While many of the above steps can
be combined, there is no particular advantage in having a computer perform one complex
calculation or a number of simpler ones, and the intermediate results obtained may be of
some use.

4   Data Transfer

Whether the film is observed on a small rear-projection workstation, or the television
picture observed on a monitor, an operator examines the frame which shows the bomb’s
initial impact and measures and enters the position of the impact point and perhaps the
target into a computer (perhaps one punched card is produced for each frame). In
electronic analysis, the horizontal line or lines of interest are observed for level changes.
Since the objects observed have finite widths, distance to the left side, right side, and
center differ, and the exact position of either edge is more readily observed than that of the
center, so the left edge is commonly used. Resolution of this edge is imperfect in any
system as well, for a number of reasons.

5   Television vs. Film

Several differences exist between film and television, whether the television signal is
“live” or on tape. First, the possibility of a “live” television observation of an event is
possible, while film produces a picture only after the film is retrieved and taken to the
drugstore for developing. Analysis of film requires projection on a screen and
measurements taken of the distances between the target and dropped bomb, and
transcription of that data; a television picture requires a monitor to allow viewing, but
could at least in theory use some electronic reader to perform the desired measurement.
Film frame rates can be anything, however, and television rates are pretty much fixed at



 The term “picture” refers to a single field of a television signal, from an interlaced or a6

noninterlaced original. The 2:1 reduction in vertical resolution is of no consequence in this system.

59.94 pictures  per second for color systems and 60 pictures per second with black-and-6

white. If a geophone were placed near the target, the moment of ground contact could be
made to mark the soundtrack of either medium; a television signal can be electronically
analyzed to determine a change in the scene, and the picture automatically tagged. Since
television pictures occur once every 16 2/3 millisecond, the likelihood of one picture
showing the bomb before impact is slight and the likelihood of two or more showing the
bomb in flight is even lower. If this is a consideration, the electronic examination of the
picture can take into account only those lines associated with the ground.

Assuming that optics are used which are better than the resolution of the film or
television pickup, accuracy of measurements is limited by the film or television medium
itself. While film has no theoretical resolution limit, the limits of the television medium are
fairly easily categorized.

6   Limitation of Television Signals

While a television display is two-dimensional (height and width), only the resolution in the
horizontal direction has any significance in the type of bomb scoring described here. The
nature of those limitations, and ways to mitigate them are discussed below.

6.1 Sweep Linearity

A television picture is generated by either a tube surface onto which the scene is focused
and read by an electron beam, or an integrated circuit matrix of light-sensitive diodes
which are polled by a pointer duplicating the motion of the swept electron beam in the
tube. While ideally the horizontal and vertical velocities of the scanning beam in the tube
are everywhere uniform, they are not. As a result, even if displayed on a perfect display,
objects which were evenly spaced in the original scene will appear unevenly spaced on the
display. The nature of this sweep nonlinearity may be described by a simple curve or
something more complex, and may vary with the tube’s temperature and age, and with
interference from things like power supply hum. A solid-state imager’s linearity is
controlled by the accuracy with which the mosaic was etched (normally high accurate
enough to be considered perfect), and by the stability of the oscillator with which the
picture information is stepped, use of a crystal-controlled clock can reduce this effect to
negligability. This effect can be seen with film as well, and pertains to curling of the film in
the recording and playback mechanisms, and elasticity of the film base; the effects are far
more random and less predictable than with television signals.



 Liquid-crystal displays are essentially linear, but are seldom used.7

6.1.1 Display and Channel Nonlinearities

Even with a perfectly linear sweep, of course, sweep nonlinearities are produced by most
displays,  and by the record/reproduce process. Velocity-error compensation devices7

introduced to stabilize the color subcarrier often exacerbate horizontal linearity problems.

6.1.2 Fiducial Marking

If a pickup device is hit by too much light under some circumstances, the picture generated
by the pickup will retain the overload marks thereafter. This is normally considered a
disadvantage, but the same mechanism can be used to advantage in bomb-scoring systems
and the like, where measurement is of primary importance and aesthetics secondary.
Intentionally burning calibration marks into such a pickup will thus produce a ruler with
divisions much smaller than one screen width, between which shorter distances can be
interpolated with considerable accuracy even in the presence of nonlinearities at any step
or steps in the chain. [1] These marks, called fiducials can be placed in vertical and
horizontal positions on the screen where their interference with picture content is unlikely.
The width and number of the fiducials is governed by the resolution available in the system
and the severity of the expected sweep nonlinearities.

6.2 Grayscale Nonlinearities

Grayscale nonlinearities are of no consequence in a system such as that described here.
Systems which limit the number of grayscale steps must have the steps close enough to
identify the target and impact points, and the step size should not interact with the
background in such a way as to cause parts of the picture to flicker by toggling between
two nearby steps. This is seldom a problem in practice.

6.3 Bandwidth

The bandwidth of a “standard” NTSC television picture for broadcast transmission is
limited to about 4.2 MHZ, although there is no bandwidth limitation for any other use.
Since the aspect ratio of a television picture is 4:3, the bandwidth should be about 6 MHZ
so that the smallest displayable picture element is a dot rather than a dash. Many
closed-circuit instrumentation systems have bandwidths of 10 MHZ or more, and
horizontal resolution is consequently ultimately limited by the pickup and display devices.
Most videotape recording methods produce bandwidths far lower (on the order of 1.5-3
MHZ). Increasing the number of “lines” in a picture for a given bandwidth actually lowers
the resolution in the horizontal direction, so use of such systems is contrary to what is



 NTSC standards trace back to vacuum-tube circuits circa 1939, when pulse durations8

were timed with one-shots rather than by counting down from the master clock, and thus have
fairly wide tolerances.

 To further complicate the issue, these two rates can differ.9

needed for highest accuracy in bomb scoring. For a tube-type system limited solely by
bandwidth, a brightness transition can take place at any point, with a risetime equal to
1/2Bf. The “active” display time of a horizontal line is nominally  51.6 Fsec, hence in a8

4.2 MHZ system, a risetime of 5 x 37.9 nsec takes place over 0.37% of the sweep; this is a
fair measure of the maximum resolution attainable for a scanning beam width infinitesimal
in size. For a scanning beam with width on the order of the height of a line, such a
transition will take 1/640 of the line duration, or 0.15% of the sweep. As a consequence,
increasing the system bandwidth beyond about 9 MHZ will not improve resolution unless
the horizontal dimension of the beam is decreased.

6.4 Slew Rate

A “real” video system is limited not only by bandwidth, but by the rate at which the
scanning beam can change brightness from black to white or white to black.  One measure9

of system performance is “lines of resolution” which is affected both by the system
bandwidth and slew-rate limits—such limiting resolution is the number of brightness
changes perceptible in the horizontal direction which can just barely be perceived.
Operation near this limit presents a problem to a human or a machine, because some
threshold needs to be established beyond which a data point may be assumed. This is
further complicated by searching for such a variation in a background that may not be
entirely “flat”.

6.5 Noise

Noise introduced at any point affects picture brightness in such a way as to make some
point on the display brighter or darker when scanned at one time than when scanned
another time. The nature of most types of noise is gaussian, meaning that the magnitude of
the noise (but not its polarity) has an average “expected” value, although this value is
exceeded at least some of the time. To avoid the effects of noise, the threshold or change
for any point on the picture that will be used to indicate that data is present should be at
least three times this average noise value. A human can often read data in the presence of
extreme amounts of noise, but to do the same thing with a machine is difficult.



 No matter how accurate an automated system is, false triggering will reduce confidence10

in the system when it reports an impact when none has occurred.
 As an interesting aside, geophones used in groups do not make particularly good11

scoring systems because different underground masses have different sound speeds and echoes
occur at points where masses change.

 A standard NTSC receiver is incapable of resolving pixels this small and hence gives the12

appearance of being continuous. A VGA computer has 480 x 640 pixel resolution, for comparison
purposes.

6.6 Illuminant Changes

The light seen by a camera (be it film or television) is the light reflected by, passing
through, or emanating from objects in the scene. Any rational arrangement for bomb
scoring will consist, at least principally, of light reflected from most of the scene. If the
source of illumination changes in brightness, evenness, or color between pictures, the
resulting changes may be interpreted as data when data isn’t there. While the changes due
to sun angle and cloud cover are gradual, the shadow cast by the aircraft dropping the
bomb, or the aircraft itself passing through the scene are not. For these reasons, use of
some external marking on the audio track (voice annotation, geophone, etc.) is necessary
in automated systems to prevent false triggering.  The geophone arrangement has the10

additional advantage of marking when impact has occurred, thus eliminating from
consideration any pictures where the bomb is visible but has not yet made ground
contact.11

6.7 Pixillation

Television as originally invented involved analog circuits coerced into doing digital things
with the minimum number of tubes. While transistorized systems and digital technology
are compatible with the analog standards, there are differences. While the brightness
voltage as rendered by a tube-type pickup can change anywhere along the line, limited
only by bandwidth, slew rate, and scanning dot size, a solid-state pickup consists of a
countable number of “pixels”, and brightness changes may only take place between them.
Assuming (as is usually the case) that the frequency response and slew rate limits can be
reduced to insignificance, the minimum resolvable distance between two objects on a
horizontal line is the reciprocal of the number of pixels on the line. In a system with, say,
640 pixels per line (which would generate a square pixel in an interlaced NTSC system) ,12

hence a change occurring between two pixels will be resolved in I/640 of the sweep and
any change that occurs wholly within a pixel will be resolved entirely over twice that
distance and observable as a partial change in the pixel within which it occurs, and
completely resolved on either side. As a consequence of this, the value of the middle pixel 



can be used to interpolate the location of the change to I/10 pixel or so, depending on
system noise. As a result, a square 640 pixels-per-line system has about the same
resolution as a 9 MHZ continuous system.

Pixillation can also occur if a continuous source is time sampled for the purpose of
processing in such things as time-base correctors or digital recorders. Even if the signal is
continuous, comparison to an electronically-generated marker which has finite-sized steps
produces much the same effect. Again, interpolating between steps of such crosshairs can
increase the resolution available.

Nothing prevents use of systems which have pixels narrower than their height, or use of
systems with square pixels that use two or more pickups with their pixels interleaved in the
horizontal direction and the necessary logic to raise the resolution accordingly. Such
systems are ultimately limited by the bandwidth and slew rate of the circuits between the
pickup and the display.

6.8 Pixel Stagger

If the pixillation of the image is done by the encoder or other processing equipment rather
than by the pickup itself, the size and location of the pixels are arbitrary. If the number of
pixels on a line is fixed by bandwidth or channel capacity considerations, the positional
resolution of any object at least two lines tall can be increased by staggering the pixels like
bricks, as shown in Figure 4.

Figure 4: Effect of Pixel Staggering

The alternating lines which have the offset pixels can either contain one less pixel than
the lines which start at the “normal” unblanking time, or as shown here the blanking time
for staggered lines can be delayed by half a pixel. In either case, the likelihood of a
transition occurring between the pixels on one of the lines is doubled, increasing positional
resolution without resorting to gray-scale evaluation.



 A similar situation occurs when a color signal is fed to any system which expects a13

black-and-white signal, since the color subcarrier is not in the same location from line to line.
 If more than two views are involved, they are still displayed two at a time.14

 “It came from Outer Space” is available for home viewing in that format.15

6.9 Double Pixillation

When an image contains elements which repeat at a constant rate which is near the pixel
rate of a pixillated source or a continuous source which is pixillated for processing, a
moiré pattern is generated whose intensity may be greater than the intensity of objects
within the picture. A similar effect is caused by taking a television picture, especially one
with lots of activity in the horizontal direction, and feeding that picture as an analog signal
into a system which pixillates the incoming signal at a different rate or in a different phase
than the original was generated. This double-pixillation effect can be removed (or
minimized) by lowpass filtering of the signal between the camera and the processor, or by
analog trapping of the offending frequencies.  Both of these actions are anathema to the13

desire for maximum resolution. Consequently, pixillated originals should be treated as such
on a 1:1 basis by the digitizing gear.

7   Three-Dimensional Images

Color images differ from three-dimensional black-and-white images in several ways.
Among these are

1. Color signals require three views of the same scene, each as seen through a color
separation filter; offsets between object positions in the three separations are
unintentional. Three-dimensional signals consist of two (usually)  views of slightly14

different scenes; offsets between the objects are the desired information.

2. While the color differences (and thus the “chrominance”) of a scene is generally
quite small, it doesn’t have to be and sometimes isn’t. To make any sense, the
shapes of objects between the scenes in a three-dimensional image and their offsets
should be small or the picture formed won’t make sense.

3. Color differences are not perceived by the eye with much acuity, i.e., color “blobs”
suffice. Edge differences in three-dimensional images must be as sharp as the
images are to convey any information.

As a consequence of this, use of, say, the red and green channels of a color TV channel for
sending two views intended to be a 3-D image is suitable for entertainment purposes,  but15

a different scheme is required for instrumentation and metric video.



 This two-color mode of display is not limited by bandwidths as is the NTSC-encoded16

version discussed above.

Because the difference between the two views is “sparse” when the cameras are
aligned properly (identical views at infinity), the adaptive/predictive delta code generates
one bit per pixel (for “don’t change”) for much of the scene. In the HORACE digital
protocol[2], the number of pixels per line can be higher in the difference channel than in
the sum channel to increase accuracy. HORACE video decoders not equipped with the
3-D decoder display a single picture made from the sum of the two camera signals, hence
even such a decoder can be used for setup of the 3-D system, even though it cannot
display it in 3-D.

The decoded 3-D signal consists of two views intended for display on two monitors or
on two colors of in RGB monitor for viewing with color separation glasses.  For16

electronic analysis, the separation signal may be used directly, or the two television signals
compared.

8   Conclusions

While use of television systems, especially digital systems with limited resolution
compared to traditional film methods, may appear to be less accurate and thus not an
improvement, but the advantages of rapid—essentially real-time—calculation of miss
distances, especially by automated means, appear to outweigh any disadvantages. Digital
television interfaces can be used to provide security for such data and pictures without
substantial loss. Lower raw material costs and operator time per event make such systems
more cost effective, and the possibility of creating “hard copy” still exists. Consequently,
television systems have replaced many existing film-based scoring systems already and the
trend is likely to continue.
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Abstract
A telemetry system designed to photograph and transmit views of a

working recovery system. The system utilizes a 5-inch diameter vehicle fitted
with a 1/1000-second electronically shuttered video camera and a wideband
telemetry transmitter with a pulse code modulation [PCM] signal sent via a
second radio frequency [RF] channel.

1   Introduction

Test engineers have always desired a way to see the close-up movement of distant
devices under “real” operating conditions.[1] Until recently, test engineers have had to
depend on long range, ground-based, chase plane, or occasionally on-board film
cameras. With the advent of low-cost solid-state television cameras, the Naval Weapons
Center [NWC] at China Lake has extracted video data from an in-flight supersonic 5-inch
diameter Sidewinder missile.

2   Requirement

The requirement to develop a recovery system for the Sidewinder guidance section was
tasked to the Aerosystems Department at NWC. The Naval Weapons Center and the
Aerosystems Department were instrumental in the development of the current Sidewinder
telemetry systems and are continually involved in updating and improving the efficiency of
the systems. The concept of recovering a portion of the missile has both economical and
technological benefits. Current telemetry systems can now indicate what failed, not why it
failed, by use of a recovery system to determine the cause of failures. In addition,
improvements to missile component reliability will be greatly enhanced by the ability to
analyze the data and hardware retrieved by the recovered missile.



    A television field has 240 vertical lines of resolution; “optimum” horizontal resolution is 320 pixels,1

about what can be obtained with a VHS tape recording. A noninterlaced synchronization pattern is
used for best results with still pictures.

3   System Description

The electronic timing and firing circuit consists of off-the-shelf components used in a
circuit design originally intended and used in various parachute recovery packages. For
safety of flight, a standard Sidewinder Safe and Arm [S&A] device was used to prevent
any explosive devices from operating while the missile was attached to the launcher. The
parachute system consists of a drogue chute which is deployed four seconds prior to the
main chute which operates for the remainder of the flight. The video system consists of a
video camera, video transmitter, and antenna as shown in Figure 1.

3.1   Telemetry System

A standard AN/DKT-31 or AN/DKT-58 Sidewinder telemetry system replaces the
warhead unit. For this test, however, a “recovery-type” system was used, which contains
not only the telemetry system, but a parachute recovery package. The telemetry system
contains a 32-channel analog data multiplexer, transmitter, and thermal battery, but no
accelerometers and gyro as found in the standard telemetry units. The telemetry system
registers the timing of events critical to deployment of the internal recovery system, as
well as the missile guidance functions. The television picture returned by the added
system allowed correlation of data to events observed in the picture.

3.2   Video System

The video system is housed in the case normally occupied by the target detecting device
[TDD] for the Sidewinder missile. The TDD housing has windows through which laser
diodes normally detect target proximity, although in most tests the TDD is not actually
used.

3.2.1   Video Camera

The video camera is a standard monochrome type with an internal electronic shutter
operating at 1/1000 second. The rapid shutter is necessary to stop the motion of the
elements in the picture to make an unblurred still field  image 60 times per second. Salient1

camera characteristics are shown in Table 1.



3.2.2   Optics

The video camera lens faces out of the container through a 1-inch diameter window. A
90 degree prism was installed on the exterior of window with optical cement. To reduce
wind resistance, a machined protective shroud (see Figure 2) facing aft was also added.

3.2.3   Video Transmitter

The video transmitter is a standard type intended for analog video transmission in the
1710 to 1850 megahertz [MHZ] bandwidth with 2 to 3 Watts of output power.
Modification of the transmitter for installation into the restrictive TDD housing consisted
only of removing the rather large power and input connectors and substitution of hard
wiring. The RF output signal was fed through a power divider to two flush-mount
antennas on opposite sides of the container, operated electrically in phase.

Table 1: Camera Characteristics

Pick-up device Interline transfer CCD

Number of active picture elements 542 (horiz) x 492 (vert)

Number of effective picture elements 512 (horiz) x 492 (vert)

Image size 6.4 x 4.8 mm

Scanning method 2:1 interlace or non interlace

Television method 525 lines 60 fields

Synchronizing method Internal or external

Resolution Horizontal: 380 TV lines
Vertical: 350 TV lines

Power 12 VDC @ 250 milliamps

3.3   Power

The original system design for ground and sled testing involved the use of a rechargable
nickel-cadmium [NiCd] battery, however, such batteries were incompatible with the air
launch requirements due to the temperature extremes expected, and because of the limited
amount of operating time available. The television system battery was activated
immediately prior to launch by the same circuits that fire the telemetry and guidance
system batteries.



For air launch testing, 12-volt power for the camera and 28-volt power for the
transmitter were provided through an umbilical connection to the aircraft prior to
deployment and thereafater from a thermal battery with the dummy fuze case. Due to
relatively low power draw from the camera (250 milliamperes), power was provided
through a 7812 series regulator, with the regulator thermally connected to the system case.

3.4   Parachute System

The parachutes were pressure packed and released in proper sequence by electronic
timers firing cable cutters and exploding bolts.

3.5   Video Receiver

A special-purpose receiver manufactured by Emhiser Research with the telephone
network standard of 70 MHZ intermediate frequency [IF] was utilized for testing. Due to
the bandwidth used by the video signal (20 to 30 MHZ), standard telemetry receivers
which have a final IF of 10 or even 20 MHZ could not be utilized.

4   Ground Testing

Various tests were performed at the Naval Weapons Center Supersonic Naval Ordnance
Research Track [SNORT], including deployment of the speed brakes at supersonic
speeds. The 2 square-inch speed brakes were constructed of a hardened steel alloy with a
lead extrusion system to slow down the deployment, preventing the brakes from shearing
off with the initial loading shock. The SNORT tests included photo and video coverage
which proved that the system functioned successfully during ground testing.

5   Flight Testing

The objective of flight testing was to test the recovery system and speed brakes traveling
well above supersonic speed and operating at 5,000 feet above ground level. The system
proved successful and provided useful data in one successful deployment and one
unsuccessful deployment. Figure 3 shows the recovered video launch aircraft as seen
from the departing missile. Figure 4 shows the recovered video of speed brake
deployment.

6   Future Systems

The video system built for this project showed us that commercial equipment can be
modified for use in military test applications. Since the system described here was built
and flown, smaller cameras and cameras with detached heads have become available,



both of which have been used in subsequent applications. The Sidewinder missile is only
5" in diameter; other candidate missiles are generally larger, simplifying the design.

Combining the video and telemetry signals with the telemetry signal on a subcarrier can
eliminate one transmitter and has no significant effect on the video signal bandwidth,
although the 4.5 MHZ ±25 kHz subcarrier used in commercial broadcasting is not a good
choice. A good choice appears to be 7.5 MHZ, with a deviation on the order of ±500 kHz
or so. Receivers can be made with an internal discriminator for this subcarrier provided,
or a tunable discriminator at the ground station can be used. The greatest difficulty
appears to be in convincing the ground station operators to provide the correct wide IF
even with receivers equipped to handle them.

When encryption or lower transmitting bandwidths are required, use of a video
digitization system such as HORACE[2, 3] is required. In such cases, telemetry data is
combined with the digital data into a single encrypted digital bitstream.

Color pictures can be dealt with by sending a composite NTSC color picture in the
analog case, and in a number of ways with higher and lower color resolution with digital
transmission. Miniature color cameras can be the same size as black-and-white cameras,
but generally require more support circuitry and produce a lower-resolution monochrome
image.

Future uses may also include systems with frame rates greater than those of standard
television to capture rapidly-occurring events.
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Figure 1: Electrical System

Figure 2: Television Camera and Transmitter in Modified TDD Housing



Figure 3: Recovered Video-Launch Aircraft as Seen from Missile

Figure 4: Recovered Video-Speed Brake Deployment
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ABSTRACT

As the role of television in the aerospace industry has expanded so has the need for video
telemetry. In most cases it is important that the video signal be encrypted due to the
sensitive nature of the data. Since this means that the signal must be transmitted in digital
form, video compression technology must be employed to minimize the transmitted bit
rate while maintaining the picture quality at an acceptable level. The basic compression
technique which has been employed recently, with successful results, is a combination of
Differential PCM and Variable Length coding (DPCM/VLC). This technique has been
proposed to the Range Commanders Council to become a possible standard.

The purpose of this paper is to compare the basic DPCM/VLC technique with alternative
coding technologies. Alternative compression techniques which will be reviewed include
Transform coding, Vector Quantization, and Bit Plane coding. All candidate techniques
will be viewed as containing four elements -- signal conditioning, signal processing,
quantization, and variable length coding. All four techniques will be evaluated and
compared from the stand point of compression ratio and picture quality.

SYSTEM OVERVIEW

Figure 1 is a block diagram of a generic secure video telemetry system which transmits
TV from an airborne platform to the ground. The encoder/decoder reduces the bit rate of
the transmitted signal while maintaining high output picture quality appropriate for the
mission. There are several system reasons that the transmitted bit rate should be
minimized.



- minimize transmitter power
- minimize channel bandwidth
- permit encryption
- maximize range of the airborne vehicle

The input video signal is highly compressible due to its inherent redundancy within the TV
frame (spatial) and from frame to frame (temporal). This paper deals only with spatial
redundancy since intraframe compression is a mature technology which is applicable
today as well as the future. The remainder of this paper examines four particular
compression techniques and compares their performance by means of computer
simulation.

VIDEO COMPRESSION TECHNIQUES

Figure 2 is a functional block diagram of a generic compression system illustrating the
various compression techniques which could be applied to video signals. The diagram
shows that any image compressor can be viewed as having four sequential functions:
signal conditioner, signal processor, quantizer, and variable length coding. The purpose of
the signal conditioner is to prepare the input uncompressed signal for the subsequent
coding process. The Signal Processing (SP) function is probably the heart of the overall
compression subsystem. In the case of Predictive Coding the SP performs the prediction
function. In the case of Transform Coding the SP performs the transform function. In
these two particular cases the output of the SP is a prediction error signal and transform
coefficients respectively. In all cases the SP output signal is quantized for transmission.
The output of the quantization process is a series of binary codes or words each defining
a single pixel or block of pixels. These codes are not equally probable, i.e. redundancy
exists. At this point variable length coding (VLC) is employed to reduce this redundancy.
Short codes are assigned to likely events, and longer codes are assigned to unlikely
events. VLC is a lossless, transparent process which does not degrade the coding
accuracy.

SIGNAL CONDITIONING

Signal conditioning techniques are able to be cascaded with each other and with the
subsequent coding techniques. Sub-band filtering could be advantageous because the
signal may have different properties in the various frequency bands which could be most
efficiently encoded by different compression algorithms.

Companding is the name for a general process wherein the transfer function of the input
signal is modified to optimize the following compression process. For example an
AGC-type function may be used to ensure the amplitude of the input signal is adjusted for



optimum compression -- not too small, not too large to cause limiting. This gain
adjustment may appear trivial, but it is difficult to do well. If the input transfer function is
linear it is frequently desirable to modify (compand) the signal so that low level signals are
encoded more precisely than high level signals. This is commonly done to match the
logarithmic characteristic of the eye.

SIGNAL PROCESSING

PCM transmits each pel as an independent sample without taking advantage of the high
degree of pel-to-pel correlation existing in most pictures. Predictive coding is a basic
bit-rate reduction technique which does reduce this pel-to-pel redundancy. Figure 3 is a
block diagram illustrating the basic predictive coding process. A predictor predicts the
brightness value of each new pel based solely upon the pels which have been previously
quantized and transmitted. The predicted brightness value is subtracted from the actual
brightness value of the new pel resulting in a bipolar prediction error signal. This error
signal is quantized, variable length coded, and transmitted.

At the receiver the inverse of the VLC and quantization process is performed and the
decoded error signal is added to the predicted value to form the output signal for viewing.
The output signal is fed to the predictor to be used for prediction of the next pel.
Referring back to the predictive compressor the reader will note that the transmitted signal
is decoded at the transmitter using exactly the same decoding process which is used at the
receiver. The predictive encoder can be viewed as a servo loop which continually forces
the decoded output signal to be as close as possible to the input signal. The predictor can
vary over a wide range of complexities. Predictions can be one-dimensional based upon
the previous pel in the line or they may be two/three dimensional using pixels from the
previous line/frame.

TRANSFORM CODING  -  Transform coding algorithms, generally speaking, operate
as two step processes. In the first step a linear transformation of the original signal
(separated into sub-blocks of N x N pels each) is performed, in which signal space is
mapped into transform space. In the second step, the transformed signal is compressed
by encoding each sub-block through quantization and variable length coding. The
function of the transformation operation is to make the transformed samples more
independent than the original samples, so that the subsequent operation of quantization
may be done more efficiently.

The transformation operation itself does not provide compression; rather, it is a
re-mapping of the signal into another domain in which compression can be achieved more
effectively. Compression can be achieved for two reasons. First, not all of the transform
domain coefficients need to be transmitted in order to achieve acceptable picture quality



for many applications. Second, the coefficients that are transmitted can be frequently
encoded with reduced precision without seriously affecting image quality.

Transforms that have proven useful include the Discrete Cosine, Karhunen-Loeve, and
Walsh-Hadamard, Fourier, Haar, Slant, and Affine transforms. The Karhunen-Loeve
transform (KLT) is considered to be an optimum transformation, and for this reason
many other transformations have been compared to it in terms of performance. The
Discrete Cosine Transform (DCT) is one of an extensive family of sinusoidal transforms.
The DCT has been singled out for special attention by workers in the image processing
field, principally because, for conventional image data having reasonably high inter-
element correlation, the DCT’s performance is virtually indistinguishable from that of
other transforms which are much more complex to implement.

The first step in the coding process is to determine which coefficients are to be
transmitted and which are to be deleted. In general most of the energy is contained in the
low frequency coefficients with relatively little signal strength in the high frequency
coefficients. In Adaptive Zonal Coding the coefficients are transmitted in a zigzag
sequence. A threshold is established and a decision is made to truncate the zigzag
sequence at the point where the coefficient amplitude falls below the threshold. An end-
of-block code word is transmitted indicating where the coefficients are truncated. The
final step in the coding process is to quantize and assign variable length codes to those
coefficients selected for transmission. Two types of distortion appear in transform coded
pictures: truncation error and quantization errors. Quantization errors are noiselike
whereas truncation errors cause a loss of resolution. In practice the truncation threshold
and quantization precision must be adjusted experimentally to achieve the maximum
compression and acceptable picture quality.

BIT PLANE CODING  -  Most picture coding techniques are inexact in that they do
not usually transmit an exact replica of the original PCM picture. Bit Plane Coding (BPC)
can be a lossless coding technique which exactly reproduces the input image. BPC
requires the storage of a least one complete scan line at the transmitter prior to encoding
and at the receiver after decoding. Consider the case where a four-bit PCM image is to be
transmitted. In BPC, the four bits for all of the pels in a scan line are not transmitted pel
by pel, but sequentially in accordance with the coding precision. First, all of the most
significant bits of all the pels in the line are transmitted. This is defined to be the most
significant bit “plane.” Then, the second most significant bit plane is transmitted, and so
on until all four bit planes are transmitted. Bit-rate reduction is achieved because each
plane is encoded for transmission by using a binary image compression technique. At the
receiver, all planes are reassembled in the normal multibit-per-pel word structure such that
the image can be printed pel by pel.



QUANTIZATION

As shown in Figure 2 the input uncompressed signal is typically already digitized or
quantized, and therefore all subsequent processing is usually accomplished by digital
means. The basic quantization process discussed in this section is that digitization which
is performed as part of the coding process. For example in the case of predictive coding
(Figure 3) the input to the quantizer is a bipolar signal which represents the error between
the predicted and actual signals. In this case the quantization is usually non-linear with
small errors being encoded more precisely than large errors. In many cases a compression
system may employ more than one quantizer. If the system can/must reduce the
transmitted bits/pixel, a low precision quantizer is employed, while a more exact quantizer
is employed when other conditions prevail.

The common quantization process is defined as “scalar” in the sense that the magnitude
of a single pixel or transform coefficient is quantized. An alternative quantization process
is vector quantization where more than one pixel or coefficient is simultaneously quantized
as a vector. For example, if two pixels, each defined by 3 bit PCM, are vector quantized a
single “vector” having 64 possible values is transmitted rather than two scalars each
having 8 possible values.

VECTOR QUANTIZATION  -  Vector Quantization begins by dividing an image to be
transmitted into rectangular blocks of pixels. The transmitter compares each block with a
large library of typical blocks, called a “codebook,” and selects the library block that best
approximates the block to be transmitted . The transmitter then encodes and transmits the
index to the selected library block. The receiver, equipped with a copy of the codebook,
decodes the index, retrieves the selected library block and inserts it into the output image.

In all the variations of Vector Quantization there is a trade-off between image quality and
data compression. In the theoretical limit of zero distortion, the codebook would contain
vectors representing all possible blocks. An exact match would always be found.
Distortionless transmission would, however, entail an enormous codebook and little data
compression, even with optimal coding. At the other extreme, a codebook containing few
vectors (representative blocks) would yield large compression ratios, but poor image
quality. The objective of any Vector Quantization system design is, therefore, to achieve
the best compromise among codebook size, data compression and received image
quality.

VARIABLE LENGTH CODING

Variable Length Coding (VLC) is a technique whereby each event is assigned a code that
may have a different number of bits. In order to obtain compression, short codes are



assigned to frequently occurring events, and long codes are assigned to infrequent events.
The expectation is that the average code length will be less than the fixed code length that
would otherwise be required. If all events are equally likely, or nearly so, then VLC will
not provide compression.

A major advantage of VLC is that it does not degrade the signal quality in any way. That
is, the reconstituted signal will exactly match the input signal so that if the signal is
adequately described by a series of events, using VLC’s to communicate them to the
decoder will not change the events. Therefore the system is transparent to the VLC used.
The disadvantage of VLC’s is that they only provide compression in an average sense.
Therefore, sometimes the code could be larger for a specific section of signal. In the case
of TV compression where pictures are fed to the compressor at a fixed rate (1/30 sec per
picture) this characteristic gives rise to the need for a buffer to match the variable rate of
bit generation with the fixed bit rate of the communication channel, and a control strategy
to prevent long-term overflows or underflows of the buffer.

The Comma Code is the simplest of the fixed VLC’s. The shift and B codes are
examples of more complex fixed VLC’s. The Huffman code is a VLC that provides the
shortest average code length for a given distribution of input probabilities. Conditional
and Arithmetic are examples of adaptive codes where the code automatically adapts to the
data which has been previously transmitted.

TEST RESULTS

Delta simulated the four compression algorithms described above using a general purpose
computer. Figure 4 illustrates the quality of the output images generated by the computer.
As part of the simulation process the compression (bits/pixel) and RMS error
(quantization levels relative to 8-bit PCM) were measured and are summarized in Table 1.
Data is also provided regarding observed subjective quality of the images and comments
on the relative maturity of the implementation technology. It is wise to state the obvious
fact that these simulation results are dependent upon the test image. Nevertheless, it is felt
that this image is representative and therefore a good indication of performance for a
broad range of telemetry applications.

SUMMARY

In summary, DPCM/VLC provides good compression, excellent picture quality, and the
implementation technology is very mature. For example, Delta Information Systems has
implemented an airborne DPCM/VLC encoder in a 12 cubic inch package. On an overall
basis the DPCM/VLC performance is superior to the Bit Plane Coding technique. The
DCT and VQ algorithms provide a higher level of compression than DPCM for the same



picture quality, but the implementation technology for DPCM is more mature. VLSI chips
for the DCT have recently become available to improve this situation. In conclusion,
compression technology has been effectively applied to video telemetry in the past, and
advanced techniques are becoming available to provide improvements in the future.

 FIGURE 1
GENERIC SECURE VIDEO TELEMETRY SYSTEM



FIGURE 2: FUNCTIONAL BLOCK DIAGRAM OF A GENERIC VIDEO
COMPRESSION SYSTEM



FIGURE 3
FUNCTIONAL BLOCK DIAGRAM OF A GENERIC PREDICTIVE

CODING SYSTEM

BITS/ RMS SUBJECTIVE IMPLEMENTATION
PIXEL ERROR QUALITY MATURITY

DPCM 1.5 4.9 Excellent Mature

DCT .5 4.5 Good Less Mature

VQ .75 5.0 Good Minus Immature

Stanag 5000 1.0 14.2 Poor Mature

TABLE  1
TEST RESULTS



(a) Bit Plane Coding (b) Vector Quantization
(c) Discrete Cosine Transform (d) Differential PCM

FIGURE 4: COMPUTER SIMULATION OUTPUT IMAGES

IFT
Since these were scanned from the published paper, they may not accurately depict what the author intended, but the scanned quality does appear to be close to the original.



SYSTEM FOR MULTIPLEXING
PCM DATA WITH VIDEO DATA
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ABSTRACT

When video signals are transmitted in a telemetry system it is usually necessary to
simultaneously transmit other basic data such as temperature, pressure, audio, etc. In
recent years these video/data telemetry systems have been implemented by transmitting the
video through an analog link and the digital data through a parallel separate digital channel.
Most recently it has become practical to transmit video signals by digital means, and this
makes it possible to digitally multiplex the narrowband data with the wider band video.
This results in a large reduction in system complexity since both data streams are
transmitted over one channel rather than two.

This paper describes a particular technical approach to multiplexing data and video which
supports PCM data rates up to 60 kilobits per second. The approach has the advantage that
PCM data is only embedded into the Video data as required. This results in the maximum
utilization of the bandwidth of the transmission link.

An airborne device has been developed which implements the video encoding and data
multiplexing function. The paper describes the general multiplexing concept, the
communication protocol, and the particular implementation. A description of the video
encoding system, including the data multiplexing option, can be found in the “Draft
Standard for Digital Transmission of Television Images” - RCC/TCG 209.

INTRODUCTION

The data multiplexing system takes advantage of the fact that during vertical retrace time,
the video system is not actively encoding video data. This lull in the video encoding
process presents a window during which telemetry data can be multiplexed into the data
stream. In normal operation 240 horizonal lines of video data are encoded for each field of
video transmitted. Associated with each of these video lines is a unique start of line code



and format information that describes the following line. When telemetry data is
multiplexed in during vertical retrace time, it will always be inserted between line number
240 (the last line) of one field and line 1 (the first) of the next field of video to be encoded.
This establishes, in the transmitted data stream, the exact location where the multiplexed
data will be inserted. The multiplexed data line is identified as line number 241 and is
loaded along with the compressed video data into the encoder’s output buffer. This
process reduces the amount of overhead that would be required if the multiplexing were
done outside of the video encoding unit. This data line will be proceeded by the normal
start of line code, a unique format code, 10 bits that identify the length of multiplexed data
and is followed by the data itself. All of this is done by the video encoder. The length of
the data can vary between 1 and 1024 bits long. If multiplexed data is not sent, line
number 241 is simply skipped. The data length is normally preset and a “data ready” signal
is activated by the user to flag the encoder when the telemetry system has collected enough
data to be transmitted. If the encoder is transmitting 60 fields per second and the
multiplexed data length is set to 1024 bits, the multiplexed data rate will be 61kbps.

TABLE I

FORMAT OF DATA STREAM WITH MULTIPLEXED DATA

Line
Number

Number of bits

12 10 X

line 1 sync code format code video line 1
  .
  .
line 239 sync code format code video line 239
line 240 sync code format code video line 240
line 241 sync code unique code length + muxed data
line 1 sync code format code video line 1

The only interface needed to implement the data multiplexing option is comprised of three
TTL level signals. These are “data ready”, “multiplexed data” to the video encoder, and
“data strobe” from the encoder. This establishes a serial interface with a clock and data
and one control signal. The data ready signal flags the video encoder when telemetry data
is ready for transmission. If sufficient data is present to be sent as indicated by the “data
ready” signal the video encoder will furnish the number of “data strobes” programmed in
the encoder as data multiplex length. All of the data strobes will occur during the vertical
retrace time of the video signal being encoded. The strobe rate is 5 MHz. “Data” is
clocked into the encoder on the rising edge of the “Data strobe” signal. If insufficient data



is available for transmission, the user can leave the “data ready” signal at a high level and
the encoder will omit the “data strobes” at the next vertical retrace time.

The effects of multiplexing PCM data along with the video data in general lowers the
resolution of the picture that is sent. There are situations however when the video encoder
has insufficient data to transmit and is forced to add fill bits to maintain the communication
data rate. If the picture being transmitted is highly compressible, multiplexing data will
have little or no effect on the resolution since the encoder would be swapping data bits for
fill bits. At the 60kbps rate, 4.4 bits of overhead per video line would be required. On the
average, this would lower the resolution on only 4 lines of video at the 512 pixels per line
rate.

If a parallel rather than the serial interface is required by the user, the addition of a simple
interface circuit external to the video encoder can be added. Figure 1 is a block diagram of
a parallel interface to the video encoder. This circuit would include a FIFO and a parallel
to serial converter with the FIFO half full output used to control the “data ready” input to
the encoder. Whenever the FIFO is half full the data multiplexing will be enabled. This
circuit can also be used to remove the burst mature of the direct serial interface and allows
the user to load data for transmission with a clock of their choice.

The major advantage of multiplexing narrow band PCM data along with the wideband
Video data is system simplicity. Only one encryption and transmission package is required.
Any data rate up to 60kbps can be achieved by varying the multiplexed data length or by
only entering data when it is available. if PCM data is not multiplexed into the video data
no overhead is required of the video data link. When data is multiplexed into the video
data a minimum of overhead is needed.



FIGURE 1: BLOCK DIAGRAM OF PARALLEL INTERFACE TO ENCODER



    The HORACE black-and-white protocol is in the process of being issued as well be the Range1

Commanders’ Council as RCC/TCG-209.[4]

Color Extension for the HORACE TV Compression Protocol

Sherri L. Gattis, and
James L. Rieger, PE/PTBW

Naval Weapons Center, China Lake, California

May 1, 1990

Abstract

The HORACE protocol[5] was designed as a common medium of
exchange for digitized black-and-white television images at varying
resolutions at bit rates from below 9600 to over 50M bits per second.  At the1

time of the protocol’s creation, “hooks” were added to allow use of the
system to transmit and receive two-and three-color images from an NTSC,
RGBY, RGB, or “S-type” input and produce outputs in the same format, but
those systems remained undefined. Two systems implementing various
features of the extended color protocol have been built and demonstrated by
two different manufacturers, and an effort to standardize the protocol for all
users and manufacturers is underway.

1   Introduction

The HORACE protocol (refines an interchange specification to allow digital transmission
of television images at user-specified data rates and compression mode priorities. While
most of the video sources so far encountered for instrumentation uses are black-and-white,
the need sometimes arises to transmit a multicolor picture. Depending on the method by
which the image was generated, and depending on the use to which the received image
will be put, color resolution requirements may well be different than those obtained with
composite color or RGB transmission. Just as the HORACE protocol allows selection of
horizontal, grayscale, and temporal resolutions, a versatile color digitization scheme should
address a number of issues:



    A fourth signal, consisting of the luminance value of the scene from a fourth pickup may also2

be provided, especially in tube-type cameras to minimize the effects of registration between the
color pickups.
    The notation arises because the black-and-white signal is not a panchromatic representation of3

the color scene but rather resembles the output of a black-and-white camera behind a yellow filer.

    1. Compatibility with the existing black-arid-white protocol should be maintained.

    2. Compatibility with RGB, RGBY, composite, S-video, YIQ, YUV, and HSI-space
inputs and outputs should be inherent.

    3. Compatibility with two-color systems should be inherent.

    4. Color resolution should be adjustable by the user to fit the intended purpose.

    5. No adjustment should be required at, the decoder end no matter what options have
been selected at the encoders.

Since the addition of color to a transmission of any given resolution adds some overhead,
the user should be allowed to select the color resolution suitable for each individual
requirement. Since the user is thus in a position to determine the color resolution in this
manner, some guidance must be provided to allow an

2   Notation

A color TV picture consists of three (usually) signals representing the color values of the
original scene. These color “separations” are generally made by filtering the light entering
three panchromatic pickup devices with red, green, and blue filters. A set of these signals,
in synchronization with each other, is called an RGB signal.  Synchronization is provided2

as a fourth signal, or may be present on one or all of the three RGB component signals.
These signals may be combined by multiplexing as a single composite color signal, or fed
on two cables with the black-and-white-plus-sync (called the Y signal)  and the color3

subcarrier, which contains the two color difference signals, referred to as the
“chrominance” information. These color signals may be interpreted and decoded in several
ways, in either case using

Y = 0.30R + 0.59G + 0.11B

as the monochrome (“luminance”) signal, and the bipolar color separation signals I and Q,
where

I = 0.60R ! 0.28G ! 0.32B
and

IFT
The remainder of this sentence is missing from the published proceedings. Therefore, it was not available for inclusion in the CD-ROM.



    An object is said to be colorless if it reflects all wavelengths of light illuminating it in equal4

amounts.
    On a colorless object in HSI representation, S has zero value, in which case H is undefined,5

and if I is zero, both H and S are undefined.
    This assumes that the scanning beam is as least as arrow as the interline spacing.6

Q = 0.2IR ! 0.52G ! 0.31B
or as a signal composed of the Y signal and U and V, where

U = R ! Y
and

V = B ! Y
Note that on any signal that is “colorless”,  the I, Q, U, and V signals have zero value.4

However the color signals are produced, the ultimate aim typically is to display them as R,
G, and B signals on a display monitor. If the three signals have been kept separate
throughout the process, this recombination occurs naturally; if a multiplexing scheme is
used, matrixing may be performed within the display tube itself.

Yet another encoding method is called the HSI system, for hue, saturation, intensity. In
this system, the I signal is analogous to the Y signal in YIQ (and not the same as the I
signal in YIQ, which is bound to cause some confusion). The S signal is a unipolar signal
corresponding to saturation and independent of brightness, and the H signal is a unipolar
signal indicating the color to which the saturation signal points (for example, red could be
set at zero scale and violet at 100%, with all other colors in between).5

3   Source Limitations

The resolution of a raster-scanned television image is limited by the frame rate, by the
number of lines in a raster,  by the bandwidth of the system (which limits horizontal6

resolution), by the diference between the brightest and darkest areas reproduced (contrast
range) and by the number of levels of brightness that can be displayed between those
limits. Some of these numbers are in turn fixed by the scanning standards used, except that
rarely are the limits of the standards approached by actual hardware. Moreover, when
systems are pushed to their limits, unintended consequences can result, which can degrade
the picture in unusual (but apparent) ways, or worse, cause effects interpreted as part of
the picture that are not really present.

4   Encoding Limitations

RGB signals are almost universally never transmitted because of the limitations of the
radio spectrum, although such systems may be cabled about a building. For radio
transmission, a single encoded version of the color picture is sent as a composite. For
recording, the Y signal might be recorded on one track and the U and V time compressed
and alternately recorded on another. Composite and component transmissions and



    This separation does not increase the bandwidth of the luminance or the chrominance signals7

(in fact, chrominance resolution is generally still quite restricted ), but does prevent interaction
between them, giving the resulting picture an improved appearance.
    This is an analog rather than a digital limit, so sampling theory limits don’t apply here.8

    This resolution is a digital limit.9

    Some NTSC broadcast encoders use equal 1.5-MHZ bandwidths for both color signals, to10

which the FCC has not yet objected.

recordings limit bandwidth, resolution, and dynamic range of the individual components in
ways that will (it is hoped) still allow reconstruction of the original RGB signal without
noticeable degradation.

4.1   NTSC Encoding

An NTSC composite color video signal has the I and Q signals modulating a subcarrier
whose frequency is exactly 455/2 times the horizontal line frequency, allowing the
subcarrier and its attributes to be interleaved spectrally between the harmonics of the
horizontal sweep rate of the Y signal. As a consequence, some interaction occurs between
the luminance and chrominance signals that can be mitigated but never eliminated.[3, 6]
One purpose of the NTSC transmission format is to allow broadcast compatibility with
black-and-white sources and receivers, consequently the color signal produced is
somewhat of a compromise. The best quality transmissions through the HORACE system
are thus those which derive from true RGB or RGBY signals not yet degraded by the
NTSC encoding process—even if an NTSC composite is desired at the receiver. An “S”
signal is the same as an NTSC composite, except that the Y signal is fed on one cable as a
standard black-and-white signal, and the 3.58-MHZ subcarrier containing the two chroma
signals is sent on a second cable.7

The NTSC standard has no upper frequency limit for black-and-white signals, but the
transmission system used for broadcasting limits the upper frequency response of the
signal to 4.2 MHZ because of the presence of a sound subcarrier at 4.5 MHZ with
sidebands extending as far as ±250 kHz. This limits the number of distinct pixels in the
horizontal line to about 450,  although a resolution comparable to that available in the8

vertical direction would require about 6 MHZ. Pictures from systems with greater
frequency response need not be limited in this way for HORACE encoding, and in fact can
have user-selected resolutions from 256 to 1800 pixels per line.  By the same token,9

pictures with lower resolution need not be sampled at excessively high horizontal
resolution. An example of a lower-resolution NTSC image is the output of a standard VHS
tape recorder, whose response is about half that of a broadcast signal.

The NTSC standards do specify limits on the resolutions of the I and Q signals,
however. The I channel is limited to a maximum of 1.5 MHZ, slightly more than one-third
that of the luminance (Y) channel, and the Q channel is limited still further to 500 kHz.10

To make these lower-resolution color blobs appear where they should appear at the



   Interestingly, VHS color signals are limited to slightly over 600 kHz as well, which is11

somewhat commensurate with the reduced luminance resolution afforded by the medium, but
S-VHS machines, whose luminance resolution is greater than the broadcast limit is still restricted
to a chrominance resolution of about 600 kHz. This is not a limitation of the “S” system, but of
the recording process.
    A “high definition” picture is defined as one which has a vertical resolution in excess of the12

“standard” 525 or 625 lines. Various systems have been proposed with 768 to over 2000 lines,
most with aspect ratios other than the standard 4:3.

receiver, it is necessary to delay the I signal slightly and the Y signal more extremely. Note
that while the horizontal resolution of the color signals are limited by bandwidth, there is
no equivalent color resolution limit below that of monochrome in the vertical direction.

The use of unequal bandwidths in the NTSC system is based on the observation that the
acuity of the human eye to a color change is greatest in the orange-to-blue direction (the
approximate I axis, and least in the green-to-purple direction (the Q axis).[6] Acuities are
lower still when the two colors are not saturated, or when the luminance is lower. As a
consequence, most television receivers limit the frequency response of both the I and Q
signals, however decoded, to no more than 600 kHz each.11

4.2   PAL Encoding

PAL (for Phase Alternation Line) encoding is similar to NTSC except that the meaning
of the phase of the subcarrier is reversed at the end of each line. As a consequence, the
phase information from one line to the next can be compared in the receiver, and the effect
of phase errors in transmission removed. Depending upon the implementation of this
feature, the vertical resolution for the color signal decreases or color saturation decreases
when phase errors are present. However, a PAL receiver need not have a “hue” control.

4.3   SECAM Encoding

SECAM (for Sequential Coleur à Mémoire), alternating lines transmit the Y signal at
baseband, and either the U or V signal on a subcarrier. The missing U or V component is
taken (by use of a delay line) from the previous line, hence the color resolution in the
vertical direction is decreased by one-half in each field scan. This assumes that very little
change has occurred in the vertical direction in the color signal from the previous line,
often (but not always) a good approximation. The effect of interlace on vertical color
resolution depends on the nature of the scene transmitted.

4.4   HDTV Color Resolution

With high-definition , the requirement for compatibility with existing black-and-white12

receivers is not an issue (there are no existing HDTV black-and-white receivers), but the



    The U signal is sent on odd-numbered lines, starting with the first line in each field.13

issue of bandwidth conservation is still critical. A standard analog system for 1125-line,
60-field HDTV uses 20 MHZ for the green channel and 10 MHZ each for the red and blue
channels. As a consequence of this, the green channel must be delayed by about 13
nanoseconds to make the edges of colorless brightness transitions still look relatively
colorless as they should.

5   Significance of Chroma Resolution

While encoded signals with reduced chroma resolution produce a signal whose quality is
nearly indistinguishable from an RGB original on most scenes as viewed by a human eye,
the “standard” encoding methods may or may not be suitable for instrumentation uses. On
any given scene, most objects are of fairly low chroma saturation, so the differences
produced in the color separations are small. Standard color pictures are typically “white
balanced” so that an object which is in fact white is transmitted that way no matter what
the color spectrum of the scene illuminant is. This white balancing reduces the information
content of the color separation signals still further.

None of these assumptions is very accurate if the three colors transmitted are not the
normal transmission primaries but rather, for example, a black-and-white image, the same
scene as viewed by an infrared pickup, and a radar image, for example, nor does “white
balance” have any distinct meaning.

The HORACE color system is normally configured so that the U and V signals are sent
on alternating lines after the monochrome image is sent.  Each chrominance pixel in the13

horizontal line represents eight, four, two, or one luminance pixels in the same line. A
higher vertical resolution mode is possible wherein the U and V codes are both sent on
each line, which, when combined with the use of the one chrominance pixel per luminance
pixel resolution mode produces essentially equal resolution for each separation. The 8:1
reduction in the horizontal direction may seem extreme, but is about the same as that
obtained with S-VHS. The reduced vertical resolution from alternate-line encoding will be
apparent only in some instances normally involving sharp vertical edges. Since these
resolutions may be switched by the user, experimentation with the actual input signals is
possible.

As the number of gray scale steps is restricted in the HORACE system to allow signal
compression, the number and size of chrominance steps is also restricted. This effect is
less pronounced in color than in black-and-white, however.



    No matter what subcarrier frequency is used, the subcarrier is quite obvious on a “grabbed”14

field or frame.

6   Noninterlaced Signals

Standard NTSC signals (and almost all other systems) are interlaced, meaning that the
vertical scanning rate is twice the “frame” rate, and alternate lines are scanned in each
vertical sweep (“field”). As a consequence of this interlacing, objects must remain in the
same location for two fields (which may or may not be in the same frame) to be resolved
to the full extent in the vertical direction. When the scene is of objects in motion, display
of two subsequent fields smears the object or, if a 60 Hz shutter is used, displays two
distinct objects. For this reason, in many instrumentation applications (and for that matter,
for slow-motion “instant replay” of football), a noninterlaced picture is used. In these
cases, the horizontal repetition rate is decreased from 15,750 to 15,720 (assuming 60 Hz
vertical scanning rate). For NTSC composite color systems, where the color subcarrier and
vertical and horizontal frequencies are derived from a single source, the color subcarrier
may or may not be half of an odd multiple of the horizontal rate and thus may make
objectionable artifacts on the screen, especially with black-and-white monitors.  If the14

color subcarrier’s spectral components are not interleaved with the spectral components of
the luminance signal, serious artifacts will be created in both the luminance and
chrominance channels that cannot be removed at the receiver.[6] Consequently, reduction
of the horizontal resolution to eliminate the color subcarrier and most of its lower sideband
may be required although trapping just the subcarrier itself might suffice on many images.

7   Two-Color Systems

Two-color systems have been used to give the effect of full color in things like early
technicolor movies. Because of the nature of NTSC, a decoding in the receiver of just one
color difference, pretty close to that created by the I information, can provide something
that looks a lot like a color representation of the scene. Transmitting a single color
separation, be in NTSC or with an analog or digital component system simplifies the
transmitting system and (in component systems) decreases the total bandwidth or bit rate
as well. Systems that aren’t really a color representation of the original scene, such as a
video camera combined with similar data provided by an infrared camera or a radar
scanner, may only provide two inputs for transmission.

8   White Balance

Even in scenes containing many saturated colored objects, the average reflected spectrum
is typically very near evenly distributed, hence the spectrum of the illumination on the
scene, and not the scene itself, determines the average color. Since the eye does not
respond favorably to preservation of the spectrum of the illumination source, adjustments



    This white balance object is preferably very reflective, and cannot be black.15

    Called “scramble” adjustment, this type of balance fails if a large, saturated object, such as a16

fire truck, predominates in the scene.

are made to the gains of the red, green and blue signals to produce equal outputs on some
object in the scene known (or presumed to be) colorless,  or the scene is adjusted so that15

the average outputs of the three channels are equal.  In either case, minimization of the16

color difference information by white balancing works to the advantage of an adaptive
system such as HORACE, since a decrease in the amount of information in the color
separation signals decreases the bit rate necessary to transmit it. However, given the nature
of instrumentation television, white balance on the transmitting end may not be possible,
so the system must be able to handle such unbalanced pictures without overload. In other
instances, when the color separations provided aren’t “real” colors, but infrared, radar,
microwave, ultra-violet, X-ray, or whatever, white balance may be illusory or meaningless.
The NTSC, PAL, and SECAM encoding systems in particular respond in odd ways to
signals which have a separation value but no—or little—luminance.

9   Compatibility

The color signals in the HORACE system are carried on “tail codes”—at the end of the
transmission of luminance values for each line. The beginning of the next line is announced
by a unique synchronization code. Black-and-white decoders simply ignore the information
appended in this way, although the vertical data channel [5] indicates that tail codes may
be present. In this way, color signals may be viewed in black-and-white on such decoders,
although the picture won’t make a lot of sense if it isn’t composed of a standard RGB
color scene. Likewise, a color-equipped decoder will note the absence of tail codes in a
black-and-white incoming signal and produce a monochrome output.

Input and output cards can be produced to allow RGB, RGBY, NTSC composite,
S-type, and two-color inputs, and outputs or RGB, NTSC composite, S-type, or
subtractive color signals. Pictures received in interlaced or noninterlaced modes will be
rendered accordingly.

10   Conclusions

A useful color television picture may be transmitted in digital form suitable for encryption
by extension of the original HORACE protocol. Systems built to early versions of this
extended protocol will be tested using the various input and output sources described
herein and any other applicable situations suggested. Thereafter, the color extensions will
be formalized and published, allowing prospective users to define equipment with some or
all of the color features supplied, when color is required. Existing black-and-white
encoders and decoders will continue to serve mosts requirements, but a compatibility



    As a consequence of this compatibility, a ground station equipped with a color decoder need17

not also have a black-and-white decoder to handle all situations up to a given bit rate.

requirement already in the black-and-white standards will assure that black-and-white
encoded signals will be playable in black-and-white on color decoding equipment.17

Depending on the color resolution mode selected by the user, the addition of color will
increase the required data rate for equivalent resolution to a black-and-white image by a
factor of from slightly less than two to as low as 12%, worst case, and considerably less on
any “real” image with normal white balance and low saturation on most of the scene.
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    The computer program anplot90 was written and tested by the author at the University of*

Utah Department of Electrical Engineering in December, 1989.
    Referred to collectively as “vehicles”, for lack of a more descriptive name. Basically any1

source without a fixed location with respect to the ground station is considered to be a vehicle.
    Whether omnidirectional coverage is the best choice is another matter, which will be discussed2

later in this paper.
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Abstract

The use of multiple antennas (or multiport) antennas for vehicular
telemetry causes patterns to result which are unknown and not well
understood by the telemetry designer. When the antenna ports are separated
by distances of more than a half wavelength, the resulting patterns are rarely
what was intended. The antenna plotting program, an extension of a earlier
University of Utah antenna plotting routine, allows rapid creation of patterns
for up to 30 (or more) antennas of like polarization displaced from each other
in all three axes. Single-port antennas are modeled as compound antennas to
produce the observed pattern, and combinations of these single-port antennas
are then plotted. Case studies are shown for an aircraft and a missile body.

1   Introduction

Missiles and aircraft  have antennas added for the purpose of telemetry, range safety, and1

transponders not intended for inclusion in the tactical version of the same equipment.
Typical antennas are the blade and flush types made as microstrip, stripline, or the larger
cavity-backed radiators. Consequently, antennas are relegated to less-than-perfect
locations, and required to be small and of inconsequential wind resistance. It is often
desired to have near-omnidirectional coverage from such antennas,  so more than one2

antenna, or a multipart antenna is used.



    The existing IRIG antenna documentation deals exclusively with high-gain receiving antennas,3

and is concerned with testing rather than recommending characteristics. The Telemetry Group
[TG] of the Range Commanders’ Council [RCC] is working on some documents to fill this need.

Unfortunately, the individual antenna elements produce patterns that are seldom well
characterized by their manufacturers. These patterns also are affected by the size and
orientation of the vehicle on which they are mounted, and the testing of even a single
antenna on a large vehicle is a complex undertaking. If more than one antenna is used,
especially if the antennas are more than 8/2 apart, the resulting patterns have many lobes
and nulls. As a result of limited understanding of the process involved, the intended pattern
is rarely produced, and the actual pattern rarely known.

Equally unfortunately, no IRIG documents address telemetry antennas directly.  Since3

manufacturer-supplied data is not generally very lucid, the perception that either antenna
patterns are trivial or everybody knows the factors involved is strong. This paper is the
first in a series of literature on the subject to fill the gaps and cite examples of what, and
what not, to do.

2   Notation and Coördinate System

For any of this to make sense, a notation for things like “up” and “down” must be agreed
upon. This is less simple than it seems when a vehicle moving in three-dimensional space
is being considered. Most standard measurement techniques assume that the antenna under
test is moved in relation to a fixed reference antenna.

2.1   Vehicle

For the purposes of this paper, the vehicle is presumed to be cylindrical in shape, and
travelling (unless otherwise noted) on a straight and level course along its long axis, noted
as zP. As viewed from the tail, the yP-axis is to the right. ThexP-axis is up. Note that the
references for up and right are with respect to the vehicle, and not to the vehicle’s position
in space, which can vary. Blade antennas, when mounted on this theoretical model, are
aimed in such a way that they appear as fins, with their leading edge swept backward in
the zP-axis.

2.2   Antenna

Coordinates for the antenna itself are such that the antenna is a monopole or dipole array
oriented along the zP axis, with the xPy plane perpendicular to the antenna. The angle 2 is
then the angle from the xPy plane to the zP axis, and thus has the range ±90E. The angle in
the xPy plane is measured as an azimuth such that if the antenna protrudes from the earth,
2 = 0E with angles increasing clockwise. Note that the axes for the antennas and for the 



    If a single polarization is used, it is generally RHP; if polarization diversity is used on a single4

antenna, LHP may also be present.
    This can be a quite satisfactory arrangement in many circumstances, but not when the test5

vehicle is a low altitude and the receiver is above it (possibly airborne), because reflections from
the ground are mixed with the direct signals and multipath reception results.
    Examples of such shields include the launch aircraft, launch tubes, and the ground. Some of6

these objects remain in the same relative position throughout the vehicle’s mission, and some
don’t.
    In particular, antennas spaced by more than half a wavelength produce pattern7

lobes—including nulls that might be infinitely deep.

vehicle may be different, and in general do not have their origins at the same place; also
the origin and orientation of an array of antennas must be specified.

3   Polarization

Telemetry receiving antennas, especially of the high-gain variety, are almost universally
circularly polarized.  Telemetry transmitting antennas, on the other hand, are generally of4

linear polarization, with the polarization axis in the zP  direction as defined above. The
thinking [1] is that, although a 3 dB loss occurs because of this polarization mismatch, the
vehicle can roll or tumble to any position of its own zP -axis and never be cross-polarized
with respect to the receiver.5

4   The Problem

It is generally desired to have omnidirectional, or at least toroidal, transmitting coverage
from the vehicle. This is complicated not only by the shape of the vehicle and the size and
locations of the antennas, which are generally far from optimal, but also by the shape and
shielding due to nearby objects during all or part of the test.  The solution to these6

problems often involves use of multiple antennas, each of which has a radiation pattern of
its own, and all of which combine to make the actual pattern, which is often nothing like
what was desired or intended.  Since these composite patterns are seldom calculated nor7

measured, problems often don’t surface until the vehicle is fielded, and the designers are
reluctant to change anything. Even if a pattern is calculated or measured, phase differences
due to cable length tolerances may alter the pattern significantly.

The important thing to note is that field strength at any point is due to the magnitude
and phase of all antennas—they do not simply add together to make the total field
strength.



    At 2 = 0E (1) produces a value which can be shown to approach unity as a limit.8

5   Solution

By modeling the individual antennas, and then combining the patterns algebraically, it’s
possible to calculate and plot any trial combination in a matter of minutes. When a good
pattern is found, it’s then possible to “tweek” the characteristics slightly to determine
sensitivity of the system to manufacturing tolerances.

6   Mathematical Basis

The power density from a dipole oriented along the zP -axis as described above is given
[4, eq’n. 2.80] by the expression

(1)

where       is output power, 0 is the impedance of space in the medium (normally air or
vacuum, almost identical) and taken to be 120B = 377S, I  is the driving-point current, rPm

is a unit vector to make the power be directed away from the antenna in all directions, kh
is the distance from the feedpoint to the (“electrical”) end of the antenna, and r  is theo

distance between the antenna and the observation point. The dimensions of     are hence in
watts per square meter, assuming that r  is expressed in meters. Note that there is noo

dependence on N, but there is a dependence on 2. As a consequence, for any nonzero
value of kh, no power can ever be radiated at 2 = 90E, thus a truly omnidirectional
(“isotropic”) antenna cannot exist.8

When two or more dipoles (or monopoles) of the same orientation are operated
simultaneously, their combined effect at a distant receiver is not due to the slight
differences in distance between the individual antennas, because even though the power
density decreases with the square of the distance to the individual antennas, this small
distance difference is insignificant in what we call the “far field”. However, differences in
the excitation currents for each antenna and differences in the electrical length kh of each
antenna cause obvious differences in the values of     for each element in the array. These
differences are such that the contributions of each antenna can be added by direct
superposition. However: Differences in phase between the driving currents (if differences
exist), and differences in phase caused by antenna spacings as viewed from a measurement
point in the sphere defined by 2 and N (which must exist, since two antennas cannot be in
the same space) have a significant effect on the pattern.



    The exact point is less obvious with antennas that are not dipoles, but since it’s the distance9

between the radiating points that matters, this is not a problem in practice.
    The <PLOT 79> system, developed jointly by the University of Utah and the Autonomous10

University of Mexico is in common use.
    Ground-plane flatness may be a fairly-accurate assumption in the zP direction, but almost never11

in the radial direction at the short wavelengths involved.

In the far field, each antenna, no matter what its size, looks like a point source, with
energy radiating out of a point generally taken to be the base of the antenna.  To determine9

the power radiating in any direction, the contribution due to each antenna in power and
relative transmitting phase, adjusted for space phase differences, is summed in accordance
with equation (1).

7   The anplot90 Program

The anplot90 antenna plotting routine[6] used to generate the plots shown here is a
program written in the C language updating and extending a program originally written in
FORTRAN 66 by Dr. Om P. Gandhi of the University of Utah. When linked to the
plotting routine <PLOT 79>,  smooth 1080-point plots of antenna patterns can be10

generated for any angle above or below the plane normal to the antennas’ elements.
Copies of the program and supporting documentation may be obtained from the author, or
by anonymous file transfer from the Electrical Engineering Department of the University of
Utah.

8   Blade Antennas

The blade antenna, while not exactly vertically polarized, can be considered as a first
assumption to be a quarter-wave monopole oriented vertically to the surface of the vehicle
on which it is mounted. The radiation pattern of such an antenna on an infinite ground
plane is known, as shown in Figure 1. The bottom half of the trace (shown as a dotted line)
is not “real”, and no energy is directed below the ground plane. Since the vehicle body is
not an infinite ground plane, and is not even flat,  the actual transmitting pattern will be a11

cross between the pattern of Figure 1 and the pattern of an isolated (i.e., no ground plane)
dipole in space, which is a figure-eight, as shown in Figure 2. The actual shape of the
vertically-polarized portion of the blade antenna’s output will appear something like
Figure 3, with the disparity between the upper and lower halves depending on the
curvature of the vehicle. In any event, no vertically-polarized power is transmitted directly
upwards, and a larger (perhaps much larger) gap exists below.



    Aerodynamics generally won’t permit any other orientation.12

Figure 1: The radiation of pattern an antenna on an infinite ground plane

Figure 2: The pattern of an isolated dipole in space

Figure 3: Blade antenna output

The horizontally-polarized output of the blade antenna, resulting from the tilt in the
active element inside the blade, produces a cardioid pattern when viewed from the tail or
nose of the vehicle (the vehicle’s zP axis). Because the tilt angle is relatively small and the
vehicle essentially behaves as a reflector, the main purpose served by the horizontal
component is to create a null-fill directly above the antenna. Since the tilt angle that creates
the horizontal pattern is the same on all antennas in a multi-element array,  and since the12

polarization of the vertical component depends on whether that particular element is
pointed up or down, the user is best advised to not count on the horizontal component
being of much use.



9   Flush Antennas

Flush antennas disturb the air stream of the vehicle less than do blades, but if the
antenna type involves a cavity back requires a large hole in the vehicle body; stripline and
microstrip antennas can be machined in flush, or do protrude from 1/64" to 1/4" from the
vehicle.

9.1   Polarization

Typically, flush antennas are linearly polarized with the polarization axis along the
zP-direction of the vehicle. In the case of stripline construction, such antennas are identified
by the radiating slots which run transverse to the zP-axis because of the nature of slot
antennas.[5, §14-18] Cavity-backed antennas may have linear or circular polarization.

9.2   Radiating Pattern

The radiating pattern of a flush-mounted antenna on a flat surface (infinite ground plane,
etc.) is as shown in Figure 4. Maximum radiation is in the direction normal to the ground
plane; zero radiation occurs at the ground plane and below it, and at ±45E the radiated
energy is reduced by 3 dB with respect to maximum. If the vehicle diameter is small
compared to a wavelength, the radiating pattern is essentially omnidirectional in the xPy
plane.[7] When the diameter of the vehicle is a significant part of a wavelength or several
wavelengths as in the cases considered here, the pattern becomes a cardioid, as shown in
Figure 5. This pattern may be modeled as a pair of antennas with equal driving currents
and pleases, with one at the vehicle surface and one inward toward the center. The pattern
shown in Figure 5 shows the result of a model with 90 electrical degrees of spacing; the
pattern and centroid location become more omnidirectional as the vehicle diameter
decreases. The model using the pattern of Figure 5 works fairly well for most missile
telemetry

Figure 4: Flush-mounted antenna



    For other uses, such as range safety devices, which may need to be exercised if a vehicle13

should tumble, for example, may actually require an omnidirectional pickup. In such instances,
omnidirectional coverage is provided through use of multiple antennas and receivers.
    Ground reflections can also be eliminated by use of circularly-polarized antennas for both the14

transmitter and receiver. Reflected signals are produced with the opposite polarization (“mirror
images”) and are rejected.

Figure 5: Cardioid

10   Desired Patterns

Users often express a desire for omnidirectional coverage from telemetry antennas. Not
only is true omnidirectional coverage an impossibility,[4, 5] but it is seldom a good
choice.  For example, on vehicles such as rockets and missiles, coverage to the rear is13

complicated by the signal passing through ionized gases from the motor. Coverage to the
front implies locating the receiving station at a point at which the rocket is heading—an
unpleasant place to be. Toroidal coverage, such as that provided by a dipole oriented along
the vehicle zP-axis might be as close to omnidirectional coverage as would ever be needed.

If the vehicle will always be observed from a more restricted angle (say from below) a
more focused pattern allows the possibility of antenna gain. In situations where the vehicle
telemetry signal is received from above (a low-flying missile being received by a chase
plane, for example), ground reflection of the signal may at times be stronger than the direct
signal, causing data losses even while the receiver indicates a strong signal. Consequently,
if the downward coverage is not required for any other purpose, link quality is improved
by eliminating it.14

Yet another desired pattern, typically for aircraft, is one in which a strong signal is
transmitted downward, but “enough” signal is transmitted upward and sideways that the
aircraft can be received from all aspects. Typically this is accomplished by use of two
antennas, one on the top and one on the bottom of the fuselage, and possibly displaced
from each other in the zP-axis. Since these antennas are many wavelengths apart, the
resulting patterns differ from the desired patterns considerably.



    Since the two antennas are pointed in opposite directions, a measurement between their bases15

might be slightly less than the electrical separation between the antennas. This effect may be
important in some instances, but can be shown not to be important here.

11   Multi-Element Arrays

Knowing the pattern of any given antenna type, and the model necessary to produce a
similar pattern using dipoles, it is possible to produce patterns for specific antenna
arrangements. In this section, several practical problems are solved using anplot90. The
examples are representative of the capabilities of the program.

11.1   Aircraft Antennas

A typical aircraft telemetry link uses the L-band frequencies (1435-1535 MHZ) and has
upper and lower antennas on the fuselage center line. The cables to each antenna are of
random length, so the phase relationship between the two antennas is arbitrary. If by some
miracle the two antennas were fed in phase, the result in the vertical polarization sense
would be 180E out because the antennas point in opposite directions.

Two antennas operating on 1500 MHZ are placed in opposite phase
(one pointed up, one pointed down) and separated by 23 feet in the zP 
direction and four feet in yP. (a) What is the transmitting pattern for the
combination in the xPy (yaw) plane, assuming the two antennas are
driven in phase? (b) What is the result of using a 90/10 power splitting
arrangement?

At 1500 MHZ, the wavelength is 20 cm. The 23-foot zP-displacement thus represents
34.615 wavelengths, and the displacement between the antenna bases  is 6.0215

wavelengths. The resulting pattern is shown in Figure 6. If the two antennas were not in
phase, the resulting pattern would be different in some respects, but the point is that the
pattern has infinite nulls due to phase cancellation all over the place!  If the antennas are
fed in a 9:1 ratio (generally with the lower antenna getting 90% of the power),
cancellations are impossible—at worst, 80% of the expected dipole output is produced, as
shown in Figure 7.



Figure 6: Radiation centers of two antennas in phase (20 dB plot)

Figure 7: Radiation centers of two antennas, phase 9:1 split (20 dB plot)

11.2   Cardioid pattern

To generate the needed cardioid pattern in the xPy-plane to produce the effect of a slot
antenna on a cylinder of typical size, we consider the following problem:

Two identical antennas fed equal base currents are spaced 90E apart
and fed 90E apart in phase. What is the resulting pattern?

The pattern produced resembles Figure 5 as desired. The plot shows that the maximum
output, where the signals from the two antennas reinforce, is upward (i.e., away from the
vehicle body), and that an infinite null is produced where the two antennas oppose on the
opposite side.



Note that the phase of the second element leads the first element. As a consequence,
the power from the first element has undergone a 90-degree delay as a result of its travel
through space toward the second element, and the two signals consequently cancel in that
direction. Reversing the phase arrangement would direct the pattern downward.

 11.3   Compound Cardioid antenna

This problem is more complex, and typical of the type actually encountered in the field.

Two surface-mounting antennas are placed on the top and bottom of a
missile whose diameter is 20 3/8 inches. Operating frequency is
2204.5 MHZ. The antennas produce a polarization along the missile’s
zP axis, and can each be modeled as cardioids of the type described in
the previous example. The “radiation center” of each element can be
taken as the midpoint between the two elements of the simple
cardioid, 8/8 from either element.

What are the results when the two antennas are fed equal power and
in phase?  What are the results when the two antennas are fed
180Eout of phase?  What are the results if the two antennas are fed in
phase, but the lower antenna has its input signal attenuated by 10 dB
(a) with the antennas in phase and (b) with the antennas 180E out of
phase? © If a 10 dB pad is inserted in the line to the lower antenna,
what pattern results?

At 2204.5 MHZ, wavelength in air is 13.608 cm. The missile diameter is thus 3.80294
wavelengths, which is the separation between the two elements. Then the radiation centers
of the two antennas are separated from each other by this diameter. The coordinates
(0,0,0) are taken to be the centerline of the vehicle for symmetry, but this is not a
requirement, and the choice of the spatial reference will not alter the data.

The resulting patterns are shown in Figures 8-10. If the intent was to produce an
antenna with a reasonably omnidirectional pattern in the zP-axis, the choice of two antennas
fails miserably. If the two are fed in phase (the first condition), the antennas reinforce at
the points exactly between them, but there are two notches of infinite depth close by.
Besides the notches, there are four dips of slightly greater than 10 dB intensity as well.
Going to a 180E phase reversal between the elements lowers the maximum radiation
intensity slightly, but moves the infinite nulls to the N = ±90E points, produces four nulls of
about 13 dB depth, and four more of about 8 dB depth. The use of a pad and either type of
phasing flattens out the coverage in the upper hemisphere, but makes a serious mess in the 



lower hemisphere. One antenna, with a cardioid pattern, produces a smoother pattern than
any combination of two antennas tried. To get a pattern without nulls takes a minimum of
about 14 antennas, which can be shown with this technique.

Figure 8: Radiation centers of two antennas in phase (20 dB plot)

Figure 9: Radiation centers of two antennas, 180E out of phase (20 dB plot)

12   Conclusions

The two most-common antenna systems that do not work, and suggested systems that do
work were examined here. In any system where more than one antenna is to be used for
desired coverage, especially where the antenna elements are widely separated, it behooves
the designer to verify that the pattern likely to be produced is the one intended.



Figure 10: Radiation centers of two antennas, phase 10:1 split (20 dB plot)
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A NEW EXTENDED BANDWIDTH ESCAN L-BAND & S-BAND
TRACKING ANTENNA
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ABSTRACT

The design and performance of a 1435 MHZ to 2600 MHZ ESCAN1

feed will be discussed. The radiation characteristics of a
very small (<10 wavelengths) reflector antenna will be
presented. The ESCAN tracking concept offers a significant
improvement in the effective gain, sidelobes and tracking
performance for broadband telemetry trackers over previous,
low-cost approaches. The tradeoffs associated with the
optimization of the ESCAN antenna’s radiation performance
will be presented along with a comparison of conical scan
and single channel monopulse performance. The tradeoffs will
include an analysis of the limitations in performance due to
central blockage, aperture illumination, spillover, and coma
effects of an “effective” off-axis feed for a small,
paraboloidal reflector antenna.

INTRODUCTION

The design of a small tracking antenna is usually the result
of a tradeoff of several parameters, such as bandwidth,
gain, sidelobes, configuration simplicity, mission
objectives and, of course, cost. The mission objectives
establish the performance requirements which, in turn, are
translated into the electrical and mechanical
specifications. A primary mission objective of today’s
telemetry tracking systems is operation over a continuous
bandwidth wider than previous requirements.

The specifications of future telemetry data systems are
requiring operation at the following frequencies:

a) 1435 to 1550 MHZ b) 1600 to 1700 MHZ
c) 1700 to 1850 MHZ d) 2025 to 2150 MHZ
e) 2200 to 2400 MHZ f) 2300 to 2600 MHZ



The advantages and disadvantages of three types of tracking
feed configurations will be analyzed in the following
paragraphs. Two of these, conical scan and single channel
monopulse (SCM) have been used in telemetry tracking
applications for many years while the third type, ESCAN, is
a new patented approach introduced by Scientific-Atlanta
during the last eighteen months. Each of the three types of
feeds and reflectors are sequential lobing trackers
therefore their basic operation is similar in that the
antenna beam is scanned about the boresight axis of the
antenna and sampled at four discrete positions, two in
azimuth and two in elevation. These four beams are sampled
and stored for comparison over the complete scanning or
switching cycle. The sampled signals are then compared to
derive the error signal which is fed back to control the
antenna pointing position through an antenna servo system.

Many of the tracking applications of today require small
aperture antennas, even less than 10 wavelengths. The design
considerations for these small reflector antenna are
considerably different than with larger aperture antennas.
For example, if low sidelobes are of most importance, an
offset fed reflector geometry or a planar array is
suggested; if cost is of most importance, an axi-symmetric
reflector antenna is suggested.

CONICAL SCANNING

A conical scanning tracking, reflector antenna employs a
feed offset from the normal beam axis of the reflector to
produce an offset secondary beam. The offset feed is then
mechanically rotated about the normal axis to produce a
scanned beam in space. The rate of scan is limited by the
rotation rates of the motor and any associated gearing and
is usually fixed at rates from ten to sixty Hertz. The
advantage of Conscan is its use of a single feed element to
generate the scanned beam. The use of a single feed allows
its pattern to be optimized for good performance over
relatively broad bandwidths and minimizes the blockage of
the main reflector from the feed and its associated
electronics and drive mechanism. The fixed offset feed
results in a varying beam crossover vs frequency; this
attribute is not of any significant consequence for narrow
bandwidth antennas but must be considered for wide bandwidth
applications. The disadvantages of Conscan are associated
with its fixed, low frequency scanning rate and its
inability to generate a transmit beam or data channel



without the presence of the scan modulation. Conscan can be
a good choice for many applications, but one must be aware
of its quite serious limitations in tracking a target whose
signal already contains low frequency modulation, such as a
signal from a spin stabilized missile.

Radiation patterns for a 1.22 meter and 2.44 meter Conscan
antenna were calculated at 1485 MHZ and 2400 MHZ and are
shown in Figures 1 and 2. The primary patterns of the feed
were based on measurements of a dual polarized, dipole
excited, circular horn. The central blockage from the feed
and its associated packaging was 23.0 cm diameter.

SINGLE CHANNEL MONOPULSE

A SCM tracking, reflector antenna employs a multi-element,
three channel monopulse feed which produces a reference beam
and two difference beams. The three channels are then
combined into a single channel with a beam forming network
referred to as a Monoscan  Converter. The MonoscanR   R

Converter is a combining and switching network whereby the
azimuth and elevation difference signals are bi-phase
modulated and combined with the reference signal in a time
sequenced manner. The resulting signal produces a scanned
beam about the boresight axis. This technique was introduced
by Scientific-Atlanta during the mid-sixties for tracking
applications of spin stabilized targets and for general
tracking applications. The advantages of SCM are its
flexibility of scanning rate, the control of beam crossover
vs frequency, and the availability of a configuration
whereby a transmit and/or data beam can be generated without
the presence of scan modulation. The scan rates can be
varied in a swept frequency or random manner such that any
intermodulation products developed between the incoming
modulation of a signal with the scan rate of the feed are of
no consequence. One disadvantage of SCM is that the
beamforming network is complex, requiring the use of
monopulse comparators and a separate scanning converter, and
the feed must be multi-element array of at least four
elements. The five element array is the predominant choice
for most applications. This complexity increases the cost of
the product as compared to Conscan. Another disadvantage of
SCM is the scanned beam produces a sidelobe (coma lobe)
whose suppression is determined by the array spacing and the
relative amplitude weightings of the reference and
difference signals in the beam forming network. This, in
effect, produces a coma lobe which is quite insensitive to



antenna diameter for a given feed configuration (except in
the case where the blockage component is dominant in the
determination of the sidelobe level). The bandwidth of SCM
is also limited by the element spacing. The limitation in
bandwidth is determined by the error slope linearity, which
is directly related to the width of the difference channel
secondary beam. When the first nulls of the difference
channel beam fall well within the sum channel beam, there
results a non-linearity in the tracking slope.

Radiation patterns were calculated for a 1.22 meter and a
2.44 meter SCM antenna at 1485 MHZ and 2300 MHZ. The upper
frequency limit of this particular feed configuration is
2300 MHZ. The primary patterns used in the analysis were
based on measurements of a Scientific-Atlanta Model 3570B,
five element, cavity dipole system. The central blockage
from the feed was 30.48 CM. The results are shown in Figures
3 and 4.

ESCAN

An ESCAN, tracking, reflector antenna employs a multi-
element planar array and beam forming network which produces
a scanned beam about the boresight axis. The ESCAN tracking
technique is a result of a unique beam forming network which
amplitude weights the individual elements of the planar
array feed and then combines them to form four discrete
beams in space, each beam position formed in discrete time
intervals. The ESCAN process results in a near optimum
illumination of a reflector aperture to achieve low
sidelobes, excellent tracking error slope linearity, and
broadband frequency operation. The ESCAN tracking antenna
combines the desirable rapid scan performance
characteristics of SCM with the lower sidelobe
characteristics of Conscan. The result is an antenna with
the flexibility of an electronic scanned beam rather than a
mechanical scanned beam and sidelobe suppression not
obtainable with SCM. The advantages of ESCAN are its
flexibility of scan rate, low sidelobes, the control of beam
crossover vs frequency, the availability of independent
transmit and/or data channels without the presence of scan
modulation, and very low crosstalk between axis. The
disadvantage of the ESCAN feed is that it is a multi-element
feed and therefore slightly more costly than a single
element feed. ESCAN’s beam forming network is similar to a
Monoscan  Converter in complexity but the monopulseR

comparator network required for SCM is not necessary.







The development of a wideband feed for continuous operation
from 1435 to 2600 MHZ presents several technical challenges
for a multi-element array. The small number of elements
necessary to minimize the central blockage of the reflector
antenna necessitates the analysis of the feed operation
consider an array of dissimilar sources. An additional
requirement of the design is for the generation of an
on-axis beam for transmitting and for a data channel
independent of the tracking channel. This requirement placed
considerable restriction on the choice of elements for the
array. The individual element radiation amplitude and phase
characteristics were measured for the development feed and
used in the analysis to predict the secondary radiation
pattern performance. The design requirements for the ESCAN
feed are given in Table I below.

Table I. Design Requirements for an ESCAN Feed

Frequency 1435 to 2600 MHZ
VSWR Lin. Pol. 2.0:1 1435 to 1540 MHz

2.5:1 1600 to 1850 MHZ
2.0:1 2025 to 2400 MHZ
2.25:1 2400 to 2600 MHZ

Cir. Pol. 1.5:1 1435 to 2600 MHZ
Axial Ratio Lin. Pol. 25 dB  minimum

Cir. Pol. 2.0 dB maximum
Radiation Pattern Compatible with 0.375 # F/D # 0.5
Polarization Dual Linear or Dual Circular, Selectable
Maximum Diameter 30.5 cm

The design requirements were met with a five element array.
The feed dimensions are 29.21 cm diameter by approximately
30.5 cm in length. The feed housing includes space for any
necessary filters, polarization switching networks,
transmit/receive diplexers, and LNAs required for particular
mission objectives. The VSWR of the feed is shown in
Figure 5.

The antenna efficiency may be determined by an analysis of
the feed radiation characteristics, the component losses,
the diffraction and blockage losses due to the feed and feed
support, impedance and polarization mismatch losses, and the
surface tolerance of the reflector. The individual
efficiency terms are summarized for an independent data and
tracking channels in Table II and III for two typical
frequencies. The 1.22 meter reflector of Table II has a F/D
of 0.5 and the 2.44 meter reflector, of Table III a F/D of 





0.383. It should be noted that the ESCAN beam forming
technique results in very good efficiencies in both the data
and tracking channels while maintaining excellent sidelobe
suppression. This is especially true for antenna apertures
larger than 15 wavelengths at L-band, where central blockage
is not the major determinant of sidelobes.

TABLE II. 1.22 Meter Antenna Efficiency Vs Frequency
TRACKING CHANNEL    DATA CHANNEL

Parameter 1485 MHZ 2400 MHZ 1485 MHZ 2400 MHZ
  (dB)     (dB)   (dB)   (dB)

Illumination -0.34 -0.89 -0.22 -0.46
Spillover -1.16 -0.32 -1.69 -0.66
Phase -0.09 -0.09 -0.09 -0.09
Cross-polarization -0.04 -0.04 -0.04 -0.04
Mismatch: Typical 1.5:1 -0.18 -0.18 -0.33 -0.18
Feed Loss -0.10 -0.15 -0.10 -0.15
Beam Forming Network -0.35 -0.40 -0.05 -0.20
     Feed Efficiency -2.26 -2.07 -2.52 -1.78

Surface Tolerance (0.03") -0.01 -0.03 -0.01 -0.03
Blockage: central -1.06 -1.06 -1.06 -1.06
          spars -0.28 -0.23 -0.24 -0.24
Coaxial Cables -0.15 -0.15 -0.15 -0.15
    Resultant Efficiency -3.76 -3.54 -3.98 -3.26

    Aperture Gain 25.57 29.73 25.57 29.73
    Antenna Efficiency -3.76 -3.59 -3.98 -3.29
    Resultant Gain(dBi) 21.8 26.1 21.9 26.4

TABLE III. 2.44 Meter Antenna Efficiency Vs Frequency
TRACKING CHANNEL    DATA CHANNEL

Parameter 1485 MHZ 2400 MHZ 1485 MHZ 2400 MHZ
  (dB)     (dB)     (dB)     (dB)

Illumination -0.74 -1.73 -0.51 -1.02
Spillover -0.53 -0.10 -0.89 -0.21
Phase -0.09 -0.09 -0.09 -0.09
Cross-polarization -0.04 -0.04 -0.04 -0.04
Mismatch: Typical 1.5:1 -0.18 -0.18 -0.18 -0.18
Feed Loss -0.10 -0.15 -0.10 -0.15
Beam Forming Network -0.35 -0.40 -0.15 -0.20
     Feed Efficiency -2.14 -2.69 -1.96 -1.89

Surface Tolerance(O.030") -0.01 -0.03 -0.01 -0.03
Blockage: central -0.28 -0.28 -0.28 -0.28
          spars -0.18 -0.18 -0.18 -0.18
Coaxial Cables -0.10 -0.15 -0.10 -0.15
    Resultant Efficiency -2.71 -3.33 -2.53 -2.53

    Aperture Gain 25.57 35.76 25.57 35.77
    Antenna Efficiency -2.71 -3.33 -2.53 -2.52
    Resultant Gain(dBi) 22.8 32.4 29.00 33.2



Calculated patterns for a 1.22 meter antenna are shown in
Figures 6 and 7 and measured patterns of a 2.44 meter
antenna are shown in Figures 8 and 9.

Table IV summarizes the calculated or measured performance
of the Conscan, SCM and ESCAN tracking antennas. The
sidelobe and gain performance of the 1.22 meter antennas for
all three types of tracking feeds are similar at L-band
while there exists a considerable improvement in sidelobes
at S-band.

TABLE IV. Tabulation of the Radiation Characteristics
of a Conscan Antenna, SCM Antenna and an
ESCAN Antenna.

Frequency  1.22 Meter Antenna   2.44 Meter Antenna  
(MHZ) Gain First SL (WRMBP) GAIN FIRST SL (WRMBP)

(dBi) E-Plane H-Plane (dBi) E-Plane H-Plane

Conical Scan
1485.0 22.1 -14.1 -16.2 28.3 -17.5 -17.1
2400.0 25.9 -15.7 -19.1 32.5 -21.1 -24.9

Single Channel Monopulse
1485.0 22.3 -13.3 -12.2 28.5 -15.2 -15.8
2300.0 25.6 -12.7 -11.2 32.2 -16.3 -16.4

ESCAN Antenna
1485.0 21.8 -15.4 -15.6 28.9 -19.0 -21.1
1800.0 32.4 -24.8 -22.0
2300.0 32.0 -22.0 -26.1
2400.0 26.2 -14.5 -14.6 32.2 -23.0 -25.5
2500.0 32.7 -23.6 -23.2
2600.0 32.8 -23.4 -25.6
DATA CHANNEL
1485.0 28.9 -19.0 -21.1
1800.0 32.9 -23.1 -20.4
2025.0 31.5 -25.0 -20.0
2300.0 32.7 -22.0 -26.1
2400.0 32.9 -23.5 -25.5
2600.0 33.4 -23.4 -25.6

(WRMBP) = With Respect to Main Beam Peak

SUMMARY

A multi-element, planar array feed has been developed for
automatic tracking using the Scientific-Atlanta ESCAN
technique. The resultant antenna has been shown to operate
over a frequency band of 1435 MHZ to 2600 MHZ and has
sidelobes that are suppressed approximately 20 dB for



aperture diameters greater than 15 wavelengths. Sidelobe
suppression of approximately 16 dB was demonstrated for an
aperture of only six wavelengths at the lowest frequency of
operation. The ESCAN tracking antenna combines the desirable
characteristics of SCM, electronic beam scanning and the
capability of configuring a data channel and/or a transmit
channel without the presence of scan modulation, with the
sidelobe suppression and gains normally associated with
single feed aperture designs, such as conscan.
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THE NEW GENERATION OF COMPACT,
FLEXIBLE, ANTENNA CONTROLLERS

Fred A. McGiven
TIW Systems Inc.

1284 Geneva Drive
Sunnyvale, CA 94089

ABSTRACT

TIW Systems has developed a modern, compact, modular, antenna controller (ACU) for
telemetry, tracking, and communications antennas. The controller combines the functions
of an antenna control unit, a position conversion/display chassis, and a polarization
control unit. By using plug-in cards, a tracking receiver, autophasing control unit, tracking
synthesizer, and other functions can be added. Depending on the requirements, the
tracking receiver can be a simple wide-band steptrack receiver, or can be a full function
phase-locked-loop (PLL) autotrack receiver. In the past, all this capability would have
taken a large portion of an entire equipment rack.

The unit uses modern microprocessor technology for digitally controlling the position and
rate of the antenna. Advanced tracking modes and remote control can be added by
connecting an external computer (PTIC) to one of the ACU’s serial ports. The PTIC also
provides a user friendly operator interface through the use of high resolution color
graphics and easy to understand menus.

KEY WORDS: ANTENNA CONTROL UNIT, ANTENNA CONTROLLER,
TRACKING SYSTEMS

INTRODUCTION

In the past, telemetry, tracking, communications, and radio telescope antennas have
required many chassis to do the positioning and tracking functions of the antenna.
Depending on the exact system requirements, the following equipment has been required:

C An antenna control unit for controlling the operating mode, position, and rate of the
antenna.



C A position conversion and display chassis for converting the antenna’s position
transducers to digital format.

C A polarization control unit to rotate (and display) the position of the polarizer in the
microwave feed. This type of unit is used on antennas that receive linearly polarized
RF signals.

C A tracking receiver for use in automatic tracking modes.

C An autophase control unit to maintain the correct phasing between tracking receiver
channels.

C An RF synthesizer for selecting the tracking frequency.

With today’s technology, it is possible to provide all the above functions (and more) in a
single rack-mounted chassis. TIW’s new antenna control unit is an example of the next
generation of antenna controllers that have become available. This paper will describe
some of the features of this new controller.

ANTENNA CONTROLLER

The TIW Antenna Controller (ACU) is a modern, modular, expandable unit based on the
Motorola 68000 microprocessor. The ACU front panel, shown in Figure 1, uses “tactile
feel” switches, audible keystrokes, and a menu-driven, alphanumeric display to provide a
convenient operator interface. The unit is designed to allow limited manual operation of
the antenna even if the microprocessor should fail.

The top three lines of the ACU’s alphanumeric display show a wealth of information.
These lines display the antenna’s azimuth/elevation angles, commanded angles, signal
level, linear polarization angle, error messages, and system parameters. The bottom line of
the display labels the current use of the six, menu-driven function keys (F1-F6). A hard-
wired Emergency Stop switch provides an interface to the antenna drive subsystem.

The ACU uses a custom motherboard with two busses to achieve a high degree of
modularity, flexibility and expansion capability. One buss is the industry standard
G-64/G-96 computer buss. The second buss (TIW designed) contains an addressable
I/O channel and some user definable lines. The motherboard holds a wide variety of card
types and sizes. The cards plug in from the top of the ACU and use high quality DIN
socket connectors for maximum reliability. The basic unit contains the following:



C System microprocessor C EPROM, EEROM, and battery-backed RAM
C Three serial I/0 ports C  Station alarm
C Self-test C Real time clock
C Front panel interface circuits C  Power supplies

The following types of cards are available to meet the requirements of a particular
application.

C Drive interface (DC, AC or DC/AC models)
C Step track receiver (wide-band AM detector)
C Step track receiver (narrow-band PLL)
C Two or three channel PLL autotrack receiver
C Pseudo-monopulse receiver and scan driver/decoder
C Frequency Synthesizer
C Autophase I/O
C Position Conversion and Display Interfaces:

Optical encoder interface (up to 24 bits)
Single speed synchro or resolver
Dual speed synchro or resolver
Dual speed optical encoders

C Optically isolated and relay I/O
C Single and differential TTL I/O
C Multi-axis subreflector control
C Standard “off-the-shelf” G-64 or G-96 cards
C Custom designed cards to meet specific user requirements

The ACU provides all the standard operating and tracking modes of the older generation
units. These modes include: Standby, Manual Rate, Command Position, Scan, Steptrack,
Autotrack, Memory Track, and others.

The ACU also implements the newer tracking modes such as smart steptrack. In this
mode, the ACU is initially in steptrack mode while it gathers enough data to make orbital
predictions. After a few hours, the ACU can predict the orbit of the target and can reduce
the amount of active tracking required. The ACU can then move the antenna smoothly
along the predicted path rather than do continuous stepping. This has the benefit of
reducing the wear on the antenna’s mechanical parts. Once the orbit is determined, active
steptracking is only performed several times per day to update and refine the orbital
model. After several days of tracking the ACU can predict the drift rate and drift
acceleration of the satellite and can therefore increase the accuracy of the predictions.
Smart steptrack has several thresholds that protect the system from discontinuities in the
data. Discontinuities 



are typically caused by moving the antenna to another satellite or by satellite maneuvers.
Whenever this occurs, the system will automatically return to active tracking and new data
on the orbit will be taken.

The remaining portion of this paper will describe the features and technical specifications
of some of the major features of the new antenna controller.

TRACKING RECEIVERS

Many antennas require automatic tracking of a satellite or other signal source. This
requires some sort of tracking receiver depending on the type of automatic tracking
desired. The new ACU supports all of the major automatic tracking modes in use today
by plugging in the proper receiver cards.

Steptrack Receivers

Steptrack refers to systems with tracking ability based on the signal strength of the target
to be tracked. These systems use a one-channel receiver to provide a DC output that is
proportional to the received signal strength. A software algorithm then moves each of the
two antenna axes (one at a time) to maximize the received signal level. The algorithm
remembers the signal level before and after each step and then decides which way to
move that axis during its next step.

Depending on the system requirements, the tracking receiver for steptrack mode can be
one of several types. The two most commonly used ones are a simple, wide-bandwidth
AM receiver and a narrow bandwidth PLL receiver. In either case, an AGC loop provides
the necessary signal strength information to the software algorithm. The ACU will
implement either type of receiver by plugging in the proper circuit card. The technical
characteristics of the two types of steptrack receivers are shown in Table 1.

The PLL receiver has all the features associated with a sophisticated receiver including:

C Autosearch Tuning C Loop Open C Manual Tuning
C Adjustable Tracking Thresholds C Loop Short C Loop Stress Meter
C Selectable PLL Bandwidths C Manual Open C Tuning Frequency Meter
C Adjustable AGC Response Times C Status Outputs C Audible Beat Note
C Anti-sideband Locking C Linear AGC C Full Remote Control



Table 1. Steptrack Receiver Specifications

Description Receiver PLL Receiver
Wide Bandwidth Narrow Bandwidth

Input Signal: --- ---

Center Frequency (MHZ) 70 70

Impedance (Ohms) 50 50

Level (dBm) -30 to -70 -40 to -100

Tuning Range (kHz) N/A ± 150
(linear range)

Linear Dynamic Range (dB) 40 60

AGC Linearity Over Dynamic ± 3 max < ± 0.5 typ
Range (dB) < ± 1.0 max

AGC Time Constant (ms) 300 3, 30, 300, 3000

Type of Receiver Non-coherent AM Coherent (PLL)

Bandwidth 240 kHz min (-3 dB) 300 - 3000 Hz
1100 kHz max (-50 dB) Selectable

Input VSWR 1.5:1 1.5:1

Noise Figure (dB) 12 14

Tracking Output 2.5 dB/volt 3.0 dB/volt

Autotrack Receivers

Autotrack refers to the various systems where the antenna’s microwave feed provides
azimuth and elevation error signals as well as a reference (sum) channel. After suitable
processing, the azimuth and elevation error signals are used to drive the antenna to track
the signal source. Autotrack systems are typically classified as one-, two-, or three-
channel systems. They are named according to how many RF channels are used to bring
the Az, El, and reference (sum) information to the tracking receiver. Three-channel
systems (Az, El, and reference) bring all the RF information down to the receiver in
parallel. Two-channel systems typically have the Az/El information combined vectorially
into one signal. This combined signal must be split apart into its two orthogonal
components by the receiver. 



One-channel systems AM modulate the Az/El error information onto the reference signal.
The TIW ACU can accommodate any of the autotrack systems by plugging in the proper
receiver cards.

Two- And Three-Channel Autotrack Receivers - The two- and three-channel systems use
one card for the reference channel and an additional card for each of the error channels.
The specifications and features of the reference channel card are the same as the PLL
steptrack card described earlier. The specifications for the error channel cards are given in
Table II.

Table II. Error Channel Specifications
(Two- And Three-Channel Systems)

Description Specification

Error Input Signals ---

Frequency (MHZ) 70.000

Maximum Input (dBm) -50

Minimum Input 40 dB less than reference

Impedance (Ohms) 50

Error Output Regulation (dB) < ± 1 max (over 60 dB range)

Error Output Drift < ± 1% of max output over 24
hours

Error Output Bandwidth (Hz) 12

One-Channel Autotrack Receiver - The receiver card for the one-channel autotrack
system is an AM detector with selectable IF bandwidths and AGC response times. The
receiver has an input frequency of 70 MHZ and an AGC linearity of ±2 dB over a 60 dB
dynamic range. The receiver includes the scan driver circuitry for AM modulating the
Az/El error information onto the reference channel. The receiver also includes the circuitry
for demodulating and separating the error information.

AUTOPHASING CONTROL

In multiple-channel autotrack systems, the phase of the error channel(s) contains
information on the direction of the antenna to the satellite. This means the relative phase
between the reference (sum) and each error channel must be adjustable. This is typically



done by placing a phase shifter in each of the error channels. When the tracking
frequency, polarization, or physical path length changes, each error channel must be re-
phased. Depending on the system requirements, automatic phasing may be required. For
these systems, the ACU is supplied with an autophase I/O card and autophasing software.
This allows the ACU to read the status of the physical configuration, polarization, and
other information needed for proper phasing of the receiver. The ACU software will then
keep the phase shifters tuned to the right setting. The software provides both manual and
automatic modes for determining the correct phase setting.

TRACKING SYNTHESIZER

When many frequencies are used for tracking, it becomes cost effective to use a
synthesizer to control the local oscillator of the tracking downconverter. In the past, this
function required an expensive, rack-mounted chassis. The TIW ACU has a plug-in
synthesizer card to perform this function. The synthesizer card drives an agile source
located in the tracking downconverter. In normal operation, the tracking frequency is set
using the keypad on the ACU front panel or through the ACU’s remote interface. For test
purposes, the synthesizer can be controlled manually with a series of DIP switches. The
ACU will automatically re-phase the tracking receiver whenever the synthesizer frequency
changes. The specifications for the synthesizer are given in Table III.

Table III. Tracking Synthesizer Specifications

Description Specification

Frequency Band (MHZ) 88.500 - 120.000

Frequency Step Size (Hz) 0.012

Frequency Stability ±5x10-8

SSB Phase Noise -100 at 100 Hz offset
(dBc/Hz) -110 at 1.0 KHz offset

-120 at 10.0 KHz offset
- 130 at $100 KHz offset

Spurious (dBc) -55 minimum

Output Level (dBm) (Adjustable) 0 to +10

Harmonics (dBc) -35



REMOTE OPERATION

For remote operation, the ACU is connected to an external computer via a serial interface.
Full control and status of all the various controller functions can be accessed over the
interface. A hardware/software package (PTIC) is available for those users who wish to
expand the remote capabilities of the ACU. The PTIC adds several advanced tracking
modes and provides a color-graphic, menu-driven operator interface. Figure 2 shows one
of the screen layouts for PTIC package. The PTIC software adds the following modes of
operation: computer track, NORAD track, INTELSAT track, star track, and augmented
steptrack. These modes are described below.

Computer Track

This mode allows an external computer to load time tagged Az/El data into the PTIC’s
memory. After the data is loaded, the ACU will position the antenna according to the
time/Az/El data it receives from the PTIC. The ACU can add azimuth, elevation, and time
offsets to the computer track trajectory.

NORAD And INTELSAT Track Modes

These tracking modes allow the user to send NORAD or INTELSAT element sets to the
PTIC. The ACU will then command the appropriate Az/El angles at the right time to track
the object. The ACU can add azimuth, elevation, and time offsets to the calculated
trajectory during the track. The PTIC supports four NORAD orbital models: SGP,
SGP4, SDP4, and SDP8.

Star Track

The star track mode allows the user to select and track one of several stellar sources. This
mode is useful for making G/T measurements of the antenna’s performance. Azimuth,
elevation, and time offsets can be added during the track.

Augmented Steptrack Mode

This mode superimposes the standard steptrack mode on top of a computer track,
NORAD track, or INTELSAT track. This allows the ACU to track out any Az,El, or time
offsets that may be present in the computer generated trajectories. Augmented steptrack
allows the ACU to track relatively fast moving targets with an inexpensive steptracking
system. In many instances, this mode may make it possible to avoid the extra cost
associated with a monopulse autotracking system.



CONCLUSION

This paper described some of the features of TIW’s new antenna controller. The new
controller integrates into one chassis the functions of an antenna control unit, position
display unit, polarization control unit, tracking receiver, autophase control unit, and a
frequency synthesizer. More functions can be added through the use of custom-designed,
plug-in cards. Advanced tracking modes and a color-graphics operator interface can be
added via one of the ACU’s serial ports.

Figure 1.  Antenna Controller



Figure 2. Screen Layout



THE EFFICIENCY PROBLEM IN SMALL
TELEMETRY COLLECTION SYSTEMS

Edmond Walsh
S.T. Research Corporation

8419 Terminal Road
Newington, Virginia 22122

ABSTRACT

Small telemetry antennas (under ten feet) are popular on
many ranges due to ease of handling and low cost.
Unfortunately spillover, taper loss, diffraction loss,
aperture blockage and feed efficiency can combine to reduce
overall antenna efficiencies under ten percent. Even for a
low cost antenna system, these are unacceptable losses.

This paper characterizes these losses and introduces an
efficient feed with a scanning acquisition beam specifically
for small reflectors.

INTRODUCTION

Antenna efficiency is discussed below with emphasis on those
factors which contribute major losses in the 1.4 to 2.4 GHz
frequency range for small reflectors. Feed configurations
are discussed which reduce the impact of these loss factors
and a novel tracking and acquisition feed is presented.

MAJOR LOSSES

Diffraction - Diffraction loss results from scattering at
the reflector boundaries and increases dramatically with
reduction in reflector sizes below ten wavelengths in
diameter. Diffraction theory has not yet yielded a handbook
solution for parabolas with diameters between one and ten
wavelengths. However, many designers use parabolas with
diameters between five and ten wavelengths based on
empirical data. For these reflector sizes, diffraction alone
accounts for an additional 1 or 2 dB reduction in gain.

Spillover and Taper Losses - Figure 1 shows curves
indicating typical spillover and taper losses. Spillover



loss is defined here as the amount of energy radiating from
the feed that misses the main reflector. Taper loss is the
amount of loss due to amplitude taper across the aperture
(i.e., zero taper loss assumes constant amplitude across the
dish). From Figure 1, it can be seen that most reflectors
will exhibit spillover and taper losses of approximately
2 dB. For a low cost antenna system, 2 dB for combined
spillover and taper loss is reasonable.

Aperture Blockage - The ratio of feed blockage area to the
reflector area can be used as an approximation to the loss
in gain due to feed blockage. Figure 2 shows that the
effects of aperture blockage increase as reflector size
decreases. For a small reflector in the low frequency
telemetry band, the effects of aperture blockage and
diffraction loss are exacerbated by the fact that these
phenomena also create higher sidelobes. Aperture blockage is
the more severe problem because it substantially increases
the first sidelobes, which in turn degrade the angular
limits over which the system can track or acquire
automatically.

Feed Losses - In the 1.4 to 2.4 GHz band, a three channel
monopulse feed with waveguide beam former can be built with
less than 1 dB of loss for the entire feed. Unfortunately,
this scheme requires several cubic feet of volume at the
feed location and is only applicable to large reflectors. If
the beam former is composed of stripline or microstrip, the
losses will increase by 1 or 2 dB. If the system is
converted at the output of the beam former to a single
channel system, additional losses of 1 or 2 dB will be
incurred in the scan converter. At this point the system is
no longer attractive relative to a con-scan feed with
smaller aperture blockage and lower losses. Feed loss and
blockage are the principal reasons for the utility of
con-scan feeds on small reflectors.

Feed Configurations - After review of the foregoing data, a
reasonable designer will frequently choose to investigate
alternate configurations. He may try to eliminate feeds in
front of the reflector which require arrayed elements since
larger feeds substantially degrade both the acquisition and
tracking beams. If he has a requirement for automatic
acquisition he may decide to separate the tracking and
acquisition functions. The designer may use a single
conically scanned antenna for the tracking beam and mount
the acquisition feed on the edge of the reflector or utilize



a compound acquisition and tracking feed mounted back-to-
back. The disadvantage in mounting the acquisition feed on
the edge of the dish is that the relatively wide beam of the
acquisition feed is likely to be asymmetrically perturbed by
the primary feed unless it is mounted separately from the
main reflector. In the back-to-back configuration, the
designer is still under pressure to keep the aperture
blockage down. At this juncture, the designer still has a
number of options for a ten foot antenna; however, smaller
size rapidly reduces the number of options. For small,
mobile, collection systems severe performance tradeoffs are
required.

Con-Scan Squared Feed - S.T. Research Corporation is
currently developing a configuration which allows the
designer to include automatic acquisition and maintain high
efficiencies on low cost systems. The approach is so simple
it is probably not new. However, it is so easily integrated
with state-of-the-practice systems it warrants a new look.

The concept is shown in Figure 3. It consists of two back-
to-back circular waveguide elements of slightly different
designs. The tracking antenna achieves its conical scan from
lateral displacement as it rotates. The acquisition antenna
develops a con-scan beam from a slanted aperture.

Both antennas can be produced with stationary wave launchers
by rotating the waveguide and using a simple waveguide choke
between the waveguide walls and the stationary wave
launchers. The waveguides are directly coupled to external
rotor, brushless, DC motors which weigh less than three
quarters of a pound each. It should be emphasized that no
switches, hybrids, or phase shifters are required to develop
either beam. The gain in these tracking and acquisition
feeds are, therefore, likely to be 2 to 4 dB higher than
single channel monopulse and sequential lobing schemes which
require scan converters and beam forming matrices.

If orthogonal wave launchers are used (e.g., crossed
dipoles), these elements can produce dual linear or dual
circular polarization depending on systems specifications.
The dual circular polarization can be produced by addition
of a single hybrid for each feed with less than one-half dB
additional loss. Figure 4 shows the relationship between
acquisition and tracking beams. Performance of prototype
feeds are shown in Figure 5.



Advantages and Disadvantages - The disadvantages of most
con-scan systems are reduced by virtue of the stationary
feeds and the automatic acquisition system. The stationary
feed and choke flange eliminate the need for a rotary joint,
thereby increasing system reliability. The automatic
acquisition function allows the designer to reduce the scan
angle of the tracking feed. For small reflectors the scan
modulation can be reduced to less than one-half dB on
boresight. This also results in lowering the effect of
scanning on sidelobes.

The problem of low angle tracking encountered with small
reflectors must be dealt with on this system. Most producers
of telemetry systems employ some type of processing to
reduce the effects of multipath during low angle tracking.
On the Con-Scan Squared system, multipath discrimination is
used on both the tracking and acquisition beams.

The advantages of this system are very substantial:

a. The total antenna efficiency is high - approaching
fifty percent for both beams.

b. The same scan demodulator is used for both beams.

C. The patterns are cleaner and sidelobes are lower since
the blockage of the combined tracking and acquisition
feeds is very small.

d. On small reflectors, the ratio of tracking beam gain to
acquisition beam gain is fortuitously about 13 to
16 dB. The acquisition system can work with signals
close to system noise level. When the system switches
to the tracking beams, a comfortable carrier-to-noise
level of about 13 dB is encountered.

CONCLUSION

In summary, the antenna problems encountered with small
reflectors for mobile collection of telemetry signals can be
minimized by using a conically scanning tracking antenna. In
addition, if automatic acquisition is desirable it can be
accommodated in a back-to-back configuration while
maintaining reasonable performance. The high efficiencies of
this system will enable the designer to use smaller
reflectors and pedestals.



Figure 1. Edge Illumination (dB) Figure 2. Losses Due to Central
Taper and Spillover Losses Blockage Ratio (Df/D)*

Figure 3. Con-Scan Squared Feed* Figure 4. Feed Patterns

*Where Df = Feed Diameter
       D  = Reflector Diameter



Figure 5. Feed Performance



A COMPUTER CONTROLLED TYPE-2 TELEMETRY
TRACKING SYSTEM
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ABSTRACT

The seven WSMR Transportable Telemetry Acquisition Systems
(TTAS), have served WSMR well as primary telemetry tracking
systems since their acquisition over twenty years ago.
Increasing maintenance demands for the original analog
position control system (the antenna feed, servo power
amplifiers, and position compensation) coupled with the
potential for substantial tracking system performance
improvement and self-diagnostic capability offered by
current technology led to the establishment of a new
instrumentation development task at WSMR whose objective was
the development of a new, almost totally digital prototype
tracking system to replace the aging analog control system
in one of the TTAS’s. A modern conical scan feed has
replaced the original monopulse feed, pulse-width-modulated
power amplifiers have replaced the originals using SCR’s,
and a VMEbus-based computer using a real-time operating
system has replaced the analog compensation and overall
control of the system.

In this paper, following an overview of the prototype
tracking system, the results of the development of a new
position control algorithm for the prototype tracking system
are described using root loci, computer simulation, and from
the actual tracking system using servo test software
developed for the computer controller. The results of the
study of the old analog control system using computer
simulation are presented for comparison. Problems
encountered with the TTAS directly affecting position
control are also presented.

The new position control algorithm was designed to
accommodate all of the critical tracking system



nonlinearities (power amplifier saturation, current
limiting, dead band, and control output saturation), all
tracking modes (autotrack, manual, and using external
pointing data), different operating bandwidths, and all
possible drive inputs to the system. It has converted the
tracking system from a type-1 to a type-2 control system
improving the dynamic capability of the TTAs.

INTRODUCTION

The seven TTAS’s, produced by Symmetrics Corporation, were
acquired by WSMR in 1967 with the first being delivered in
1969. (TTAS #1 is illustrated in Figure 2.) The TTAS is a
self-contained, transportable, dual-axis telemetry tracking
system using, originally, a single-channel monopulse antenna
feed to automatically track a moving target transmitting an
S-band or L-band telemetry signal with a minimum tracking
threshold (receive level) of -120 dBm with a 100 kHz
bandwidth. The tracking system can be slaved to externally
derived pointing data (from a radar, for example) for
initial target acquisition or reacquisition if it loses
automatic track (called Autotrack), or it can be manipulated
manually by an operator.

OVERVIEW OF THE PROTOTYPE TRACKING SYSTEM

The development of the new position control algorithm
involved the characterization of the entire prototype
tracking system using Laplace transforms and difference
equations (z-transforms). (A block diagram describing one
axis of the tracking system is illustrated in Figure 1.)

The Rate Loop

The understanding of a position control system begins with
an understanding of its rate loop which contains the motor.
The motor is characterized using the following three
differential equations describing the motor-torque
relationships as seen by the motor on its side of the
gearbox:

T  = j(d21e /dt ) + B(d1 /dt) + T (1)M  M   M   N
2

T  = K I (2)M  i a



E  = RI  + L(dI /dt) + K (d1 /dt) (3)a  a  a   b M

B = total viscous friction, as seen by motor
E = applied voltage to motora

I = motor currenta

J = total moment of inertia, as seen by motor
K = motor back emf constantb

K = motor torque constanti

L = armature inductance
T = torque produced by motor, on motor side of theM

gearbox
T = noise torque (considered negligible)N

R = armature resistance
1 = rotor positionM

From equations 1 and 2, tracking acceleration is
proportional to the amount of available motor drive current
and inversely proportional to the moment of inertia. For
TTAS #1, the azimuth and elevation moments of inertia were
measured (on the load side of the gearbox) to be
approximately 1600 ft-lb-sec  and 325 ft-lb-sec2   2

respectively. Thus, the azimuth tracking acceleration and
deceleration are more limited than in elevation (because the
motor drive current is also limited) and the azimuth
stability margin is reduced.

The power amplifier, tachometer loop, and current loop are
described with the next equation:

E  = A{E  - K K (d1/dt) - f(I )} (4)a  i  t att   a

For the prototype tracking system, no nonscaler compensation
is necessary in the forward part of the rate loop. Thus, the
power amplifier gain in each axis is represented by the
simple scaler gain constant A in the linear range of the
power amplifiers. (The original amplifiers utilized lead-lag
compensation.) Because the power amplifiers saturate, a
nonlinear area is created in which a maximum limit is placed
on tracking velocity, as indicated by equation 3. The
tachometer feedback loop also uses scaler compensation--the
tachometer constant (K ) and attenuation (K ). Current loopt    att

feedback is nonlinear--essentially, the magnitude of the
current is squared. The result of limiting motor drive
current is that the motor torque output is limited, as
indicated by equation 2. This subsequently places a maximum



limit on tracking acceleration, as indicated by equation 1.
(The purpose in limiting the motor drive current is to
prevent the motor from overheating and to prevent the rotor
windings from becoming distorted.)

Position Loop Compensation

The position control compensation selected for the prototype
tracking system is the PID (proportionality-integrator-
differentiator) controller illustrated in Figure 3. The pure
integrator present in this compensation causes the prototype
tracking system to be type-2. (The original position control
compensation used a lossy integrator to create a type-1
control system-)

To implement the PID controller algorithm in the computer
software, discrete z-domain (or difference) equations were
used to represent it. After computing the PID drive output,
the computer sends the output to the rate loop via a
digital-to-analog converter (DAC) using the zero-order hold
technique. Because it is possible for the PID controller to
generate values exceeding the saturation level of the DAC,
nonlinear compensation was incorporated into the PID
controller algorithm to limit its maximum output to that of
the DAC without changing its primary function of creating a
type-2 tracking system. (DAC saturation is one of the more
critical nonlinearities affecting tracking system control.)

The Manual, Slave, and Autotrack Position Feedback Paths

The prototype tracking system has two position feedback
paths per axis. The first, used by the Manual and Slave
tracking modes, is implemented through a coarse and fine
synchro set and dual-speed synchro-to-digital converter
(SDC, refer to Figure 1). The SDC provides 16-bit resolution
or 19.8 seconds of arc making position deadband (or
granularity) negligible. The computer then derives the
tracking error by reading the encoder used by an operator in
the Manual tracking mode or by reading the externally
derived pointing angle data in the Slave tracking mode and
subtracting the SDC data. (In the original tracking system,
control and transmit synchros were used for Manual mode.)

The other position feedback path utilizes the RF subsystem
in the Autotrack tracking mode, the main tracking mode. The



tracking error signals in Autotrack are derived by the
conical scan feed, receivers, and tracking error
demodulators. In this mode, the computer reads the tracking
error an the receiver AGC output to determine whether the
received signal is within the main beam of the antenna.

PROTOTYPE TRACKING SYSTEM RESULTS

Root Loci

Three root loci describe the frequency response of the
prototype tracking system and are shown in Figures 4, 5, and
6. They were generated from a third-order characteristic
equation and illustrate only the placement of the poles to
show where the system is overdamped, critically damped, or
underdamped. (The inclusion of the zeros into the root loci
was unnecessary.)

The shape of the root locus is dependent on two of the PID
controller gains (K  and K ) and the configuration of thep  D

rate loop, while location within a root locus is dependent
only on the PID integrator gain, K  In Figure 4, when K  isI     p

not much bigger than K , the tracking system will beD

overdamped when K  is small and become underdamped as KI       I

increases. As K  increases relative to K  the root locus inp    D

Figure 5 is generated showing that when K  is small, theI

tracking system will be underdamped. As K  increases, theI

tracking system becomes overdamped. However, as K  continues,I

to increase, the tracking system again becomes underdamped,
but less stable than when K  was small initially. Finally,I

when K  is much larger than K , the tracking system willp     D

always be underdamped regardless of the value of K  asI

illustrated in Figure 6.

Of the three root loci, the PID gains creating the root
locus illustrated in Figure 5 were selected as being the
optimum gains for the prototype tracking system because they
are the largest gains which allow the tracking system to be
overdamped or critically damped and have better performance
than the gains creating the root locus in Figure 4. An
underdamped response is not acceptable, thus the gains
creating the root locus in Figure 6 are not acceptable.



Computer Simulation Results

Computer simulation provided the least difficult means of
studying the effects of the numerous nonlinearities present
within the prototype tracking system. Current limiting and
DAC saturation were discovered to be the most dominant
nonlinearities of the tracking system, causing regions of
instability to exist not predicted by the root loci because
nonlinear stability is a function of the magnitude of
tracking error.

Four basic servo tests were conducted using computer
simulation to study the tracking performance of the
prototype tracking system. These were the small step input,
large step input, constant velocity input, and constant
acceleration input tests. (The large step response was used
to study nonlinear stability.) The position and tracking
error results for each of these tests are illustrated in
Figures 7, 8, 9, and 10 respectively.

Using the root locus results, gains for the PID controller
were selected to achieve a critically damped response for
low tracking bandwidth, as depicted by the small step
response in Figure 7. Overshoot was minimized to about
12 percent and the settling time to 1.5 seconds. The large
step response, in Figure 8, appears overdamped because of
the nonlinear compensation which comes into action for large
tracking errors. If the nonlinear compensation was removed,
the large step response would be severely underdamped
because the PID integrator will store very large values
requiring much more time to settle. If either of these
responses had been unstable, the position would have
oscillated within a range not exceeding 10 degrees because
the tracking system nonlinearities prevent the oscillation
magnitude from exponentially increasing, as depicted by
linear control theory. (This is also true of the actual
tracking system.)

The constant velocity and constant acceleration responses
illustrated in Figures 9 and 10 respectively prove that the
prototype tracking system is type 2 because the steady-state
constant velocity tracking error is zero and the steady-
state constant acceleration tracking error is a non-zero
constant. With the PID gains selected for these tests, a
tracking system K  of 15.6 was achieved.a



Actual Prototype Tracking System Results

The following actual prototype tracking system tests were
conducted on the azimuth axis and are the same type as done
with the computer simulation. For each test, the same PID
controller gains were used and were similar to those used
for the computer simulation. The graphs illustrated were
generated by the prototype tracking system computer. (The
response information provided in the upper right-hand corner
of each graph is not completely correct because the software
used to generate the graphs was not complete at the time
these graphs were printed.)

The first test was a one-degree small step response with a
starting position of one degree as illustrated in Figure 11.
The settling time was under 1.5 seconds. The overshoot was
100 percent because of the large moment of inertia in the
azimuth axis. (The elevation axis experiences 25 percent
overshoot for this test using similar PID gains.) Though the
overshoot is high, the response is acceptable because the
response was critically damped and settled quickly.

The 45-degree large step response from an initial position
of five degrees, illustrated in Figure 12, was better than
the computer simulation large step response illustrated in
Figure 8. The large step settling time was approximately two
seconds and the overshoot was about 3%. The overshoot is
very small because the nonlinear compensation used in the
control algorithm dominates the control of the response as
with the computer simulation.

Figures 13 and 14 illustrate the azimuth axis velocity and
tracking error respectively for a five degree/second
constant velocity response. The tracking system reaches
constant velocity in under two seconds and the steady-state
tracking error is zero indicating that the prototype
tracking system is not type-1.

Figures 15 and 16 illustrate the linearly-increasing
velocity and tracking error for a 2-degree/second/second
constant acceleration test for the azimuth axis. The
prototype tracking system reaches a steady-state tracking
error of about 0.17 degrees in less than two seconds meaning
that the K  for this test was approximately 12 and that thea

prototype tracking system is type-2.



COMPARISON WITH THE ORIGINAL TRACKING SYSTEM

The tracking performance of the original type-1 tracking
system is illustrated using a computer simulation constant
velocity and constant acceleration response shown in Figures
17 and 18 respectively.

For a constant velocity input, the type-1 tracking system
has a non-zero steady-state tracking error; and for a
constant acceleration input, there is no steady-state
tracking error. K  is zero. Thus, the original type-1a

tracking system cannot, for extended periods of time, track
a constantly accelerating target because the tracking error
eventually exceeds the beamwidth of the antenna and loses
Autotrack. In contrast, the prototype type-2 tracking system
could, theoretically, track a constantly accelerating target
indefinitely; but the actual tracking system would reach
maximum velocity, a pedestal travel limit, or both.

PROBLEMS ENCOUNTERED WITH THE TRACKING SYSTEM

Several problems were discovered with the TTAS directly
affecting the prototype tracking system after its
installation in the TTAS. Two of the problems and their
solutions are discussed below.

Chaotic Synchro-to-Digital Converter Behavior

The synchro-to-digital converters used in the TTAS, not part
of the installed prototype tracking system equipment, are a
dual-speed converter set consisting of two interconnected
modules. At random times, the SDC’s report erroneous
pedestal positions to the prototype tracking system
computer. If the computer is in the Manual or Slave tracking
mode at that time, it interprets the reported erroneous
positions as being actual and attempts correction. This
results in the pedestal suddenly jerking forward and
immediately returning to the prior correct position because
the erroneous position data is usually reported during only
one iteration. Repeated severe jerking eventually caused the
azimuth gearbox to be torn loose within the pedestal and
required repair.

During the exhaustive investigation which isolated this
problem to the SDC’s, the SDC manufacturer was contacted and



asked for assistance to identify the cause of the problem.
The manufacturer identified the problem as an inherent
design flaw within the converters, for which the only the
solution is replacement. As a temporary solution, before the
replacement SDC’s are acquired, software was written to
recognize the position feedback spikes and prevent them from
entering the position loop. Spikes of small magnitude are
not suppressed by this software, but their potential to
damage the pedestal is very small.

Tracking Error Signal Noise

The tracking error demodulators, acquired with the conical
scan feed, output tracking error signals comprised of about
50 percent ac ripple at the conical scan rate frequency and
other high frequency noise. Because the prototype tracking
system computer samples data at a slower rate than the
conical scan frequency, it was necessary to add analog
filtering to the tracking error demodulator outputs to
prevent the tracking error signal noise from entering the
position control loop. The inclusion of the analog filtering
in the Autotrack position feedback reduced the gain and
phase margins of the tracking system. To accommodate for the
altered response, the PID gains were modified to compensate
for the increased lag from the analog filtering.

CONCLUSION

The incorporation of the computer controlled prototype
tracking system into the TTAS has thus far proven to be an
excellent replacement for the increasingly cumbersome analog
control system. The dynamic capability of the tracking
system has been enhanced by the type-2 PID algorithm, and
through the self-diagnostic software and automated test
system developed for the computer controller, TTAS operators
will be able to quickly identify problems within the TTAS
and measure various system parameters such as the system K ,a
G/T, antenna pattern, and noise floor. Also, the
incorporation of that computer has provided a future
capability of controlling the TTAS remotely. (The original
control system has no remote control capability.) Thus, the
use of digital technology in the place of classic analog
servo components for future telemetry tracking system
designs has been shown to offer numerous advantages and
performance improvements.



An identified possible potential problem with the prototype
tracking system will be the longevity and durability of the
computer equipment housed in a mobile van in a field
environment. The imminence of this problem is not yet known.
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DUAL BAND EHF AUTOTRACK FEED

Frank Cipolla and Gerry Seck
Datron Systems Inc.

ABSTRACT

Datron Systems has designed a dual band EHF autotrack feed.
The feed allows simultaneous reception and autotracking at K
band while transmitting at Q band. The feed design and
operation is discussed.

INTRODUCTION

The design and operation of a dual band EHF autotrack feed
is presented. The feed supports the requirement to receive
and autotrack a K band signal while allowing the
transmission of a Q band signal simultaneously. These
requirements presented a challenging design task because of
the wide frequency separation between K and Q band. The K
band waveguide size is WR42 which can propagate higher order
modes at Q band. In addition, the power handling capability
is important since the Q band transmits watts of power.
Filtering is also a consideration to keep the Q band power
from coupling into the K band channels to damage level
sensitive devices such as low noise amplifiers (LNAs).

Existing antenna systems utilize either a Cassegrain
reflector geometry with a conscan dichroic subreflector or
an offset prime focus reflector geometry with a mount
(gimbal) scan. The former suffers from the dichroic surface
insertion loss and uplink loss due to Q band beam crossover.
The latter suffers from a limited scan speed due to the
reflector and mount size. The Datron dual band EHF feed
eliminates these shortcomings because only the K band
antenna beam is scanned, no dichroic surface is needed and
the scanning is done electronically at kilohertz rates.

FEED DESIGN

The dual band EHF autotrack feed consists of three distinct
channels. These channels are called K band center, K band



track and Q band uplink. Implementing these three channels
in one feed geometry is accomplished by using a coaxial
waveguide transmission line. The K band center and track
signals propagate between the outer diameter of the center
conductor and the inside diameter of the outer conductor of
a coaxial line. The K band center channel signal propagates
in the TE  coaxial waveguide mode while the track channel11

signal propagates in the TE  mode. The Q band uplink channel21

is formed by making the center conductor of the coaxial line
hollow to produce a circular waveguide. The Q band signal
propagates in the dominant TE  circular waveguide mode.11

The three channels share a common radiating element which is
important for feed operation in a Cassegrain reflector
geometry. The radiating element is a conical corrugated
horn. The corrugated horn acheives dual bandwidth operation
by utilizing a 45 degree semi-flare angle and setting the
corrugation depth to slightly greater than 3/8 wavelength at
the lowest operating frequency. The corrugations produce the
balanced HE  and HE  hybrid modes in the horn when driven by11  21

the TE  and TE  modes respectively from the coaxial line.11  21

The balanced HE modes radiate sum (center, data) and
difference (track) patterns that are circularly symmetric
(equal beamwidths in all pattern planes). This symmetry
provides increased efficiency over smooth walled conical or
pyramidal horns because:

1) the feed power spillover past the subreflector is
controlled precisely;

2) the aperture illumination produced on the main
reflector is controlled precisely;

3) there is no phase error loss due to pattern
astigmatism.

A dielectric rod protrudes out of the hollow center
conductor of the coaxial line to provide both impedance
matching and to move the Q band horn phase center to be
coincident with the K band phase center. This is an
important attribute for feeding the single focal point of a
Cassegrain reflector geometry. The horn is constructed from
a machined copper billet.

The feed K band center (data) channel consists of a
corrugated horn, a TE  tracking mode coupler, a turnstile21

orthomode transducer and magic tees as shown in Figure 1.



The turnstile orthomode transducer (OMT) extracts the TE11

signal out of the coaxial line. The two TE  linear turnstile11

outputs are combined with a 90 degree phase path difference
into a magic tee to produce RHCP polarization. The feed on
axis axial ratio is 2 dB worst case across its operating K
band frequencies. The final magic tee provides the
polarization isolation. Cross polarized LHCP signals are
terminated into a waveguide load.

The Q band uplink channel consists of the shared corrugated
horn, dielectric matching rod and a polarizer/orthomode
transducer also shown in Figure 1. The combined polarizer/
orthomode transducer is an electriformed copper component.
The feed on axis axial ratio is 1.5 dB maximum over its
operating Q band frequencies. The polarizer/orthomode
transducer provides 25 dB minimum polarization isolation.
Cross polarized LHCP signals are terminated into a waveguide
load. The Q band waveguide sizes allow the power handling
requirement to be met.

The track channel consists of the corrugated horn, tracking
mode coupler, two 4 way power combiners, a 3 dB hybrid
coupler, a band pass filter, a 2 bit phase shifter and a
3 dB single channel monopulse (SCM) coupler. The track
channel block diagram is shown in Figure 2.

The key component of the feed is the tracking mode coupler
which is shown in Figure 4. The K band modes propagate
between the inner and outer conductors of the coax line. The
coupler generates the coaxial TE  waveguide mode that21

radiates a difference pattern to provide autotracking. The
autotracking capability is acheived while allowing the TE11

mode corresponding to the center (data) channel to propagate
with very low insertion loss. The coupler is formed by an
overmoded coaxial waveguide as the coupling line and
dominant TE  mode rectangular guides as the coupled lines.10

Coupling between the guides is controlled by the size and
spacing of coupling holes located in a common wall (narrow
wall for the rectangular guides) between the guides. The
coupler provides a calculated coupling of 0.5 dB nominally
(TE  to TE ). The mode coupler is an aluminum machined and21  10

silver plated assembly to maintain tight mechanical
tolerancing.



The mode coupler coupled rectangular guides are terminated
with waveguide to coax adapters. Four of the guide outputs
are combined with a four way stripline power combiner and
phase matched cables to form a ‘linear’ TE  mode. Two of21

these modes are combined with a stripline quadrature hybrid
to yield a RHCP track signal. The LHCP cross polarized port
on the hybrid is terminated with a coaxial load. The
mechanical lay-out of the dual band EHF feed is shown in
Figure 3. Only one of the eight waveguide to coax adapters
is shown in the figure for clarity. Not shown are the track
channel coaxial components.

Band pass filters with a waffle iron section provide
rejection to any residual transmit Q band power introduced
into the track channel from the mode coupler and into the
center channel from the magic tee combining circuit. These
filters are required to protect the center and track channel
LNAs from saturation by the transmit power. Their minimum
rejection at Q band is 50 dB.

The K band center and track channels are each amplified by
an identical low noise amplifier. Each LNA provides 30 dB
minimum gain with a maximum noise temperature of 230 degrees
Kelvin. Each LNA has WR42 waveguide flanges for the input
and output interfaces.

A key component in the track channel is the SCM phase
shifter. The phase shifter utilizes two control bits and
allows the track channel phase to be controlled to within an
accuracy of 7 degrees. The two bits are 0/90 degrees and
0/180 degrees.

The track channel is coupled onto the center channel to form
a single channel monopulse signal at the SCM coupler. The
3 dB coupler is a narrow wall waveguide type.

FEED OPERATION

The two bits of the track channel phase shifter are toggled
with square waves to produce a phase modulation on the track
channel that corresponds to the SCM combined antenna pattern
scanning up, right, down and left of boresight. After
coupling the track channel onto the center channel in the
SCM coupler, the resulting amplitude modulation on the SCM
combined signal relates to the RF source offset from the



boresight direction. The amplitude of the track channel is
proportional to the amount of pointing error between the RF
beam and the RF source. The direction of the pointing error
is given by the relative phase of the track channel to the
center channel. This mode coupler feed is an example of a
rho-theta tracker.

Any phase error between the center and track channel (other
then the 0,90,180, 270 degree scanning offsets) lead to
cross coupling or crosstalk between the azimuth and
elevation error signals. Phasing waveguide is added into the
center channel to insure phase tracking between the two
channels over frequency.

A 3 dB SCM coupler was selected in order to combine the
center and track channels with equal weighting. This
selection was made in order to meet the requirement that the
SCM combined secondary antenna beam dither off of boresight
by 20 percent of the antenna half power beamwidth. This
large beam dither produces a large tracking error amplitude
modulation which is desirable for keeping the thermal
tracking jitter in the antenna servo system low.

The penalty in using such a tight SCM coupler value is the
3 dB reduction in the center channel signal due to the
coupling loss. However because of the high pattern
efficiency provided by this feed and the use of separate
center and track channel LNAs, the system G/T is still met
with margin. The high antenna efficiency at Q band also
allows the system EIRP to be met with margin.

CONCLUSIONS

Datron Systems has designed a dual band EHF autotrack feed.
The feed allows simultaneous reception and autotracking at K
band while transmitting at Q band.

The feed major components are a corrugated conical feed
horn, a coaxial tracking mode coupler and a two bit track
channel phase shifter. The feed is designed for use in a
Cassegrain reflector geometry but it also can be used in the
dual shaped reflector or offset prime focus geometries. The
key advantage to this feed is a more reliable alternative to
conscan dichroic subreflector systems (with their associated
loss) while providing equivalent tracking performance and



improved uplink EIRP (no conscan crossover loss at Q band).
In the case of the offset prime focus geometry, this feed
provides autotracking performance not possible from a mount
(gimbal) scan approach. The feed allows the system tracking,
G/T and EIRP requirements to be met.

 Figure 1
Dual Band EHF Autotrack Feed Block Diagram

Center (Data) Channels



 Figure 2
Dual Band EHF Autotrack Feed Track Channel Block Diagram

 Figure 3
Dual Band EHF Autotrack Feed Mechanical Outline

(Not To Scale)



Figure 4
EHF Track Mode Coupler



A HIGH-EFFICIENCY MODE COUPLER AUTOTRACKING FEED

Frank Cipolla and Gerry Seck
Datron Systems Inc.

ABSTRACT

Datron Systems Inc. has developed a high efficiency
autotrack feed series which uses a tracking mode coupler to
generate track error signals. The mode coupler allows the
use of a corrugated feed horn in doubly shaped or cassegrain
geometries or a scaler ring feed in prime focus reflectors,
to achieve extremely high overall antenna efficiencies. The
low insertion loss of the mode coupler allows the
incorporation of autotrack capability in an antenna system
without degradation of the overall G/T or EIRP. Another
feature of this feed is the excellent cross talk
performance.

The mode coupler is a rho-theta type tracker and as such is
suitable for use in both single channel monopulse and
equivalent full three channel monopulse autotrack
applications. Datron has built, installed, and tested feeds
of this type at S, C, and X band frequencies and is
currently under contract to develop a dual K/Q band version.
Datron has also integrated other components into the mode
coupler feed assembly such as: amplifiers, filters,
diplexers, couplers, downconverters, switches, noise
sources, etc.

INTRODUCTION

The Datron Systems developed series of high efficiency
autotrack feeds utilize a tracking mode coupler to generate
the track difference patterns. A tracking mode coupler is a
multi-hole waveguide directional coupler that couples power
between two different waveguide modes. An X-band mode
coupler is shown in Figure 1. The mode coupler coupling
(through) line is formed by an over-moded circular
waveguide. The coupled lines are formed by eight dominant
mode (TE ) rectangular waveguides located equally spaced10

around the periphery of the circular guide. Coupling between



the guides is controlled by coupling holes located in the
common wall. The number, size and spacing of the coupling
holes control the power coupling between the circular TE21

mode and the rectangular TE  mode as well as the isolation10

(rejection) of the remaining circular modes and the TE10

mode. The TE  mode excites the HE  mode in the feed21    21

corrugated horn which radiates a difference pattern
(tracking null on boresight). The TE  mode also propagates11

through the mode coupler. This mode excites the HE  mode in11

the feed corrugated horn which radiates a sum (communication
or data) pattern. A measured pattern of an X-band high
efficiency corrugated horn/mode coupler feed is shown in
Figure 2. The high efficiency feeds can be mounted close to
the vertex of a main reflector in a dual (Cassegrain or
doubly shaped) reflector geometry or at the prime focus of a
single reflector antenna. A far-field secondary measured
pattern of the S-band feed mounted in a doubly shaped 10
meter dual reflector geometry is shown in Figure 3.

ATTRIBUTES

A Datron mode coupler feed has many attributes which make it
attractive when compared with a four or five element
monopulse autotrack feed. These attributes include high
efficiency, excellent feed error gradient, bandwidth, power
handling, cross talk correction and signal conditioning.

A Datron mode coupler feed achieves high efficiency from its
mode coupler and its corrugated horn. The mode coupler
excites the balanced HE  and HE  modes in the corrugated11  21

horn. These balanced modes produce circularly symmetric feed
patterns; in other words the feed patterns have equal
beamwidths in all pattern planes. This symmetry produces
high efficiency because:

1) The feed power spillover past the subreflector is
controlled precisely;

2) The aperture illumination of the main reflector is
controlled precisely;

3) There is no phase error loss due to pattern
astigmatism.

Due to the low insertion loss of the mode coupler in the
coupling line to the TE  mode, the degradation of the G/T or11

EIRP of the data channel is minimal. The mode coupler also



provides high efficiency in the track channel because the
pattern shape of the HE  mode also efficiently illuminates21

the subreflector. The high track channel efficiency yields
an excellent feed error gradient. Because the data and
difference patterns are formed by the single corrugated horn
radiator and the tracking null is a consequence of the TE21

waveguide mode, the null to beam peak misalignment as well
as null shift are minimized. The excellent feed error
gradient produces a low tracking jitter due to thermal noise
in the antenna servo subsystem.

With the proper design, a mode coupler can operate over a
full standard waveguide bandwidth. As in a standard broad
wall coupler, many small coupling holes are required to
obtain a full waveguide bandwidth. The number, size and
spacing of the coupling holes control the amount of
rejection (isolation) between the unwanted circular modes
and the TE  rectangular mode. In particular the isolation10

between the TE  circular and TE  rectangular mode is11   10

important if the feed must have simultaneous transmit and
receive capability. With the appropriate design this
isolation can be kept to 40 dB minimum. With high EIRP
antennas the power handling requirement of the feed is on
the order of tens of kilowatts CW. The inherent mode
rejection provided by a properly designed mode coupler can
reduce the transmit power present at the coupled ports to
only a few watts. This rejection considerably reduces the
filtering required in the track channel so that coaxial (not
waveguide) filters are usable. It also allows the use of
stripline components and coaxial cable for the track channel
comparator which significantly reduces the complexity and
cost as compared to a waveguide comparator.

Datron’s mode coupler feeds utilize a rho-theta single
channel pseudo-monopulse tracking scheme. The magnitude of
the track channel is proportional to the amount of
misalignment between the antenna boresight axis and the
target being tracked. The direction of the misalignment is
given by the phase of the track channel relative to the
center (sum) channel. Any phase error between the track and
center channel due to component dispersion produces an
erroneous target direction which manifests itself as cross
coupling (cross talk) of the azimuth and elevation error
signals to the antenna servo drives. At first glance this
sensitivity to RF phasing appears to be a disadvantage for



wide bandwidth applications. However, Datron has delivered
systems which incorporate a six bit phase shifter into the
track channel rather than just the 2 bit phase shifter which
is required for scanning the beam to the 4 orthogonal
directions for tracking. At each operating frequency the
phase shifter is set via a PROM or DIP switches to match the
track channel phase with the center channel and hence null
the cross talk. Datron has already implemented this active
cross talk correction hardware on an S-band and an X-band
ground station antenna. The measured worst case cross talk
over all operating frequencies was -17 dB with the typical
value being less than -20 dB. The tracking performance of
these antennas is outstanding due to the low cross talk in
the feed. Active cross talk correction is not used on other
S-band, C-band, and K band applications since the bandwidth
was less than 5%.

Datron has incorporated many signal conditioning components
into the mode coupler feed design. These components include
filters, low noise amplifiers, test couplers and frequency
converters. A production run of C-band feeds with integral
LNAs, filters, and downconverters is shown in Figure 4. All
of these components were contained within a heated and
sealed enclosure. Band pass filters are included in the data
channel to limit the RF receive bandwidth and protect the
low noise amplifier. In the case of a combined
receive/transmit feed a diplexer is required to provide the
necessary isolation between the transmit and receive
channels. Band pass filters are also required in the track
channel however their required rejection is reduced because
of the inherent mode coupler rejection. To minimize
insertion loss for lower antenna temperature and higher G/T,
the receive low noise amplifier (LNA) is mounted as an
integral part of the feed assembly. Frequently the LNA input
is waveguide to allow direct connection to the data channel
waveguide. A test coupler (typically a cross waveguide type)
is mounted in front of the LNA for signal and noise source
injection. Datron has also designed and built mode coupler
feeds which incorporated a built-in self contained frequency
converter. The C-band receive signal was downconverted to
VHF for reduced insertion loss through the cable wrap
pedestal cables and cable run to the system receivers. Power
dividers and track channel LNAs can be employed in the feed
assembly to provide separate data and single channel 



monopulse (SCM) outputs allowing the use of separate data
and tracking receivers.

IMPLEMENTATION

Datron has implemented the mode coupler feeds in two ways. A
generic block diagram for the feed is shown in Figure 5. For
receive only or receive/transmit feeds with moderate power
handling, the mode coupler is machined from an aluminum
billet. The design allows access to the inside of the
coupled rectangular waveguides. This design attribute allows
access to the coupling holes if fine adjustments are
required and for confirming mechanical tolerances. The use
of a NC vertical mill allows precise control of the
mechanical dimensions. The corrugated horn is also machined
from an aluminum billet or casting. In high power handling
feeds the mode coupler is electroformed copper. The use of
OFHC copper minimizes the waveguide heating due to ohmic
loss. If low intermodulation product generation (IMP) is
required the corrugated horn can be ‘grown’ together onto
the mode coupler in the electro-form process to eliminate
cracks at the flange mating interface.

Because of the aforementioned inherent mode rejection of the
mode coupler, the track channel circuitry is implemented in
stripline components and coaxial cable even in high EIRP
antennas. In such cases the track channel components include
the six bit phase shifter, band pass filter, low noise
amplifier and single channel monopulse (SCM) coupler. The
band pass filter is placed after the stripline comparator to
further reject any transmit power. The six bit phase shifter
utilizes either a PIN diode/microstrip hybrid design or
ferrite phase shifter to minimize phase errors. The six
control lines are optically isolated to eliminate ground
loops. A low noise amplifier is included in the track
channel if the SCM coupler is located behind the data
channel LNA (for reduced center channel loss in front of the
LNA). The SCM coupler is a stripline directional coupler.
Its coupling value is selected to provide the correct system
modulation factor. The track channel is combined with the
data channel in the SCM coupler to form the SCM channel.

CONCLUSIONS

Datron Systems has designed, built and installed high
efficiency autotracking feeds utilizing a tracking mode
coupler at both S, C, and X band and is currently designing



a K/Q band version. These feeds have demonstrated greater
than 65% efficiencies when mounted in a doubly shaped dual
reflector antenna. This is remarkably high for an autotrack
feed. These feeds can also be built at higher frequencies as
well. The mode coupler feed attributes include high
efficiency in both the data and track channels, good feed
error gradients, full waveguide bandwidth operation, high
power handling and active cross talk correction. Datron has
incorporated signal conditioning components such as filters,
LNAs and frequency converters into the feeds to meet custom
requirements.

Figure 1
X-Band Mode Coupler Feed



 Figure 2
S-Band High Efficiency Feed Primary Pattern

Figure 3
Measured Far-Field Pattern of High Efficiency

S-Band Feed in 10 Meter Dual Shaped Reflector Geometry



Figure 4
C-Band High Efficiency Autotrack Feeds

with LNA's, Filters, Downconverters, etc.

Figure 5
High Efficiency Autotrack Feed Block Diagram
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ABSTRACT

In 1986 the Navy procured Automatic Engineering Read Out (AERO) Telemetry Test
Systems to receive, record, process and display telemetry data transmitted from SM-1 and
SM-2 STANDARD missiles. AERO systems are self-contained data acquisition systems
which are portable for field use, and are capable of receiving missile data, recording the
data on analog tape, decommutating data into a computer compatible format, recording
data on disk, and displaying processed data on the operator’s terminal. The original design
was intended to be versatile and to accommodate future telemeters through software
programming, signal switching, unit/module substitution, or add-on equipment. Original
missile formats included data rates up to 50,000 data words per second. AERO systems
have been used to support field testing of Navy missiles since 1987.

In 1989 the AERO system requirements were changed to include support for a new
STANDARD missile telemeter which transmits data at much higher rates. The AERO
systems have been upgraded to support the new requirement by replacing I/O modules in
the host computer, and modifying the control software. The modified system, which is
hosted by a low cost DEC MicroVAX computer, records 100 percent of the telemeter data
on disk at rates up to 600,000 bytes (300,000 data words) per second, and displays results
for quick look review immediately after the missile test.

This paper discusses the requirements for the AERO systems, the design philosophy used
to ensure an upgradable path, and the benefits of that philosophy when an upgrade was
required. The upgrade itself is significant because a low cost MicroVAX has been adapted
to a high performance application.

The AERO systems were designed, developed and upgraded by Loral Data Systems
(formerly Fairchild Weston Data Systems) to the specifications of the Naval Surface
Warfare Center in Dahlgren, Virginia.



INTRODUCTION

Prior to 1986 the U.S. Navy designed and manufactured its own portable systems for
recording and processing data from missiles tested in the field. In accordance with changes
in DoD procurement policies, the next generation system was specified so that it could be
developed by integrating off-the-shelf equipment into a system that met Navy
requirements. AERO is the first system of the new generation. Its capabilities and field
results are noteworthy.

SYSTEM REQUIREMENTS

The AERO Telemetry Test System is intended to support research, development, test and
training programs on Navy missiles. AERO receives, records and processes test data from
Navy telemetered surface missiles.

AFRO must process data in many different formats from many different missiles. It
operates where missiles are tested: in environmental labs, at dock side test sites, and at
sea. Four systems are in operation.

Production Support Requirement

Missile manufacturers have been the principal users of AERO to support field testing of
their missiles. Primary data is recorded on analog tape, and simultaneously decommutated
and stored on a computer disk for post test processing. Real time strip charts and computer
displays are also available for quick look analysis. Immediately after a test the operator
may scan the data for selected conditions, and display requested data in engineering units
for detailed examination. AERO also Supports several predefined tabular and graphic data
displays for standard reports.

Portability Requirement

AERO is required to be portable and to be configured for use on ships. It is packaged in 11
modular units which can be shipped separately, and assembled and checked out at the test
site in about one hour. The modules are stacked and locked to each other during operation,
with covers provided for shipping. Power to all critical components is supplied by a UPS
to prevent loss of data during power disruptions.



Commercial Product Development

AERO consists of standard commercial products from leading telemetry equipment
manufacturers which reduces the initial procurement costs, allows several options for
maintenance, and helps ensure availability of spare parts at competitive prices.

System Upgrade Requirement

In 1990 AERO was upgraded to meet the high data rate required by the newly developed
AN/DKT-71 telemeter. This telemeter operates at a bit rate of 2.4 Megabits/second,
corresponding to a throughput of 300,000 words/second for 100 percent data recording to
disk. AERO’s original disk recording capability supported formats requiring a maximum
continuous rate of 50,000 words/second.

The increased disk record rate was accomplished by installing a high speed input channel,
a high performance ESDI (Enhanced Small Device Interface) disk controller, and high
speed disk drives. New control software for the input channel was developed and
integrated into existing system software. Changes are transparent to the operator.

A second disk requirement, due to security considerations, was for rugged, easily
removable disks. Two 167 Megabyte Control Data drives packaged in Trimarchi
removable canisters were selected to meet this requirement as well as the speed
requirement. The drives in these canisters have high reliability, are shock mounted for
rugged environments and can be removed or installed in about one minute.

Additionally, the AN/DKT-71 format contained data not found in previous telemeters.
New reports were generated and existing ones modified to meet the data display
requirements for the new telemeter.

Several other problems noted during AERO operation were addressed during the upgrade.
Graphic display of supercommutated data was modified to give improved time resolution;
special post test processing of IRIG B time was added to improve time resolution from
1 msec to 0.1 msec, and provisions to delete selected data during acquisition to disk were
integrated into AERO.

Changes were developed and tested on the first system by Loral Data Systems. The
remaining systems were upgraded by Navy personnel.



SYSTEM CAPABILITY

The AERO System is housed in stackable, portable enclosures. Each enclosure is used in
one of two functional units: the Receive/Record Group or the, Process/Display Group.

Figure 1 is a block diagram of AFRO, showing the primary interconnection between units.
Figure 2 is the physical layout of AERO equipment.

Figure 1 AERO Block Diagram - Data Flow through the System

RECEIVE/RECORD GROUP

The Receive/Record Stack receives telemetry data from a missile and records it on analog
tape. The following is a functional description of each unit in the Receive/Record Group.

Video Signal Interface Unit

The Video Signal Interface provides detection/discrimination of the signal from the
antenna, translation/ generation of time code, programmable routing of data and time 



 Figure 2 AERO Physical Layout - Outline of Equipment During Operation

between units in the system, and AGC for signals recorded on tape. It contains a
Microdyne 2800-RC(W) receiver/combiner, an EMR 1741 Time Code
Generator/Translator, a Racal Dana 1250 Matrix Switch, and an EMR System Interface
Unit.

Cassette Record/Encode Unit

The Cassette Record/Encoder records and reproduces a selected telemetry signal as well
as voice and serial IRIG-B time. The unit includes a Sony DDR-700 Cassette
Recorder/Reproducer and a Sony DDA-700 Encoder/Decoder.

Analog Tape Recorder Unit

The Analog Tape Recorder records and reproduces 14 tracks of data. Recorder input and
output signals may be monitored on scan scope displays. The unit contains an EMR Model
80 Analog Tape Recorder and a Data Check Model 1800A-2 Scanscope monitor.



Power Supply Units

An Uninterruptable Power Supply provides continuous power to all essential units for five
minutes if normal power is interrupted. The unit contains Behlman H-1000 Uninterruptable
Power Supply (UPS).

PROCESS/DISPLAY GROUP

The Process/Display Group processes and displays data received by the Receive/Record
Group. The following is a functional description of each unit in the Process/Display Group.

Synchronizer Unit

The Synchronizer Unit provides bit synchronization for PCM data and synchronization and
decommutation for PAM data. The unit contains an EMR 8320 PCM Bit Synchronizer and
an EMR 725 PAM Decommutator.

Decommutator Unit

The Decommutator Unit provides frame and subframe synchronization on data received
from the Synchronizer Unit as well as digital to analog conversion of data. Data is
distributed to the Micro Computer Unit and Chart Recorder. The unit contains an EMR
8330 PCM Decommutator, and an EMR 8350 D/A Converter.

CRT Display Unit

The CRT Display Unit provides the operator interface to the MicroVAX for equipment
setup, data processing, and data display. It contains a DEC VT240 Terminal, and a Black
Box RS232/MIL188 Interface Converter for radio transmission of computer data.

Printer/Pen Recorder Unit

This unit provides both printer and plotter hardcopy outputs of selected data. It contains a
DEC LA75 Companion Printer and a Western Graphtec WR3101 8-channel strip chart
recorder, with event markers and a time channel

Doppler Analyzer Unit

The Doppler Analyzer provides for spectrum analysis of missile Doppler data and for
hardcopy display of high frequency data from the Decommutator Unit. It contains a Barry
Research Communication 2002N Spectrum Analyzer, a Barry Research Communications



2007A Frequency Translator, and a Honeywell 1858 CRT Visicorder. When used, the
Doppler Analyzer unit replaces the Printer/Pen Recorder unit in the system.

Micro Computer Unit

The computer processes data from the Decommutator Unit for recording on disk as well as
real-time and disk playback displays on the CRT. It also provides for the setup and control
of other Process/Display Group Units. It contains a DEC MicroVAX II, two Control Data
removable disks, and a DEC TK50 cartridge tape drive,

SOFTWARE

AERO’s most significant improvement over previous portable Navy receiving systems is
its software data processing and display capability. AERO is the Navy’s first portable
system which can display data in engineering units.

The MicroVAX uses standard DEC VMS with no modifications added. The AFRO
software is fully menu driven, and includes software for test setup, data acquisition, real
time display, post test data examination. and utilities.

When the operator logs onto an AERO user account the main menu, shown in Figure 3, is
presented on the CRT display. The operator selects the desired function from the main
menu.

 Figure 3 Main Menu



Parameter Data Base Maintenance

Each parameter in the telemetry stream is defined in the parameter data base, including
items such as position in the frame, engineering unit conversion information, plot range,
and high/low limits. Data types supported include: analog, digital, discrete, derived,
fragmented, and time. The parameter data base is created and edited using a
comprehensive editor which is an integral part of a system using interactive menus to guide
the operator through definition of data in a missile format.

Equipment Setup

All equipment in the Synchronization and Decommutator Units can be set up by the
operator via the MicroVAX terminal. The Main Menu allows the operator to request a
second menu tailored to the selected equipment. The menu contains separate fields in
which each parameter description (such as BIT RATE) and the value currently designed
are displayed. The operator may edit any fields of interest and save the result in a disk file
for later reference. The saved results are used to set up equipment when data acquisition is
to be started. Figure 4 shows the menu for entering bit synchronizer setup information.

 Figure 4 Setup Menu for Bit Synchronizer



Data Acquisition

AERO allows the operator to control data acquisition. Prior to acquisition, the setup files
for all equipment must be defined, as described above.

Link Selection - Link selection is a menu which allows the operator to specify whether a
PAM or PCM data link will be used, and name the disk file in which data will be stored.

Load Telemetry Front End Equipment - After data links are specified, the operator
must load the active equipment. Software reads data from setup files, converts it to the
appropriate command formats, and writes it to the selected equipment.

Start/Stop Acquisition - The operator may enable/disable the MicroVAX for receipt of
data. With acquisition enabled, data may be recorded on disk and incoming data may be
displayed at the operator’s terminal.

Real Time Data Monitoring

Real time data may be displayed at the operator’s terminal for quick look data monitoring.
Each display type consists of two screens: setup menu, and dynamic data display. The
setup menu allows the operator to specify names of parameters to be displayed and a
display update interval (typically 0.2 to 5.0 seconds). The setup information may be saved
in an operator-named file, and later recalled to speed the setup of standard display format.
After setup, the operator requests that data be displayed as it is acquired. Formats
available for data monitoring are scrolling eight parameter tabular displays, stationary 32
parameter displays, scrolling four parameter graphic displays, and 16 parameter bar chart
displays. AERO real time data display capabilities are similar to post test displays, which
are described below.

Post Test Data Reports

Post test processing of data recorded on disk includes most display types available for real
time display, as well as special reports unique to Navy missile data. Data to be displayed is
selected by user defined parameter names, and time interval of interest. Any data displayed
on the CRT may be copied to the AERO printer with a single keystroke, Different display
types are described below.

Scrolling Tabular Display - The alphanumeric 8 parameter display presents up to nine
columns of data which scroll vertically down the screen, Column 1 is always time.
Columns 2-9 are numeric data from up to eight operator specified data measurement
sources. Each column is headed with the measurement name and the engineering units to 



which the data has been scaled. Any value that is out of user defined limits is displayed in
reverse video to highlight unusual situations. The 16 most recent values for each parameter
are always visible on the screen. The setup menu is shown in Figure 5 (other display setup
menus are similar); the data display is shown in Figure 6.

Figure 5 Scrolling Tabular Display - Setup

Figure 6 Scrolling Tabular Display - Data



Stationary Tabular Display - The alphanumeric 32 parameter display presents up to 32
data values, along with their names and the engineering units to which they are scaled.
Each value is updated at the user specified interval, and the most recent value is always
displayed. Any value that is out of limits is displayed in reverse video. This display is
shown in Figure 7.

Figure 7    Stationary Tabular Display - Data

Graphic Display - The graphic 4 parameter display allows the operator to specify from
one to four parameters to be displayed in a parameter versus time or parameter versus
parameter format. The vertical axis plot range is scaled to the engineering units specified in
the parameter data base. This data display is shown in Figure 8.

CONCLUSION

The Navy operators have been pleased with the AERO system. Its menu driven software
has made it very user friendly. By providing many different forms of data display, AERO
allows operators to easily analyze data from missile tests. The AN/DKT-71 upgrade adds
increased capability to the field proven system. In short, AERO has proven to be a reliable
telemetry receiving system with few shortcomings.



Figure 8 Graphic Display - Data
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ABSTRACT

Present bandwidth limiters use a six-pole bessel filter approach to limit the power
bandwidth of the transmitter to IRIG-106-86 requirements. However, the filter must be
reconfigured if frequency changes in the data stream are desired for system requirement
purposes, eg. adding encryption. The circuits set forth herein will provide for frequency
change of the data stream while also providing a power increase by reducing the out of
band power.

1.   INTRODUCTION

Virtually all missile and aircraft telemetry is Pulse Code Modulated (PCM). PCM systems
provide a large SNR in the output data channel since the quantized noise power is
effectively reduced by 6 dB per word bit. Additionally, the reliability of the link is
increased for equal to or less than the volume and weight in an analog system. However,
the spectrum occupancy of PCM is several times greater than for analog. IRIG 106-86
provides the telemetry standard for allowable PCM occupancy. The allowable occupancy
dictates the PCM output filter (PREMOD filter) attenuation requirements, and optimum
Bit Error Rate (BER) dictates the cutoff frequency and the type. The standard filter used
for premod filters is a six-pole bessel (linear-phase) filter with a cutoff at 0.7 times the bit
rate (for NRZ-L). This filtering causes a 010101 data stream to have 90% of the peak-to-
peak amplitude of a 000111 data stream. This lowers the BER for a given power of the
link. Also, the bit transition spacing is disturbed slightly, but Bessel filters are constant
delay far below their cutoff frequency so the disturbance is only in the data’s harmonics.

Test ranges are increasingly requiring encryption of data. NSA has responded by
producing devices to encrypt PCM telemetry. The trend in telemetry is to build a unit
which will accept PCM data, encrypt the data using an approved NSA device, and premod
filter the output for input into a standard telemetry transmitter. A problem occurs when the



input data rate changes as little as 6 dB. This can occur when a program has two phases
with each phase having different telemetry data. The standard solution is to either buy two
sets of equipment or have the units modified for the second phase.

2.   OBJECTIVES

My objective has been to build a field programmable premod filter for PCM telemetry
data. The approach permits use of the filter with or without encryption, although its
primary use will be in encryption systems and/or systems with varying bit rates. The
design permits programming over a range of 1 KBPS to 10 MBPS. The amplitude of a
010101 pattern is the same as a 000111 pattern. The filter has a linear phase response, i.e.
a constant delay for a given bit rate.

3.   METHOD

Instead of taking a digital signal and reducing its spectrum occupancy by brute-force
filtering, we transform the signal into a signal with the required occupancy limits and with
the necessary characteristics. The transform for close to optimum Bit Error Power (BEP) is
a sine-transition transform as stated below.

Table 3.1
Sine-Transition Transform

DATA PATTERN OUTPUT

00 low

01 rising sine wave (-pi/2 to pi/2)

10 falling sine wave (pi/2 to -pi/2)

11 high

A non-sine transition transform would minimize the spectrum occupancy but it will reduce
the BEP, whereas sine trasition transform provides optimum BEP with the minimum
required filtering while retaining the bit transition spacing (constant delay for all patterns).
Figure 3. 1 shows the standard eye pattern the Sine-Transition transform.



NRZ-L Eye Pattern
Figure 3.1

4.   IMPLEMENTATION

The improved circuit is constructed with three building blocks: a digital sine wave source,
a transition detector, and a digital-to-analog converter (DAC). The sine wave source
outputs a half sine wave (-pi/2 to pi/2) into the detector. The detector outputs a signal (see
Table 3.1) depending upon the incoming data. The DAC converts the detector’s digital
output into the analog signal having the desired characteristics.

Digital Sine wave Source

The sine wave’s frequency is equal to half of the bit rate for NRZ-L and equal to the bit
rate for BIO-L. Since the source outputs only rising edges, the frequency of the edge
repeating is twice that of the sine wave frequency. Therefore, the source frequency is equal
to the bit rate for NRZ-L and twice the bit rate for BIO-L. The amplitude in digital form
equals 0000(hex) for -pi/2 radians, 8000(hex) for 0 radians, and FFFF(hex) for pi/2
radians. A number controlled oscillator (NCO) and a look-up-table (LUT) can create this
source.

The NCO is an N-bit adder and a N-bit latch as shown in Figure 4. 1. As the output of the
latch is fed back into one side of the adder, every time the latch is clocked the output of
the latch increases by the NCO input (P). The frequency of the NCO (Fn) follows the
equation below.

The operation of the latch can be described on a unit circle as a change in phase. Since one
full cycle is set to the bit rate (for NRZ-L) , the most significant bit (MSB) of the latch is
equivalent to the bit clock as shown in Figure 4.2. Therefore, by changing the phase
increment (P) , one can change the NCO frequency and adjust the filter’s bit rate set point.



NCO Diagram
Figure 4.1

Phase Description of an NCO
Figure 4.2

The output of the NCO ranges from 0000 (hex) to FFFF(hex) . This output is strictly
linear. The LUT converts the NCO output into a rising sine wave. Figure 4.3 shows a four
bit NCO’s and a four bit LUT’s output. The LUT is a large ROM whose addresses are
controlled by the output of the NCO.



NCO and LUT Outputs for a 4/4 Bits
Figure 4.3

Transition Detector

The transition detector stores two bits of data sequentially. Let D  be the previous datan-1

bit, D  be the present data bit, and D be the concatenation of the two. Therefore, if D = 00,n

the detector outputs 000(hex). If D = 01, the detector outputs a rising sine wave, i.e. the
LUT output. If D = 10, the detector outputs a falling sine wave, i.e. the LUT output
inverted. If D = 11, the detector outputs FFF(hex). The detector can operate on each bit of
the LUT with the same equation shown below where L  is a LUT bit.i

DAC

The DAC converts the detector’s digital output into an analog signal. I have post filtered
the DAC to remove the quantization steps (extra harmonics) inherent in a DAC conversion
and to provide premod filtering for very high frequencies. Regarding the harmonics,
computing the fourier spectrum of the DAC output shows the step quantization effect on
the output spectrum. Frequency peaks appear symmetrically around integer multiples of
the NCO clock frequency (Osc.) as shown in Figure 4.4. As the bit rate approaches
one-half of Osc., the transform reverts back into a digital signal. Therefore, a fixed output
filter set at 0.35 times the oscillator frequency is required to meet the bandwidth limiting
requirements. As regards the high frequencies, the impact of adding a post-filter is small in



that the oscillator frequency is high corresponding to a small filter. This creates two areas
of concern (1) the extra harmonics and, (2) high frequencies casued by the bit rate
approaching the Nyquist rate. The DAC and filter outputs are shown in Figure 4.5.

Fourier Spectrums of DAC Outputs
Different Bit Rates

Figure 4.4

5.  RESULTS

Figure 5.1 shows the baseband spectrum of a random NRZ-L signal and the spectrum after
the signal has been filtered by a six pole bessel filter. Figure 5.2 shows the baseband
spectrum of the transformed random NRZ-L signal. The major difference between the two
spectrums is the lack of the second band in the transform spectrum. A transmitter provides
a constant power output. Therefore, if the second band is not present its power will reside
in the main band. The second difference occurs where the -40 dB point occurs. A
telemetry link can take advantage of this by lowering the receiver band width. This will
reduce the noise level and produce a higher SNR and improve the BEP.



DAC and Filter outputs for
Different Bit Rates

Figure 4.5

Using a 17.6 MHZ oscillator to run the NCO with a cycle count of 16 provided a 1.1 MHZ
clock. The LUT was a 256x8 ROM. The DAC filter’s cutoff frequency was set to 0.35
times 17.6 MHZ or 6.16 MHZ. Randomized NRZ-L data were filtered using a six pole
bessel filter (3 dB at 0.77 MHZ) and the transform technique. The transform technique
showed a 2.1 dB improvement in SNR at the 1.1 MBPS using a standard telemetry
transmitter and receiver. A 0.1 dB improvement was seen at 8.8 MBPS.



Spectrum of RNRZ-L Before and After
a Six Pole Bessel Filter

Figure 5.1



Spectrum of Transformed RNRZ-L
Figure 5.2
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ABSTRACT

While most current ground based space telemetry acquisition systems are designed for and
support data rates up to a few megabits per second (Mbps), NASA’s Tracking and Data
Relay Satellite System (TDRSS) can support downlink rates up to 300 Mbps. In addition,
the Advanced TDRSS (ATDRSS) is expected to support rates up to 650 Mbps. These high
data rates will be required to support NASA’s future large scale operational programs such
as the Space Station Freedom and the Earth Observation System.

At the Goddard Space Flight Center, a prototype Frame Synchronizer card is under
development which will operate at a minimum of 300 Mbps while providing a full suite of
programmable functions such as 32 bit correlation, search-check-lock strategy, bit slip
tolerance, fly wheeling, etc. In addition, cumulative quality data generation, on-board self
diagnostics, and status/control processing are all integrated in this single card design. This
level of functionality and very high data rate is made possible by the design of NASA
application specific Gallium Arsenide (GaAs) Very Large Scale Integrated (VLSI) circuits
to support space telemetry data system standards specified by the Consultative Committee
for Space Data Systems. This paper will describe functions performed by this card and its
supporting VLSI components.

INTRODUCTION

Future NASA space missions will require greater and greater amounts of communications
bandwidth. Complex spacecraft, such as the Space Station Freedom and the Earth
Observation System, will support many high and low resolution instruments collectively
capable of generating terabytes of data per day. Due to the high cost of link resources, this
data will be multiplexed and sent at very high rates through TDRSS to a centralized
communications facility, the Data Interface Facility (DIF). The DIF will provide a common
interface between space elements and distributed ground facilities through the use of
standard protocols specified by the Consultative Committee for Space Data Systems



(CCSDS). In order to support very high downlink data rates, the DIF will require new data
handling systems capable of operating at rates in the hundred’s of megabits per second.

Goddard Space Flight Center’s (GSFC) Mission Operations and Data Systems Directorate
(MO&DSD) has developed a functional component approach to meeting the space
telemetry acquisition needs of both current and future missions. The goal of this approach
is to create a library of functional modules that perform common telemetry functions. The
components can then be configured on a standard platform for a user specific data
acquisition system. The reusability of the functional components lowers the cost of data
acquisition and makes these capabilities available to a wider range of organizations and
budgets. Some common data capture functions that have been implemented using this
approach are frame synchronization, NASA Communications (NASCOM) Block
processing, Reed-Solomon error correction, and packet processing.

As an initial step in the development of very high rate functional components, GSFC
MO&DSD is applying advanced technologies such as application specific GaAs VLSI
circuits to develop a generic High Rate Frame Synchronizer (HRFS) capable of operating
at rates up to a minimum of 300 Mbps. The design of this card is modeled after an existing
low rate CMOS Frame Synchronizer (20 Mbps) card currently used in a number of
advanced data handling systems. In the past, the CMOS Frame Synchronizer card has
demonstrated the feasibility of integrating a fully functional generic frame synchronizer on
a single card design. The HRFS maintains this same high level of physical and functional
integration while demonstrating a greater than ten times improvement in data throughput.

HIGH RATE FRAME SYNCHRONIZER OVERVIEW

The HRFS, represented in Figure 1, is physically implemented on a 9U VME card. One
third of the card is a commercially available single board computer used as the Channel
Controller Card (CCC). The remainder of the card is a custom logic card that is interfaced
through a side connector on the CCC.

The CCC contains a Motorola 680x0 family microprocessor, zero wait state Random
Access Memory (RAM), and VME bus arbitration logic. The CCC acts as a dedicated
processor that controls the setup, self-test, status collection, and operation of the custom
logic card.

The custom logic performs the hardware functions necessary for high speed correlation,
frame synchronization, quality accumulation, and real-time trailer appendage. It can also
generate simulated telemetry data at high rates for full speed self-testing. The custom logic
card can be functionally partitioned into six subsystems: Data Pipeline Input Multiplexer,
Telemetry Frame Synchronizer, Output Interface, Quality Accumulator, Data Simulation
Generator, and Controller Interface.



Figure 1 - High Rate Frame Synchronizer

Prior to operation, setup and control information is transferred through the Controller
Interface to all the other subsystems. The setup information configures the generic
subsystems to operate according to a specific mission’s requirements. The setup
information includes the frame length, sync patterns, sync tolerances, search-check-lock
tolerances, slip tolerances, and the CRC polynomial coefficients. Simulation data that
resembles mission data is also transferred to the Data Simulation Generator for self-testing
at full performance levels.

The Data Pipeline Input Multiplexer provides a programmable interface between external
serial data sources and the Telemetry Frame Synchronizer. During self-testing, the Data
Pipeline Input Multiplexer connects clock and test data from the Data Simulation
Generator to the Telemetry Frame Synchronizer.

The Telemetry Frame Synchronizer (TFS) accepts serial clock and data and outputs fully
synchronized telemetry frames. The TFS can be programmed to perform a complete
search, check, lock strategy with slip windowing and CRC check. Additionally, the TFS
can correct inverted and reversed frames. The TFS maintains a status word indicating the
sync mode, sync errors, slip amount and direction, CRC error, and data type
(forward/reverse and true/inverted) for each received frame. Status events are output to the
Quality Accumulator. The TFS delivers parallel synchronized data, framing control signals,
and status information to the Output Interface.

The Output Interface appends hardware generated real-time quality trailer to the
synchronized frames. It then selects the output path and controls the transfer of data to the
next processing system.



The Quality Accumulator can accept control strobes from the TFS and CCC. It
accumulates 16 status counts for up to 224 events (over 16 million). The counts are read
periodically by the CCC and formatted into a complete status block. The status block can
be displayed on a terminal connected to the CCC or communicated to a higher level
system controller.

The Data Simulation Generator (DSG) provides a complete self-testing of all functions on
the High Rate Synchronizer Card with high speed simulation data (300 Mbps). During
self-testing, the DSG provides independent output of a serial test telemetry data stream.
The DSG can be programmed to provide any type of data (forward, reverse, true or
inverted) in any format for a known number of repetitions. By comparing the status results
for the test run against known correct results, the CCC can determine if the card is
functioning properly before activating it for operational data. The Telemetry Frame
Synchronizer, Quality Accumulator, and Data Simulation Generator are implemented using
application specific and commercial VLSI components. These subsystems and their
constituent components are discussed in more detail in the following sections.

Telemetry Frame Synchronizer

The Telemetry Frame Synchronizer subsystem, represented in figure 2, primarily consists
of five VLSI circuits: two ECL Correlator chips, one GaAs Telemetry Frame Synchronizer
chip, and two commercial 2K x 9 BiCMOS SRAMS.

Figure 2 - Telemetry Frame Synchronizer Subsystem



The serial clock and data from the Data Pipeline Input Multiplexer are fed in parallel to
each of the two ECL Correlator chips (ECC). One correlator is programmed to search for
the forward synchronization pattern while the other is programmed to search for the
reverse pattern. Each correlator searches for both the true and inverted cases of the sync
pattern. Sync indications, clock, and serial data are aligned and output to the GaAs
Telemetry Frame Sync chip.

If a sync pattern is matched within a programmable tolerance, a sync is signaled to the
GaAs Telemetry Frame Sync (GTFS) chip along with the number of sync errors. The
GTFS chip can be programmed to accept or reject any of the four sync indications from
the forward and reverse correlators (FT, FI, RT or RI) and can be enabled to selectively
correct inverted data and/or sync. Once a sync indication has been accepted, the GTFS
begins its preprogrammed synchronization strategy.

The GTFS implements a completely programmable search, check, lock, flywheel strategy.
Upon finding sync, it creates a sync pattern search window around where it expects to find
the next sync indication. The sync pattern search window allows for the programmable
detection and correction of long and short slipped frames of up to 3 bits. Optionally, the
GTFS chip can be enabled to implement a Best Match strategy. The Best Match strategy
causes the GTFS chip to select the first sync pattern with the least errors before creating its
sync pattern search window.

The GTFS implements a double buffering scheme to allow for proper status collection and
time correction of reverse data, if desired. Two commercial 2K x 9 BiCMOS SRAMS are
used to properly buffer frame data. The GTFS independently addresses each RAM;
simultaneously reading from one while writing to the other. The GTFS can actually
interface a variety of memory devices due to its programmable read and write pulse
generation. Data read out of the RAMs is immediately output on a selectable 8 or 16 bit
bus along with a valid data signal and framing control signals.

Status information is collected for each frame and includes the type of frame processed
(FT, FI, RT, RI), the mode of the GTFS (search, check, lock, or flywheel), sync pattern
errors, and slip errors. CRC error detection can be enabled for both forward and reverse
data and included in the status information. The status information is available to the CCC
or can optionally be appended to the end of frames as they are output from the GTFS chip.
The GTFS chip also delivers pulsed status events to the Quality Accumulator for counting
cumulative quality information.

ECL Correlator Chip - The ECL Correlator chip is a semi-custom application specific
VLSI circuit implemented using a 6000 gate Fairchild ECL gate array. The ECC can be
programmed to correlate a programmable sync pattern of variable width from 4 to 32 bits.



The ECC correlates for both true and inverted cases with individual programmable sync
error tolerances. Unary to binary conversion logic provides binary outputs of the number
of errors found during each clock cycle.

GaAs Telemetry Frame Synchronizer Chip - The GaAs Telemetry Frame Sync chip is a
semi-custom VLSI circuit implemented using a 15,000 gate Vitesse Fury series gate array.
In addition to the functionality outlined above, the GTFS chip can be configured to handle
variable sync word sizes (8,16,24, or 32 bit) and frame lengths (from 16 bits to 32 kbits).
The GTFS chip can also be configured to output data either always or only during certain
modes and can be programmed for separate slip coverage during Search/Check and
Lock/Flywheel modes. The CRC detection circuitry features a programmable polynomial
of degree 16 and choice of set or clear encoder initial states.

The GTFS chip accepts serial ECL clock and data input and provides a TTL compatible 16
bit bidirectional microprocessor interface and a 16 bit frame data output interface. The
GTFS chip is designed to operate at rates up to a minimum of 300Mbits/sec, and will
dissipate one fourth the power of ECL devices of similar integration levels.

Quality Accumulator

The Quality Accumulator consists of single Spectrum Accumulator chip. The Spectrum
Accumulator is a full custom VLSI device originally developed by John’s Hopkins Applied
Physics Lab for the accumulation of sensor instrumentation events. It consists of sixteen 24
bit counters each with programmable increment, clear, and inhibit controls. Toggling rates
for each of the counters is in excess of 40 MHz.

The Quality Accumulator collects status events including the number of frames received
and the number of frames with slip errors. These counts are periodically gathered by the
CCC for channel quality and status monitoring.

Data Simulation Generator

The Data Simulation Generator consists of the GaAs Test Generator chip and commercial
dual-ported RAM. This chip set provides for the independent generation of self-test data
for the High Rate Frame Synchronizer. Simulated mission data is downloaded from the
CCC to the dual-ported pattern data RAM.

The GaAs Test Generator (GTG) chip is a semi-custom VLSI circuit implemented using a
15,000 gate Vitesse Fury series gate array. It features a TTL compatible 16 bit
bidirectional microprocessor interface and a 16 bit memory interface with a 24 bit address
space. The GTG can be programmed to invert and/or reverse pattern data, and transfer a



known number of frames or blocks through either a serial interface or through a 16 bit
parallel interface. Once enabled for output, the GTG begins its programmed sequence and
acts like an independent source of data. Output data rates in discrete increments from 1
Mbps to at least 300 Mbps can be programmed into the chip.

For extensive self-testing functions, the dual ported pattern data RAM can be accessed
during GTG operation by a control processor (i.e. the CCC). The GTG can also partition
the pattern memory into two separate buffers. In this way, a control processor can update
one partition while the other partition is being output. Complete updating of the entire
partition or selected updating of data fields (i.e. VCDU-ID field, VCDU counter field,
etc.) allows for the simulation of an extensive continuous data pattern.

Through the Data Simulation Generator, the complete card or a single function on the card
can be tested without external test apparatus. Hardware and software problems on the card
can readily be diagnosed and reported to a monitoring system prior to processing actual
data.

HIGH RATE FRAME SYNCHRONIZER SPECIFICATIONS

C Synchronization and buffering of CCSDS frames at rates up to a minimum of 300
Mbits/sec.

C Fully programmable frame synchronization strategy
C Frame quality generation
C Realtime quality trailer generation.
C Complete quality and accounting functions.
C Microprocessor controlled through a multitasking “C” environment.
C Full at speed self-test capability.

CONCLUSION

This paper describes a generic very high rate frame synchronizer being realized through
the application of multiple semi-custom GaAs and ECL VLSI devices designed at GSFC
MO&DSD. This effort is built upon several years of team effort and the success of earlier
CMOS implementations.

The High Rate Frame Synchronizer will find application in NASA’s Second TDRSS
Ground Terminal (STGT) and possibly in other NASA telemetry acquisition systems such
as the Data Interface Facility of the Customer Data and Operations System (CDOS). The
High Rate Frame Synchronizer Card will also serve as a basis for future frame 



synchronizers operating at ATDRSS data rates reaching 650 Mbps. Achieving these rates
will require further integration of high speed logic into denser GaAs gate arrays and
increasing the pipelining in the design.

NOMENCLATURE

ATDRSS Advanced Tracking and Data Relay Satellite System
CCSDS Consultative Committee for Space Data Systems
CDOS Customer Data and Operations System
CMOS Complementary Metal Oxide Semiconductor
CRC Cyclic Redundancy Check
CCC Channel Controller Card
ECC ECL Correlator Chip
DIF Data Interface Facility
DSG Data Simulation Generator
ECL Emitter-coupled Logic
FI Forward Inverted
FT Forward True
HRFS High Rate Frame Synchronizer
GaAs Gallium Arsenide
GSFC Goddard Space Flight Center
GTFS GaAs Telemetry Frame Synchronizer
GTG GaAs Test Generator
I/O Input/Output
Mbps Megabits per second
MO&DSD Mission Operations and Data Systems Directorate
NASA National Aeronautics and Space Administration
RAM Random Access Memory
RI Reverse Inverted
RT Reverse True
STGT Second TDRSS Ground Terminal
TDRSS Tracking and Data Relay Satellite System
TFS Telemetry Frame Synchronizer
VCDU Virutal Channel Data Unit
VLSI Very Large Scale Integration
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ABSTRACT

This paper addresses several areas of Telemetry instrumentation for the future. The
possible 21st Century data formats and using the means made possible by technological
advances to receive, record, and process telemetry data will be discussed.

We will review the past, present and future systems and the changes to expect in the areas
of Higher Data Rates, Greater RF Bandwidths, Multiple Object Test Scenarios, Telemetry
Multiplex, Digital Microwave Radio Links, Lightwave Fiber Systems, Optical Disc
Telemetry Data Recording, Data Security, and Global Telemetry via Satellite.

INTRODUCTION

Telemetry Past

- Trackers -- Twoscore and five years ago Telemetry tracking was accomplished by a helix
antenna. The helix antenna systems were improved by creating bifilar helixes which were
pointed manually. To “Track” a missile the operator used a signal strength meter indication
to peak up on the signal.

One of the first motorized antennas was a four helix array called a “Radi-Quad” which
used a converted searchlight mount as the antenna pedestal and the operator used a joy
stick to point the antenna. A signal strength meter indication served as a tracking aid. The
next step was to a large, high gain antenna that needed a pedestal to move a large dish -
typically a 15 foot parabola. These antennas could be “slaved” to an optical tracker. The
operator used binoculars to see and track the object. The antenna pedestal could also be
slaved to a coordinate converter system that provided pointing data from the range radars.
One of the first automatic tracking antennas for telemetry was made by modifying a T-9
Radar System. A specially designed antenna for telemetry was a conical scan feed system
called a TELTRAC. The TELTRAC S-band RF output was down-converted to P-band.



Receiving, Relaying, and Recording

The Telemetry data bandwidths were very narrow. The modular receivers had plug-in IF
filters of 10KHz to 500KHz. The highest telemetry subcarrier was 70KHz and the most
used digital Telemetry formats were PAM and PDM. Relay links operating at 600 MHZ
were established in order to provide launch to impact coverage of long-range missile tests.
Launch are in Utah and Ft. Wingate, New Mexico for the Athena and Pershing programs
required that launch to impact telemetry data be processed in “Real-time at White Sands
Missile Range (WSMR). During the Hound Dog program of the early 1960’s, White
Sands Missile Range used a 600 MHZ microwave relay link to relay the telemetry from
Del Rio, Texas into WSMR. Tape recording was accomplished by Ampex Model 309 and
Model 500 magnetic tape recorder. Oscillograph recordings were made on photographic
paper or film.

TELEMETRY PRESENT

Telemetry acquisition on WSMR is accomplished by the use of two 24 foot Telemetry
Acquisition System (TAS) located at Jig-10 and Jig-67 and a later model Telemetry
Acquisition System (TAS II) located at Jig-56. These three systems are used to support the
Space Transportation System (Space Shuttle) missions. Telemetry and television data is
transmitted via SATCOM II to the Goddard Space Flight Center in Greenbelt, Maryland
and to the Johnson Space Control Center in Houston, Texas. There are seven transportable
Telemetry Acquisition Systems that are deployed throughout the range and off-range for
mission support.

The Telemetry data received by these systems is relayed to Jig-56 where it is
demultiplexed and tape recorded. The Telemetry signals are then relayed to the Telemetry
Data Center on the Telemetry Acquistion and Relay System (TARS) Microwave and the
lightwave systems. (Figure 1).

The Telemetry Receiving Systems

The microprocessor controlled Telemetry Receivers are configured to operate in a
polarization diversity mode. Both RF polarizations are connected to an optimal ratio
diversity combiner to provide a combined video composite signal, a combined
Pre-detection record carrier signal and a combined 10 MHZ IF signal. The IF signal is
used as the input to the analog microwave radio. (Figure 2).



Recording and Relaying

PCM data from the receivers is conditioned by a PCM Bit Synchronizer. The bit
Synchronizer output is distributed through an isolation amplifier to the magnetic tape
recorder, to the intelligent multiplexer for relaying over the Digital Microwave Radio or
for using the Lightwave fiber system. Typical mission data rates that are presently
supported are 1.8 mega-bits per second, and 3.2 mega-bits per second. The highest rate is
9.86 mega-bits per second.

Data and Link validation is accomplished using the Automatic System Calibration (ASC)
to simulate each missions Telemetry carrier frequency and deviation using a Psuedo
Random Bit Stream (PRBS) at the mission bit rate to perform a Bit Error Rate Test
(BERT).

TWENTY-FIRST CENTURY TELEMETRY

The Telemetry acquisition systems of the future must be capable of tracking several
objects at the same time. They must be able to provide precision position information and
be able to operate remotely and unattended. Multiple beam acquisition systems, such as
the existing Multiple Object Tracking Radar (MOTR), can be the models for futuristic
telemetry beam tracking systems. A network of four such systems could support the most
complex test scenarios involving multiple missiles, aircraft and warheads. Use of broad
beam antenna arrays can also provide excellent coverage of multiple object tests.

The existing telemetry receiving systems can provide good service well into the future by
making use of a centralized demodulation and recording facility. The diversity antenna RF
outputs from remote unattended sites can be “block converted” (such as cable TV) and
carried over an analog lightwave fiber to the central demodulation facility. This central
facility can record clear and encrypted data in their secure form. This data can be routed to
the Telemetry Data Center over the lightwave fiber for further demultiplexing, decryption
and reduction. Analog fiber drivers on the market today are capable of carrying data
bandwidths up to 12 giga hertz. Future technology will easily achieve tera hertz data
bandwidths.

Future telemetry data formats will require data rates of 100 to 200 mega bits per second.
These rates are necessary because of increased resolution requirements and the need for
data security. PCM encryption rates for a typical infra-red imagery system can easily
approach 200 mega-bits per second. Digital data rates of 12 giga-bits per second are
possible with equipment that is on the market now.



Recording

Optical discs are available now for many high density and high rate digital recording
needs. Future telemetry data will be recorded on optical discs.

Analog to Digital/Digital to Analog Conversion

Many signals are in analog form and need to be digitized in order to relay them over a
digital microwave or lightwave system. Television signals and FM/FM composites that
have been digitized can be processed in digital form or converted to analog signals for
display on monitors or chart recorders.

Muldems

Multiplexers and demultiplexers are commonly used to increase the data capacity of digital
microwave and lightwave systems. Higher order multiplexers with capacities of up to 550
mega bits per second can be used on existing fibers. Multiple input fiber transmitters can
also be used to increase the data capacity of the lightwave systems.

Analog Drivers

Analog drivers are needed to carry wideband video and telemetry data on the existing
fibers. Analog drivers with tera hertz bandwidth capability can be used to carry telemetry
RF outputs from remote antennas to a central processing facility - Block conversion (such
as cable television) can be used to carry several telemetry signals on one fiber.

Data Automation and Security

All designs for future telemetry instrumentation systems must make extensive use of
automated control. All systems must be identical to simplify software requirements. All
sites must be linked via a duplex microwave or lightwave system.

Impenetrable fibers are ideal for relaying classified analog and digital telemetry data.
Encrypted PCM Signal handling is simplified because the data remains encrypted until it is
ready to be demultiplexed.



Global Telemetry

An earth station is presently being used to relay telemetry and TV signals to Goddard
Space Flight Center and to the Johnson Space Center to support space shuttle missions. A
permanent Earth Station can also provide intra-range telemetry data exchange with other
National Ranges.

CONCLUSION

Replacement of obsolete equipment with state-of-the-art Telemetry equipment is made
possible by technological advances in Microstrip Antenna Arrays, Analog and Digital
Fiber Drivers, Multiplexers, and Optical Recording Discs.

Applying these technical innovations to future telemetry instrumentation systems will result
in: greater reliability, redundant capabilities, greater data storage capacity, and most
important; cost effectiveness, because of reduced manpower requirements. Fewer systems
can collect more data in better ways than the methods now being used.



Figure 1
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ABSTRACT

The built-in diagnostic test has taken on an increased role as a maintenance tool in today’s
complex electronic systems. While the ultimate diagnostic would exercise all of the major
functions in a system and instantly isolate and identify any fault down to the specific part,
many practical problems stand in the way. Using the diagnostic facility installed in a recent
frame synchronizer/decommutator for the Jet Propulsion Laboratory (JPL) in Pasadena, the
author attempts to show the logical approach, considerations, and compromises necessary
to design the best possible diagnostic routine in a telemetry processor.

INTRODUCTION

In recent years, the built-in diagnostic test has progressed from being almost a novelty to
being virtually an essential element of many complex electronic systems. While the
ultimate goal of the diagnostic is to exercise the system’s circuitry and to detect and isolate
any system problem down to the specific part at fault, achieving this goal from a
completely automated standpoint is nearly impossible. Why? By examining the real case of
the development of a diagnostic routine for a frame synchronizer/decommutator recently
designed for the Jet Propulsion Lab (JPL) the author will show the considerations and
compromises necessary to develop a viable diagnostic facility in a telemetry processor.

THE JPL FRAME SYNCHRONIZER/DECOMMUTATOR

The diagnostic routine under discussion was needed for a frame synchronizer/
decommutator designed for the Deep Space Network of the Jet Propulsion Lab for use in
the Magellan Mission. The function of the unit was to break up serial frames of data into
blocks of parallel words and to add header words into each block with status information
concerning frame synchronization state, block count, frame sync pattern errors, etc.
Previously done in software, the real-time function now called for a full-function



synchronizer merged with two FIFO buffers, one for the data, and one for the header
information. An sequencer would combine the two at the output. Aside from the timing
complexities of matching the proper status information with its status, the data flow was
basically simple. Each unit had three circuit cards: two synchronizer/decommutators and
one microprocessor control card. Control was provided by either a remote RS-232 port or
front panel keystroke input, aided by a gas plasma display.

JPL had a good track record with the diagnostic abilities of their other equipment.
Technicians liked the simple checkout procedures and management liked the reassurance
they provided. It was no surprise then that one of the requirements of the new design was
an automated diagnostic routine that would isolate any fault down to the IC level. Though
this requirement sounded very simple, the obstacles to its implementation were formidable.

THE LIMITATIONS

First, the system would have to exhibit a fairly high level of viable operation just to run the
diagnostic. Many possible failures concerning the controlling microprocessor/PROM
networks, control interfaces, or power supplies would leave the unit “braindead” and
incapable of even delivering any useful information much less gathering it. Second, even in
a simple, serial, data processing path like this one, many faults could be so fundamental
that a processor-driven diagnostic looking at the output would not be able to derive any
information about the problem.

What if a main clock driver died and data could not get past the input buffer? In cases like
these the only possible solution would be to get out an oscilloscope and poke around a
logical list of signals. The overlapping of IC gate usage between functional blocks could
also help to make fault isolation difficult. One gate in an IC might belong to a very
specific, detectable function while another might leave the technician in the “fog” of a
problem that is acknowledged, but impossible to isolate by test results. Also, while a given
parameter setup could exercise the unit very well, it could not be expected to exhaustively
check every bit of every setup parameter the way a good acceptance test procedure could.

THE COMPROMISE

So while perfection could not be attained, the task of engineering a solution has always
been to find the best possible compromise. We decided that even though we could not
achieve a completely automated test that would tell the operator just which IC was bad,
we could design an overall step-by-step procedure that, if followed, would lead the
operator to detect and isolate most failures to an IC or group of ICs. The procedure
involved automated tests and technician investigation in an organized plan. Would the plan
detect and find every single problem? Maybe not, but then how could one even simulate



the myriad of possible random breakdowns to test the diagnostic? We felt confident that
the procedure would find the overwhelming majority of flaws, and we planned to test it by
removing all of the IC’s, one by one, to verify the diagnostic’s operational effectiveness.

Our initial plan to acquire diagnostic information was to implement an output port, parallel
to the real output, but accessible by the setup processor. We thought that we might
improve the fault isolation process by adding special circuitry to the board to acquire
intermediate circuit information. However, as the main design progressed, we had to
abandon these plans as the circuit cards became completely full.

THE FINAL PRODUCT

What we termed the “diagnostic facility” was a logical flowchart designed to find and
repair any malfunction. The whole facility involved nine automated tests that ran in
sequence on power-up. Based on where the tests failed the operator would either replace
an IC or isolated group of Ics, or perform some test check such as a voltage check, or run
a self-contained simulator stream and compare real signals to ideal traces in the manual.
The best way to describe the diagnostic is to follow the chart from the most fundamental
failures, and on through complete system verification.

The flowchart began with the unit powering up completely dead or operating erratically.
The technician was led through a series of power supply voltages checks, followed by
checking various critical signals on the microprocessor board, such as clocks, resets,
interrupts, and memory reads. When the network of the microprocessor, memory, the front
panel, and the frame synchronizer/decommutator setup were finally working, the
automated tests would begin to provide answers.

There were three types of automated tests which ran in the following order: (1) memory
checking tests that confirmed PROM checksums or wrote to and read back all RAM
locations, (2) register tests that wrote to and read back all setup registers, and (3) frame
sync/decom tests that ran on-board, canned simulator patterns through unique parameter
configurations and compared the output header words and data to a table of known, good
results.

Of the nine automated tests, the initial memory and register tests were very effective at
pinpointing a failure, usually to a specific IC. After checking individual PROM checksums
and RAM viability, each hardware register on the frame sync/decom boards was checked.
These registers stored the control bits that told the synchronizer which mode to operate in
and what count values to give variable parameters. The diagnostic test wrote and read
back all 5’s and all A’s to these registers. Any individual failed register was detected
quickly and reliably. We often wished that all of the ICs could have been tested that easily.



The last group of automated diagnostic tests checked all of the frame synchronizer/
decommutator functions. The only “window” we had into the unit’s main data reformatting
function was a port to the final parallel output of the synchronizer/decommutator. This port
was completely parallel to the normal output of the unit, so it allowed the control
microprocessor to read back the exact data that, in normal operation, would go out the rear
panel. All of the frame sync/decom tests consisted of setting up the parameters, running a
canned format, and then checking the contents of the output. The user could then compare
these results to tables of known good results in the manual. In this way the raw information
was available to the user with all of its sometimes subtle, but important, clues to the
failure.

Aside from the fact that it required most of the processing circuitry to work, this proved to
be an excellent diagnostic vehicle. With access to this information, the operator would be
able to tell not only what was wrong, but how it was wrong. For example, the headers
contained frame sync errors and status, so the operator would be able to see in the case of
an incorrect sync state advance if the sync state logic was at fault or if the error detector
had reported the wrong number of errors. Even though we had designed a simple repair-
by-numbers procedure that anyone could follow, I emphasized the value of this raw
information during all design reviews with JPL.

Because these tests relied heavily on the overall ability of the circuitry to move data
through the entire unit there was a large grey area where a fault could leave the “pipeline”
blocked and no useful information would be available. In these cases the operator would
be instructed to turn on a canned simulator pattern and, using an oscilloscope, compare a
series of test points to known good signal signatures. The assumption was that the failure
would be found when the real signals deviated from the expected. We agreed that what we
were actually trying to do was to systematically design, and document the instinct and
intelligence of a skilled troubleshooter.

Once the basic operation of the frame synchronizer was achieved, meaning that the
synchronizer could lock up and that reasonably correct data could flow through the unit,
then the final group of frame sync tests would be run. As before, a canned simulator
pattern would be run through a specific setup, but now all of the various header words in
the data output would be checked, one by one. These tests proved very effective since
each header word was built from a very specific group of circuitry. About half were
counters such as the large block counter or the valid bits counter. The other half were
status bits, such as frame sync state, bit slip, and data polarity. Intricate parameter setups
and data patterns were required to completely exercise these complex functions. Another
complication was that in normal operation of the unit, the synchronizer could sync up on
the MSB, LSB, normal, or inverted form of the data. Since separate hardware supported
each of these possibilities, each test was actually run four times, once for each type.



CONCLUSION

We verified the completeness and effectiveness of the diagnostic test by pulling out all of
the ICs, one by one, and found the results very interesting. Over 95% of the ICs were
actually recognized by the diagnostic, meaning that it would not pass with them out. The
only ICs invisible to it were the extreme input and output drivers surrounding our test input
and output points. Around 35% of the missing ICs could be detected either specifically or
as belonging to a small group of ICs. These included the read-back registers which were
detected individually and the ICs directly and completely responsible for a specific header
word. The remaining 60% of the ICs were detected as missing, but would require the
operator to get out an oscilloscope and follow the trace procedure. We were all pleased
with the final results of the diagnostic, and we felt that we had made the best compromise
possible. We all knew that the perfect diagnostic was not realistically attainable, but within
the time and physical restraints that we had, we felt we had designed the best diagnostic
facility possible.
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ABSTRACT

The system covered in this paper is the Telemetry Processing System (TPS) designed and
installed for processing data acquired from high speed test sleds at Holloman AFB, NM.
Because this facility operates as a test range, testing sleds from many different agencies for
a variety of different purposes, prior knowledge is not always available concerning the
instrumentation on the test sled to be used and therefore the type of data retrieval and
processing required. The TPS must then be capable of acquiring and processing multiple
data types including PAM and PDM, multiple FM streams (72 channels) and high speed
PCM (4 channels) . Additionally, the requirement has been imposed for 3.2 Msample/sec
analog-to-digital conversion capability for high resolution measurement of certain analog
data (10 channels). When the above data are multiplexed with three time sources, eight
channels of sled positional information and operated at maximum rate, the raw data exceed
15 Mbytes/sec. Depending on the scheme used to tag the samples, time stamp the data,
and convert the data to engineering units, the processed data rate could have exceeded 100
Mbytes/sec and therefore the reasonable limit of existing telemetry processing technology.

The TPS requires not only the capability to acquire and record this very high rate data, but
also the realtime display of selected measurements. Further, the acquired data must be
readily available immediately after the test for quick look evaluation, and for data selection
for archival storage. This paper will explore the design process that allows the system to
meet these requirements using mostly off-the-shelf or only slightly modified equipment by
making clever compromises and effective use of stream separation. The paper will explore
the hardware and software considerations which were examined and the solutions
implemented in the final design. Development and integration of this system are currently
underway, with delivery scheduled for later this year.



INTRODUCTION

The acquisition of telemetered data from multiple sources has classically been handled by
tagging and time stamping that incoming data, then sorting it as required. Any realtime
display was a matter of searching for and out-putting the tag or tags of interest. This is a
clean and comfortable approach for most low speed applications but requires a
considerable overhead that may exceed 500% (10 bytes of overhead for every 2 bytes of
data) or more reasonability 300% (6 bytes of overhead for each byte of data).

As data rates increase to the present state-of-the-art telemetry systems, the approach of
tagging and time stamping each piece of data can become staggering. The increased
processing rates and storage required to accommodate the additional overhead are often
enough to require a system much faster and more capable (expensive) than anticipated and
will in extreme cases push the required performance beyond what is realistically available.

THE IDENTIFICATION TAG

The identification tag is required when many sources of data are merged on either a
common bus or common storage medium. Some method of tracking where the data
originated is necessary.

Many systems incorporate a separate tag or I.D. bus but even so that tag must be
processed somewhere and, if the data are stored, the tag too must be stored.

The number of possible tags in a system is dependent on many factors but of most
significance is the number of unique data types to be tagged. Assuming the least
reasonable size as a byte (8 bits) , a 1-byte tag could only represent 256 unique inputs, a
fairly limited system in these days of a single PCM stream having thousands of
measurements. The next reasonable division is the 16-bit tag, allowing 64 K
measurements. This seems to be a fairly reasonable choice for most modern applications
but will still impose limitations if every piece of incoming data is to be tagged (eg. , each
unique word in a PCM map).

Based then on the above assumption of a 2-byte tag, the overhead will be 100% for most
inputs, with the possible exception of an 8-bit input such as an 8-8-bit PCM word where
the overhead will be 200%. Words smaller than 8 bits are uncommon and will not be
considered for this discussion.



THE TIME STAMP

If the incoming data streams require a tag for identification, they will likewise require time
stamping for correlation (between streams). The time stamp used can vary from some form
of delta timer to the more standard IRIG A & B standards. If the latter is used, the
complete representation can require as many as 64 bits for each stamp. A more realistic
time stamp for incoming data would be one that has been derived from the IRIG time
stamp and compressed into 32 bits to reduce the percentage overhead. If, however, a
higher resolution is required such as the 1-microsecond tick of IRIG G, more than the
minimal 32 bits would be required to present enough time information (on the order of 44
bits or 6 bytes). Many systems would require this to be filled to 8 bytes to allow for
transfers on an even (or odd) word boundary.

The overhead incurred then for time stamping could be as small as 200% using a
compressed form of IRIG time and given 16-bit inputs or as high as 800% for an 8 bit
input with the full 8-byte time word.

TOTAL OVERHEAD

The total overhead then for a 100% tagged and time stamped telemetry system that
requires a tag and time stamp on each input can run from 300% for a system with 16-bit
inputs, 16-bit tags, and 32-bit time stamps to 1000% for a system with 8-bit words, 16-bit
tags and 64-bit time stamps. So, for each byte of data recorded, as many as 10 bytes of
overhead will be required to identify the source of the data and when the sample was
taken.

Although excessive, this amount of overhead may be acceptable for systems where the
input rate is low enough and the system has the excess processing capacity to allow the
additional bandwidth required. For example, if the incoming data stream were to arrive at
10 Mbit/sec, with 12-bit words (a typical PCM stream) after processing required to
convert these data to floating point values in standard units (ft. lbs., degrees, etc.), the
required output bus bandwidth would be on the order of 3.3 M byte/sec for untagged data.
Systems using a 16-bit tag on each word would increase the output bandwidth to 5
Mbyte/sec and the inclusion of a time stamp with each (32 bit) to 8.3 Mbyte/sec. A full
IRIG time stamp would drive the output bandwidth to 11.67 Mbyte/sec. Now if the
requirement were for two or three streams to be inputted simultaneously, the output
bandwidth could exceed 35 Mbyte/sec, beyond the bandwidth of all but the most exotic
disk systems. One other factor to be considered at this point is that with this amount of
data on the disk (10.5 Gbyte in 5 minutes) retrieval also becomes a problem. Transfer 



times using Ethernet rates for the 10.5 Gbytes of data acquired in 5 minutes will exceed
3 hours. The time required for finding a particular piece of data will also be considerably
more than necessary.

For systems operating at higher data rates, the possibility of tagging and time stamping
each word input quickly becomes unreasonable and in extreme cases impossible given
current technology. In any case the percentage of overhead will not change and in the case
of this system could be higher due to a General Time Code (GTC) that was also required
as a reference in addition to IRIG time resolved to 10s of microseconds. The total amount
of overhead data will therefore be a function of the data rate.

REDUCING THE AMOUNT OF STORED DATA

One traditional method of reducing the amount of data to the system is to take data
samples only if the incoming data are significantly different from than the previous sample.
In this way the amount of data taken on a channel that is not highly dynamic is greatly
reduced. This can be a great savings for data that may only react during certain phases of
an operation (eg., terminal guidance) or that are inactive during long periods when
processing and recording every point would be a waste. This technique does have
limitations and can be applied only to those systems where it is well understood that the
incoming data will lend itself to this type of compression. Also, by using any form of data
compression, the absolute time-ordered relationship between the input data stream and the
recorded data is lost, thus making time stamping and ID tagging of every datum
mandatory.

REDUCING THE AMOUNT OF OVERHEAD

The question at this point in the discussion is why not reduce the amount of overhead?
This is a simple concept but one whose implementation is not immediately obvious. There
are many software manipulations that will allow the reduction of a certain amount of
overhead, but the requirement still exists for the 2-D identification of the incoming data.
Any system that uses a common bus for processing or output or a single disk for storage
will require the incoming data be tagged. Reducing the number of tags required can only
be accomplished by increasing the number of distinct data path and will be discussed.

One method of reducing the amount of overhead required that has already been referenced
is to reduce of the size of the time stamp. After the initial time stamp the requirement to
know the year, month, and day is no longer real. In fact, for systems operating for under an
hour it may not be necessary to contain the hour. This will allow the reduction in size of
the time word to less than ½ of its original size.



Reducing the amount of overhead by reducing the number of time stamps requires a more
detailed look at the incoming data streams. If the data are synchronous and a definite timed
pattern of occupance can be established such as for a PCM frame map, the requirement
could quickly drop from each word stamped to each frame stamped. A time stamp on each
frame is not often necessary and often a time stamp on every 100 frames will be
acceptable. The only absolute requirement for a time stamp is one at the beginning of the
run and one after each dropout.

Most issues concerning time in the telemetry business will draw comments that the
absolute requirement is for the most accurate time stamp possible on each word inputted to
the system. And, as with most issues of this type, the real question is if the user can afford
the cost in increased processing and storage required (or if the present state of the art can
provide such a system).

PUTTING THEORY INTO PRACTICE, A TELEMETRY PROCESSING
SYSTEM

When the input data rates are low, the decision of whether or not to implement one or
more of the methods for reducing the amount of overhead remains an option; the choice of
which, if any, are used can be left to the system designers. When the data rates approach
the limits of current technology, the reduction of any unnecessary overhead is an absolute
must. A system designed and built for the 6585th Test Group at Holloman AFB, NM, to
upgrade existing capabilities for the high speed test track has input data rates that require
such minimization of overhead.

The test track presents a most difficult problem for the system planners and designers in
that there is no may to know what might be coming down the track next. Although each
run is carefully planned, the telemetry system had to be ready for any IRIG signal that
might need to be received and processed. These will include PCM, PAM, PDM, multiple
channel FM, and multiple time sources, all at state-of-the-art rates. Possible expansions
might include Mil-Std-1553 or other aircraft buses that could be connected with guidance,
control, or ejection seats.

In Figure 1 the basic system input bandwidth requirements are shown. As can be seen in
this diagram, the amount of data from different sources input to the system is such that, if
confined to a single backplane, the total data rate could exceed 100 Mbyte/sec and
therefore is what is possible given current technology. The rates given are not for a burst
mode or average acquisition rate over a small time frame but are for sustained data input,
throughout the duration of the test (< 5 min.). A close examination of current technology
will show the above sustained rates far exceed the capabilities of existing and advertised 



systems. The reduction of overhead in this case is no longer an option. Some method was
required of reducing the input data rate to a level that could be tolerated by reasonable
technology.

The answer to the reduction of this unnecessary overhead is to keep the streams separated
and time stamp the synchronous data as sparingly as possible. These techniques will
reduce the required overhead from the overwhelming burden of several times the data rate
to a minor amount that can be easily absorbed.

As can be seen in Figure 2, the design of the Telemetry Processing System (TPS) is such
that the above considerations can easily be incorporated. By keeping each stream
separated, the data rate to any one disk is small enough to allow standard ESDI disks to be
used. This not only greatly simplifies the hardware design but also allows the use of more
standard (less expensive, more reliable) parts.

In the case of the High Speed Analog-to-Digital converter, the output bandwidth is 6.4
Mbyte/sec and therefore beyond the bandwidth of an ESDI drive. The answer then is to
fan the data to several drives so that the data rate can be sustained while eliminating the
need for exotic parts.

Realtime display of the data is accomplished via a separate data path that is provided
purely for that purpose. The data identified for realtime display are routed through that
data path to the control processor where combination of the data into derived parameters
and conversion of the data into engineering units can take place. The data are then
transferred to a work station for realtime display.

Of major concern to the customer for this project was the capability of the system to
quickly access data immediately following the test. This requirement would have been
quite difficult using a single disk of disk system due to the manner in which the data are
stored and excessively long search times required to sort through each tag. By storing each
channel of data on its own disk, the process transforms into a time search on the disk
(channel) of interest.

Other features incorporated into this system are the standard windowed display and setup
features that are covered in considerable detail in another paper to be published this year.
The entire system is then connected to a mainframe host where archival of the data and
batch type processes can be performed as required by a wide number of users over
standard networks.



CONCLUSION

Although not always a realistic alternative, the reduction of overhead on the data acquired
by any telemetry system is a goal that will give considerable rewards. When the incoming
data can be allowed to remain separated into parallel paths, the requirement for tagging the
data, a source for 100% to 200% of overhead on the incoming data, is greatly reduced. By
further relying on the position of the data in the frame map or other similar structure, the
need for tagging can be eliminated. Time stamping can also be reduced by using only that
portion of the time stamp necessary for the particular system and only time stamping the
data on as sparse an interval as is possible given a synchronous data input.

By combining all of the above techniques, the amount of incoming data that can be
processed and recorded is greatly increased. Even systems of modest cost can be made to
perform at rates some would consider beyond current technology.



Figure 1. Input Data Rates



Figure 2. TPS System Block Diagram
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Data continue to be produced in ever increasing rates and quantity. More transducers and
instruments are being required, while those already installed are operated at higher rates to
measure and verify the conditions within test environments. Increasing awareness of data
security and of requirements for protecting those data once produced is an additional
constraint on the test environment. Raw and processed data must be transported at higher
rates to satisfy the requirements of today’s data acquisition and analysis systems. Any
solution proposed must meet several tests to be considered as meeting the data transfer
requirements for a data link system.

Remote data acquisition requires a data transfer method with the capacity to transfer the
data acquired at rates equal to or greater than the rate at which it is generated. Engineering
data which are converted from raw data are often more demanding in quantity than the raw
data since multiple quantities may be generated from the raw values. Identification tags
used for routing data through the system may further increase the data quantity. Time
information is most often included in both raw and engineering data streams for correlation
of event occurrence and duration. Engineering data, time information, or tag data often
increase the amount of data being transferred over raw count values and must be
considered in the data transfer method. These factors add to the quantity and bulk of the
data acquired and transferred for analysis.

Test sites are often selected due to the type or size of the test article or may be determined
by safety constraints. The data must be acquired within a test site but may not be
processed or recorded at the test site. Data processing and recording equipment is most
often located where it is convenient and safe for personnel. In addition, the equipment
requires environmental support and maintenance. The expense of procuring and
maintaining equipment often means the equipment must support as many test scenarios as
possible with minimal configuration changes. A location for processing equipment is often
selected central to several test sites, where it can support multiple test programs and is
convenient for operational personnel.



Data transfer is a complex problem, defined by data type, rate, quantity, security, and
locations of where the data is produced and consumed. The solution is simplified if the
distance between data production and consumption sites is made transparent to the system
while maintaining data security. This may be accomplished through the use of a data link
which will satisfy the data requirements. The data link must accommodate multiple data
types in various formats with a flexible interface and must transfer data with a capacity
which meets or exceeds all present requirements. Additional benefits may be gained if the
interface can provide the test site with expansion capabilities for the future.

A data link has been developed which satisfies these general requirements. The data link is
designed for use with fiber optics as a transmission medium, but coaxial and twisted pair
cable may also be utilized. Multiple data types may be transferred at a various rates up to
100 Mbits per second. Data word width may he programmed to obtain the highest level of
efficiency from the bit rate. Large first in first out (FIFO) memories provide a means of
data These error and status indicators are also available as LED indicators on the front
panel of the rack-mountable chassis for each data link installed.

The FIFO memory buffer provided on both the transmitter and the receiver sections of the
data link handles the asynchronous data transfer rate differences between the devices
which transmit data and the devices which receive data. The FIFOs are sized up to 8K
Words X 18 bits for the transmitter and up to 32K Words X 18 bits for the receiver. The
FIFO buffer is sized to hold at least one entire frame of data where possible.

The data link is packaged in a rack-mountable chassis which contains the data link
electronics, power supply, cooling fan and interface connectors. Multiple data link boards
may be packaged in a single chassis to accommodate multiple links while occupying
minimal rack space. Fiber optic cables typically are attached to the fiber optic transceivers
using ST-type connectors which, along with the data interchange connectors, are mounted
directly to the data link printed circuit card. The front panel contains the power switch for
the unit along with seven indicator LEDs for each data link installed in the chassis. LEDs
are used to indicate the data link status. The indicators are arranged as follows:
Transmitter FIFO Empty, Transmitter FIFO Full, Receiver FIFO Empty, Receiver FIFO
Full, Optical Power Level, Data Error, and Data Link Power.

The data link transfers data bidirectionally using Digital Equipment Corporation (DEC)
DRV-11W (Q Bus) or DR-11W (UniBus) protocol for data interchange. This convention
uses two 40-pin dual in-line connectors, labeled J1 and J2. When connected to DEC direct
memory access (DMA) interfaces, the cable out of J1 at the computer is connected to J2 of
the data link and J2 out of the computer interface is connected to J1 of the data link. This
will connect the output port of the DMA device to the input port of the data link and will
connect the input port of the DMA interface to the output of the data link.



External interface requirements are handled through the use of a translation board that
communicates in the native protocol of the data producing device which in turn translates
the signals levels and states into typical DMA device protocol as used by DEC equipment.
This forms the translation from the external device protocol into DEC DRV/DRW protocol
which is recognized by the data link. The translation board resides inside the data link
chassis which supplies its power and cooling requirements. Cables connect the data link
and translation board externally to retain the interchangeability of the data link design. The
translation board is designed to connect as a DEC DMA device for simplified external
connection.

The fiber optic data link has a built-in capability to perform loopback testing which allows
a single data link board to be tested, independent from the data link system. In using this
type of testing each end of the data link may be diagnosed without support of other
equipment or personnel.

Each data link board is reconfigurable for use as a local or remote data link. The
interchangeability of the data link board allows a single version of the board to be used in
either application. A single data link board may be used as a spare for all data link boards
within the fiber optic data link system.

The fiber optic data link is a solution for many data communication problems involved in
the transfer of data from remote or hazardous areas or in the transfer of high speed data
between data analysis or processing centers. The data link provides a secure proven design
which provides direct cable compatibility with DEC hardware interfaces and operates
transparently to the VMS operating systems and VMS software drivers.

 buffering. The fiber optic cables are immune to EMI/RFI, cross talk, and ground loops.
Conversely, the fiber optic cables do not produce EMI/RFI, and do not provide a path for
electrical ground loops. These characteristics make fiber optics an ideal choice for
electrically noisy environments or security conscious applications. Interface specifications
are matched to industry standards, satisfying a broad spectrum of applications.

The data link transfers data in seven steps from receipt through output of the data. Data are
typically accepted as 16-bit parallel words with up to four status bits transferred with
interactive handshakes (data request and data acknowledge). Data are transferred from the
data producing equipment to the data link in the native protocol, making the transfer
process transparent to the data acquisition equipment or computer. Data input to the data
link is buffered in FIFO memory where it awaits transfer to the AMD TAXI transmitter
integrated circuit for encoding and parallel-to-serial conversion. Data are then transmitted
in NRZ format over fiber optic cable by an optical transmitter.



Upon receipt of the data by the optical receiver, the data are routed to the AMD TAXI
receiver integrated circuit where the data are decoded and serial-to-parallel converted.
Data are again buffered in FIFO memory, where the data awaits output along with status
bits using interactive handshakes. Data are transferred to the computer or analysis station
in the native protocol, completing the transfer process transparent to the machine and its
operator.

The data link supports serial data transfer rates of up to 100 Mbits per second, supporting
data paths ranging from 8 bits up to 18 bits per word. Each fiber optic serial data stream is
capable of communicating in excess of 12 Mbytes per second including data, data
encoding, error detection, and parity bits as required. Data are translated into Fiber Data
Distribution Interconnection (FDDI) 4-bit to 5-bit (4B/5B) encoding, required for the data
link itself, by the AMD TAXI integrated circuits. Encoding bits are additional to the data
transferred, and must be added to the data to determine the total data rate.

The data link is capable of communicating over a distance of 5 km using 62.5/125 Fm
fiber optic cable while maintaining an error rate of no more than 1 bit error in 10  bits12

communicated.

The fiber optic link power budget is -18 dbm, which may include two connectors (those
connectors of the input and output data link interfaces), two in-line fused splices, and up to
5 km of fiber optic cable. The optical transceiver pair is capable of operating within the
-18 dbm link while meeting data integrity and bit error specifications.

The fiber optic cable is usually specified as 62.5/125 Fm (core/clad) multimode graded
index fiber optic cable, with two cables required per data link. The data communications
wavelength is 1300 nm which provides low attenuation for the specified cable. The data
link operates over two fiber optic cables with one cable used for data transmission and the
other cable used for data reception. Data may be bidirectional or may be communicated in
one direction with control information communication in the opposite direction.
Information sent on the reverse link may be used for control of the data producing devices,
such as data acquisition equipment. Interface connectors for the fiber optic cables are
typically specified as ST-type.

Once initialized the data link makes link status and error conditions available at the data
link receiver upon request. Status and error conditions are communicated through a 16-bit
status word which is available as the first word of each data block when programmed for
output. The status and error conditions are communicated by bit indications. The following
error conditions are detected and available:



Normal Operation (no errors)
Data Parity Errors (External/Internal Generated Parity)
Sync Pattern Errors (Data Encoding/Decode violations)
Data Link Inoperable Status (optical Power/Sync)
FIFO overflow

DATA LINK SPECIFICATIONS

DIGITAL INTERFACE-

DATA BUS WIDTH 8 or 16 bits

LINK DATA WIDTH 8,9,10,16,17,18,19 OR 20 BITS
TRANSFER RATE UP TO 12 Mb/s

UP TO 100 Mb/s

DATA TRANSFER PROTOCOL DR-11W OR DRV11 (2-40 PIN CON.)
DATA BUFFERING INPUT 512 TO 8K words

OUTPUT 512 TO 32K words

HANDSHAKES DATA REQUEST AND ACKNOWLEDGE
ON INPUT AND OUTPUT PORTS

INDICATORS INPUT FIFOS EMPTY (TRANSMITTER)
INPUT FIFOS FULL (TRANSMITTER)
OUTPUT FIFO EMPTY (RECEIVER)
OUTPUT FIFO FULL (RECEIVER)
LINK OPTICAL POWER LOW
LINK DATA ERROR
LINK LOGIC POWER ON

FIBER OPTICS-

INTERFACE ST-TYPE CONNECTORS (IN/OUT)
LINK BUDGET 18 dbm TYPICAL

FIBER CABLE  LENGTH 5 km (2 CONNECTORS,2 SPLICES)
62.5/125 Fmm (CORE/CLAD)

TRANSMITTED  WAVE LENGTH 1300 nm

TRANSMITTER POWER -15.5 dbm



RECEIVER SENSITIVITY -34 dbm

COMPATIBLE MEDIA FIBER OPTICS, COAX AND TWISTED-
PAIR CABLES

TESTING SINGLE UNIT LOOP BACK

BOARD SIZE 7 X 12 inches

POWER CONSUMPTION 5 v 2.5 amps
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ABSTRACT

The Telemetry Section was tasked with the effort to develop two projectile/missile
wideband telemeters in support of the Sense And Destroy ARMor (SADARM) Program.
These telemeters were designed to withstand the complete operating environments of three
carriers, namely the Multiple Launch Rocket System (MLRS), and both the 155mm and
8in guns. The development of these systems was based on gun proven designs and
components, but additional design and qualification had to be conducted for the added
features. A re-radiation (RERAD) system was also developed to enhance data acquisition
in the field. The scope of this paper will include an electrical subsystem design analysis,
mechanical design overview, system capabilities, qualification testing, test scenario
configuration, and a brief discussion of the RF link analysis and RERAD system. The
major advantages of these telemeters are the large amount of data throughput, the fact that
the entire system is self-contained, and that they are qualified for use in extreme
environments.

INTRODUCTION

The SADARM submunition is under development to increase the Army’s shoot-to-kill
capabilities against armored vehicles and weapons. Employing the 155mm gun or the
MLRS delivery systems, either two or six submunitions are deployed respectively. The
155mm carrier will induce a more severe environment including launch setback forces in
excess of 15,000 G’s. The sequence of operation is as follows: upon expulsion from one of
the carriers the submunition deploys a ram air inflated device to decelerate, despin, orient
and stabilize the submunition; then a vortex ring parachute is deployed to further stabilize
the submunition; the submunition then searches for a target beneath and fires a penetrator
upon detection.



The determination of system parameters is beyond the scope of this paper. For further*

information see reference (2).

BACKGROUND

The basis for the designs was on previous work performed at ARDEC (1). Additional
features made further design and qualification necessary. The two systems are designated
as ARRT-74 and ARRT-84, one being for each SADARM prime contractor.

ELECTRICAL SUBSYSTEM DESIGN

The telemetry electronics are composed of standard as well as non-standard subcarrier
oscillators capable of high frequency measurements, mixer amplifier, high pass filter and a
crystal controlled 200 mw transmitter set to one of two S-band operating frequencies. Both
systems employ FM/FM as well as PCM FM/FM modulation. One subcarrier channel from
each of the ARRT-74 and ARRT-84 multiplex is dedicated to a PCM bit stream of either
40Kbps or 714Kbps respectively. Frequency modulation was chosen over PCM for two
reasons. First, the high bit rate that would be required to support the data requirements
(2-3Mbps), and second, the nonexistence of a high-g transmitter to meet the electrical and
mechanical constraints imposed. Preemphasis was determined and set according to the
summary of system parameters shown in Table I. A software program was written at
ARDEC by the author to accelerate the time required to design the transmission system for
threshold performance .*

The ARRT-74 operates from a 28 volt supply and consumes 270 mA while the ARRT-84
operates from an 18 volt supply and consumes 280 mA. Special frequency discriminators
and low pass filters had to be designed for the high frequency channel of the ARRT-84
system.

Control Circuit

A unique control circuit was designed to turn the system on or off via the application of a
negative or positive voltage pulse. This control voltage is isolated from the telemeter (TM)
subcomponents and must be applied for a specific duration to prevent premature system
initiation or shutdown during a test firing. The control circuit also controls the charging of
the nickel-cadmium batteries which are used as TM system power during a mission. The
batteries have an operational life of approximately 15 minutes between charges. The final
function of the control circuit is to provide a system reset pulse which turns the system off
when low battery voltage is detected. Without this function the batteries may not be
capable of charging due to insufficient supply voltage. The control logic requires constant
power to retain the on or off state otherwise it may randomly turn on the TM, draining



Table I SUMMARY OF SYSTEM PARAMETERS

ARRT-74 MODULATION STUDY

SYS FREQ DEV FREQ MOD DEV MOD REL
CHAN (Khz) (Khz) (Khz) IND (Khz) IND AMP
1 900 135 27 5 429 0.47    0
2 560 42 29 1.45 95 0.17 -8.9
3 448 16 3.2 5 73 0.16 -9.3
4 384 8 1.6 5 45 0.12 -12.2
5 352 8 1.6 5 41 0.12 -12.3
6 320 8 1.6 5 37 0.12 -12.3
7 288 8 1.6 5 33 0.11 -12.3
8 256 8 1.6 5 30 0.11 -12.2
9 224 8 1.6 5 26 0.12 -12.2
10 192 4 1.6 2.5 45 0.23 -6.2
11 176 4 1.6 2.5 41 0.23 -6.2
12 160 4 1.6 2.5 37 0.23 -6.3
13 144 4 1.6 2.5 33 0.23 -6.3
14 128 4 1.6 2.5 30 0.23 -6.2
15 112 4 1.6 2.5 26 0.23 -6.2
16 96 4 1.6 2.5 22 0.23 -6.3
17 80 4 1.6 2.5 18 0.22 -6.5
18 64 4 1.6 2.5 15 0.23 -6.2
19 48 4 1.6 2.5 11 0.23 -6.3
20 32 4 1.6 2.5 10 0.31 -3.7
21 16 2 0.4 5 10 0.63  2.4

CNTR CHAN DATA CHAN SYST

PEAK TRANSMITTER DEVIATION ------------------------------> 1107 KHz
SELECTED IF BANDWIDTH ---------------------------------------> 4000 KHz
SYSTEM MODULATION INDEX ----------------------------------> 4.8
RECEIVER CARRIER TO NOISE RATIO ------------------------> 12 dB
DISCRIMINATOR OUTPUT SIGNAL TO NOISE RATIO -----> 40dB (except chan 2, 20dB)



ARRT-84 MODULATION STUDY

SYS FREQ DEV FREQ MOD DEV MOD REL
CHAN (Khz) (Khz) (KHZ) IND (KHZ) IND AMP
1 1216 285.76 350 0.82 720 0.59   0
2 448 16 6.4 2.5 186 0.41 -3.1
3 384 16 6.4 2.5 159 0.41 -3.1
4 320 16 6.4 2.5 133 0.41 -3.1
5 224 8 3.2 2.5 65.6 0.29 -6.1
6 192 8 3.2 2.5 56.2 0.29 -6.1
7 160 8 3.2 2.5 46.9 0.29 -6.1
8 128 8 3.2 2.5 37.5 0.29 -6.1
9 96 8 1.6 2.5 19.9 0.21 -9.1
10 80 4 1.6 2.5 16.6 0.21 -9.1
11 64 4 1.6 2.5 13.3 0.21 -9.1
12 48 4 1.6 2.5 10 0.21 -9.1
13 32 4 1.6 2.5 10 0.31 -5.6
14 16 2 0.4 5 10 0.63 0.46

CNTR CHAN DATA CHAN SYST

PEAK TRANSMITTER DEVIATION -------------------------------> 1437 KHz
SELECTED IF BANDWIDTH -----------------------------------------> 4000 KHz
SYSTEM MODULATION INDEX ------------------------------------> 4.77
RECEIVER CARRIER TO NOISE RATIO --------------------------> 12 dB
DISCRIMINATOR OUTPUT SIGNAL TO NOISE RATIO -------> 40dB (except chan 1, 15dB)

current as the system attempts to charge. This was a major consideration in the design of
the circuit because of the limited power source and long storage times prior to testing. The
circuit employed however draws only FA’s of current in the standby mode.

Heater Circuit

Prior to testing the entire flight vehicle is temperature conditioned for 48 hours. The TM’s
had to be designed with the severe operating temperatures of the SADARM submunition
in mind, namely -34EC to +62EC. This proposed a problem for the nickel-cadmium power
supply. If the batteries are discharged at very low temperatures, the effective internal
resistance is increased significantly due to the reduced level of electrochemical activity,
and if the drain rate is high the cells can sustain severe damage (3). The other problems
cold temperatures pose to nickel-cadmium batteries is that the lower the cell temperature
the lower the discharge voltage and capacity for discharge. These facts led to the



development of a kapton insulated heating element and thermostat which would maintain
the nickel-cadmium cells near room temperature and also survive the high shock
environment. The amount of energy required to maintain the cells at room temperature was
estimated from the following equation:

Watts required to = k * A * T  = 1.742 * 0.0972 * 100 = 33 Watts (1)delta

maintain heat           3.412 * L             3.412 * 0.15

Where: k = Coef. of Heat Trans. for potting material 1.742 (Btu/hr/EF/ft /inch)2

L = Thickness of material (inches)
A = Surface area of heating element (1"X14" strip) 0.0972 (ft )2

T  = T (EF) - T (EF) or 70EF - (-30EF)delta  ambient   low

This approximate wattage was increased by 30% for the first experimental verification. A
test fixture was designed and fabricated and it was determined that 3 watts/in  was2

required to maintain the batteries at room temperature.

Microstrip Wraparound Antenna

Due to mechanical constraints a microstrip wraparound antenna was chosen for the
systems. Limited surface area and obstructions required small and unequally spaced
elements. These facts led the design to a circumferentially phased, cylindrical array of
circularly-polarized elements. The resulting antenna radiation pattern was designed with
it’s energy concentrated from 0E to 90E, with 0E being along the fall line (see Figure 1).
Limited in thickness to 0.040" including adhesive, two separate antennas had to be
designed for each size submunition because not enough bandwidth could be attained to
cover both operating frequencies. Extensive laboratory testing was performed and the
maximum variation (maximum gain to minimum gain) at any given acquisition angle was
determined to be 12dB. Field test results have confirmed that high quality data has been
received while post test analysis of the antenna has shown that it sustained severe damage
upon ejection. An analysis was conducted by the Aeromechanics Branch at ARDEC on the
aerodynamic heating characteristics of the antenna in flight (4). The results of this report
indicate that the antenna’s radiating elements must survive and operate through peak
temperatures at expulsion of 190EC worst case (stagnation air flow). While these results
themselves can not be readily experimentally verified, the antennas were operated through
extensive temperature testing and simulated temperature testing. The anechoic chamber
used for testing could not be temperature conditioned to 190EC, therefore the VSWR was
measured at the desired frequency of an individual element at various temperatures. The
next characteristic to be determined was which frequencies produced corresponding
VSWRs at each of the temperature measurements. The resulting frequencies were then
used to measure the antennas in the anechoic chamber. The results of these tests indicate 



Figure 1

that at acquisition angles less than 60E the maximum variation is 16dB. The peak
temperatures exist for only tenths of seconds after the expulsion event (see Figure 2) which
correspond to small angles of acquisition. Figure 3 illustrates a worst case antenna
radiation pattern which simulates 190EC at an acquisition angle of 50E. The simulation of
190EC at an acquisition angle of 10E has a maximum variation of only 5dB. Typically the
lower the acquisition angle the lower the maximum variation.

MECHANICAL DESIGN OVERVIEW

These systems not only had extensive electrical requirements, but had severe operational
and mechanical requirements as well. The size constraints can be seen from Figures 4
and 5. Within this envelope the telemeter had to meet the mass properties of the explosive.
This was accomplished by designing the TM housing and associated hardware, including
potting compounds, of different materials (i.e. different densities) to locate the centroid and
meet the mass, first moments, moments of inertia and products of inertia as close as
possible to the desired quantities. This task was accomplished through the extensive use of
computer aided design software which reduced the iteration time interval. The system also
had to be designed with the extreme environmental requirements in mind, namely the
15,000 g setback forces, 2,500 g sideload forces, and 1200 g set forward forces. Two
different types of potting compounds were used in the TM. The electronics module was 



Figure 2



Figure 4

Figure 5

potted with foam and the battery module was potted with an epoxy resin. The foam was
chosen for the electronics module to facilitate repairability in the event of failure during
qualification testing and for its density. The epoxy resin was chosen for the battery module
for its coefficient of heat transfer, density, and successfulness in the past. The ARRT-74
weighs approximately 3 3/4 pounds and the ARRT-84 weighs approximately 2 ½ pounds.



Gold Dot Umbilical System

A frictionless connection method for accessing the TM in the MLRS needed to be
conceived. The Gold Dot Umbilical System was designed to meet this need. The system
consists of a series of kapton insulated conductors terminated with gold dot pads.
Corresponding pads from each umbilical are pressure fit together. When the pressure is
released the pads disengage without inducing any forces on each other. This type of
connection was needed to prevent any type of torque being induced on the submunition
during expulsion which may have occurred if break wires had been employed. The system
had to remain small and be capable of handling 2 amps in each conductor. The TM was
designed to ignore shorts and voltage spikes on the access lines which may be produced
upon connecter separation or ionized gases. The retainer strap which was used in the
MLRS carrier to hold the submunitions in the bays was used to pressurize the gold dot
connection. Upon expulsion the strap is fractured and subsequently releases the umbilical
from the submunition.

QUALIFICATION TESTING

The first phase of the qualification program consists of performing an incoming inspection
and testing of all subcomponents. The transmitters are fully checked out electrically and
subsequently subjected to 15,000 g’s. They are then checked for any deviation of
performance parameters. The second phase for the ARRT-74 consists of fabricating the
electronics module, testing over temperature, and subjecting it to either 10,000 or 15,000
g’s depending on what test the system will be used for. The ARRT-84 TM is fully
fabricated, tested over temperature, and subjected to the same number of g’s. The final
phase consists of post high-g testing of the TMs and again testing over temperature. To
obtain these levels of g-testing one of two facilities is used, either an air gun or rail gun
which are both on site at U.S. ARDEC. Special fixtures and thinwall pistons for the rail
gun and air gun also had to be designed. If a problem is found in a subcomponent at any
point, it is replaced and the system is again rail or air gun tested and again tested over
temperature.

RF LINK ANALYSIS

Standard range calculations were automated in a computer program written at ARDEC.
The basic equation used is as follows:

G(t) + G(r) = PL + R  - P(t) + (S/N)  + L + SF (2)N     rev

Where: R = equivalent noise input of receiver [-174+B(if)+NF] dBmN

PL = Path loss (37+F+D) dBm
G(t) = gain of transmitting antenna NF = overall noise figure



Figure 6

G(r) = gain of receiving antenna (S/N) = receiver threshold S/N ratiorev

    D = 20 log (distance in miles)      F = 20 log (center freq. in MHZ)
P(t) = power of transmitter      SF = link margin (20dB for 99%rel.)
B(if) = 10 log (if bandwidth in Hz)      L = miscellaneous losses (10dB)

Note : All terms are power levels relative to 1mw into 50 ohms or 0dBm.

The maximum range at incremental acquisition angles was determined by using the worst
case gain at the given angle and providing a 20dB link margin in order to obtain 99%
reliability. Figure 6 depicts a graphic representation of the maximum range in miles as a
function of transmitting antenna gain. A series of these graphs can be produced while
varying other terms such as receiving antenna gain.

(This is a range plot of the
TM in miles as a function of
the transmitting antenna gain
in dBi, given a 99% reliability
according to Rayleight fading)

RERAD SYSTEM

This system needed to be developed due to the large safety area required around the
impact area when testing the SADARM submunitions and the limited transmitting power
of the TM. The systems operation is equivalent to an S-band video receiver coupled to a
2 Watt L-band transmitter. Specific input and output frequencies can be switch selected for
multiple system operation. The system is battery powered and uses solar cells to prolong
the operating life. The system can be operated for 10 hours continuously. This was
necessary due to the limited access to the impact area prior to and in between test firings.
The unit is placed off to one side of the impact area and has a spiral receiving antenna
pointed upward to receive the S-band TM signal. The translated signal is then
retransmitted L-band to one or both receiving vans depending on the type of test being
conducted.



 (This is a range plot of the TM in miles as a function of the transmitting antenna gain in
dBi, given a 99% reliability according to Rayleigh fading)

CONCLUSION

To date one of these two modular designs, the ARRT-74, has been employed in actual
field tests and has performed exceptionally. The ARRT-84 is scheduled for its first field
test in July 1990. These telemeters demonstrate that for some applications wideband
FM/FM systems are not only capable, but better suited to support systems requiring
compact telemeters which demand the acquisition of large amounts of high frequency data
and can operate through extreme environments. These and similar types of telemetry
systems are being employed extensively in the development testing of many advanced
weapon systems.
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ABSTRACT

Triboelectric phenomena occurs when static electricity accumulates on the
surfaces of flying projectiles due to friction of air contaminants on the aerodynamic
projectile surfaces. The sequence of events that create this phenomena indicate
that as the projectile flies through the denser atmosphere, electric charges are
transferred from the surface of the flying projectiles to the dust as a result of the
collision with the atmospheric air stream.

In the development of highly static sensitive electronic circuitry used in timing and
fuzing, the need to know how the charge builds up has warranted the investigation
of the triboelectric affects during flight. This paper will discuss the method of
instrumentation used, the pre-flight test results obtained during dynamic wind
tunnel tests, and the instrumentation system used to perform the triboelectric
measurements.

BACKGROUND OF TRIBOELECTRIC PHENOMENA

In 1988 projectile fuzes experienced in-flight prematures called “Down Range
Prematures” (DRPs) which were attributed to a phenomena described as
triboelectric phenomena. These DRPs occurred on projectiles that were armed
and fuzed with an electronic timer. The electronic components used in these
circuits were extremely sensitive to static discharge. The occurrence of flight
anomalies initiated a literature search on the triboelectric phenomena. The results
of this search indicated that static voltages were building on the projectile surfaces
in contact with the air molecules.

Initially it was thought that the static build up was a result of charge transfer from
the air molecules to the projectile surfaces. A metal shield “Faraday Cage” was
used to encapsulate the electronics. This device prevented the static charges



from upsetting the fuze electronics by allowing the electrical charges to
concentrate on the outer surface of the shield while the volume inside the metal
shield remained electrostatically neutral.

The Faraday Cage resolved most of the “Down Range Prematures” anomalies.
However, many unknowns still existed in the minds of the fuze systems engineers.
The questions were in the area of the voltage levels that caused the premature
detonations. Information was also needed on the arrangement of the charge
distributions on the fuze surfaces. The telemetry approach was initiated to provide
a versatile information link to study the triboelectric phenomena.

Phase 1 of the triboelectric study generated data which indicated that electrons
were being transferred from the projectile surfaces to the air molecules. The data
collected at the wind tunnel tests showed that the polarity of the projectile surfaces
was positive with respect to the ground plane. This information conflicted with the
literature study theory and would be investigated in the next phase.

Parallel with the telemetry system approach, a computer program was under
develoment at Arnold Engineering Development Center (AEDC). This computer
model was designed to simulate the actual flight conditions and provide the
surface static build up for each fuze as a result of the simulated environment. The
telemetry data would then be used to validate the results of the computer
simulation.

INTRODUCTION

Telemetry instrumentation was needed to measure the high voltages which
accumulated on the surfaces of flying projectiles. The high voltages were
represented by low level signals linearly proportional to the input. The telemetry
instrumentation was designed to perform nonintrusive in-flight measurements and
to meet given requirements. The instrumentation was required to measure
voltages from 25 volts to 40,000 volts. The input impedance was designed to be
very high, typically 1000 megaohms. The input capacitance was designed to be
very low, typically 10 pico farads. These two parameters were designed to
maintain sufficiently low leakage not to affect the output signal from the
instrumentation. The projectile surfaces were electrically connected to the
instrumentation using very low dialectric loss wire. The wire maintained its
insulating properties up to 40,000 volts. In all testing performed in the laboratory at
ARDEC and at the wind tunnel at NASA Lewis Research Center, Ohio, the
voltages collected on the projectiles were below the insulating properties of the
wire insulation.



Telemetry data was collected for phase 1, at the wind tunnels at NASA. Four fuze
models were instrumented and triboelectric data was collected for every simulated
environmental condition. The instrumented fuzes were: Fuze A, Fuze B, Fuze C
and Fuze D. The data was hard wired from the projectile to the data acquisition
system located in the tunnel control room.

INSTRUMENTATION DESIGN

The triboelectric measurements instrumentation consisted of a very high input
impedance attenuator and an operational amplifier. The attenuator reduced the
signal level from thousands of volts to a low voltage signal compatible with CMOS
and TTL circuitry. The voltage output (Vout) was designed to be +/- 10 volts at
+/- 30,000 volts input (Vin), respectively. The attenuator reduced the signal level
from 30,000 volts to +/- 5 volts. The signal was then fed to the operational
amplifier, which introduces a multiplication factor of 2.0. The overall transfer
function between the output (Vout) and the input (Vin) is a linear function with a
constant factor of 3000. Figure 1 describes the individual contribution of each
block diagram to the overall transfer function. To obtain the input voltage sensed
at the projectile surfaces, the output signal from the instrumentation was multiplied
by a factor of 3000. Figure 2 shows the fabricated hardware used in phase 1 wind
tunnel testing.

FIGURE 1

The voltage buildup on the projectiles was related to the capacitance between the
two surfaces monitored, (Q = CV). The surface charge density,    , was then
obtained by dividing the surface charge, Q, by the area, A, of the surfaces.

The voltage between any two surfaces of the projectiles was obtained by
multiplying the surface charge density by the area and dividing by the capacitance
constant between the two surfaces.



In phase 1 of this study, the voltages were measured relative to a ground plane.
The ground plane which consisted of a copper board that replaced the existing
fuze electronics was located inside the fuzes. The ground plane was connected to
the electrical ground of the instrumentation and the data inputs were connected to
the surfaces to be monitored. The attenuator was designed to sense the
electrostatic field across two surfaces, and output a voltage attenuated by a
constant factor of 6000. As discussed in the introduction, the leakage of static
charges was minimized by the high impedance and the low capacitance
characteristics of the attenuator and the low dialectric loss wire.

In the initial stages of the instrumentation development, three types of insulated
wire were tested. The first type was rated at 200 volts dialectric breakdown. The
second type was rated at 10,000 volts and the third type was rated at 40,000 volts.
During tests performed in the laboratory facilities at ARDEC, the first two types of
wire were eliminated, because of dialectric breakdown. These breakdowns were
most severe when the static voltge accumulated and discharged at high rates of
change. The third type of wire, 40,000 volt insulation value, has been successfully
used throughout the laboratory tests at ARDEC and phase 1 tests at NASA.

During phase 1 of the triboelectric measurements program, one of the areas of
concern was to perfect the understanding of the distribution of static charges on
the surfaces. As described previously, it was decided to electrically ground the
instrumentation ground plane to the fuze ground plane. This approach showed
that static voltages built up on all external surfaces relative to the fuze ground
plane. More data would be required to learn how the electrostatic surfaces behave
during actual flight. It must also be studied how the sudden discharges of
electrostatic energy upset the fuze electronics, which resulted in the faulty
operation during the DRPs.

The capability of making triboelectric measurements via telemetry was developed
to provide an opportunity for the fuze systems engineers to study the
phenomenon. This study would be expanded in phase 2, to include different
possibilities of charge distribution on the surfaces and to study how the dialectric
breakdown of the fuze surrounding materials upset the firing circuits in the fuzes.



TELEMETRY DATA ACQUISITION SYSTEM

The triboelectric data collected in the wind tunnel required a more sophisticated
data acquisition system than the one used in phase 1. In phase 2, a computer
system and a new software package was developed to monitor, digitize and
permanently store the collected data. The software also includes a mathematical
package to perform calculations. The software was also designed with a high
degree of versatility to accept a changing set of triboelectric data parameters. The
data acquisition system acquired for this program was designed to accommodate
data format changes that are expected as the program continues.

WIND TUNNEL TESTING

The wind tunnel was an excellent method of simulating the actual flight conditions
in a controlled environment. Humidity, dry air and dust were introduced in the air
stream. Three mach numbers were achieved that simulated the projectile velocity
in actual flight. Other factors involved in the simulation were the Stagnation
Pressure (the ambient pressure), the Stagnation Temperature (the temperature of
the moving air around the body), and the Reynold’s Number that is a measure of
the viscous friction effects of the environment in which the projectile flies. The
Reynold’s Number and the temperature were the key parameters in the first set of
wind tunnel tests. Forty-six test runs were conducted in phase 1. Each of the fuze
models was subject to a test run with water, dust, dry air and no dust. The flow
rate was also varied to obtain standard pressure, high pressure, standard
temperature and high temperature. The temperature was varied by heating the air
stream. Due to problems experienced with the heaters during the first few runs, all
of the needed data, at high temperature, could not be acquired. This malfunction
should be resolved in time for phase 2

Economically, the wind tunnel was also an optimum method of simulating the
flight conditions. This method allowed the simulation of possibilities and
combinations of atmospheric conditions. Some of these conditions have already
been studied and no direct connection was found to the triboelectric phenomena.
The list of conditions to be tested in phase 2 would more than likely approach half
the number of conditions tested in phase 1.

PHASE 1 TRIBOELECTRIC TEST DATA

The data collected in phase 1 was reduced and organized in report format. The
data indicated a definite presence of static build up on the surfaces of the
projectiles. The fuze models tested in phase 1 were Fuze A, Fuze B, Fuze C, and
Fuze D. Fuze D configuration was so large (approximately 24 square inches of



area) that it restricted the flow of air in the wind tunnel. Due to this restriction of air
flow, the post test data did not show significant build up of charge. A substantial
amount of data was collected with the remaining three fuze models. However, it is
not the objective of this paper to present a detailed discussion of the results. For
additional information regarding a detailed comparison of the data results, the
reader should request “The Development of a Test Procedure to Certify Projectile
Fuzes to Triboelectric Effects”. This document must be requested through
SMCAR-FSN-M, Picatinny Arsenal, N.J. 07806-5000.

Plot #1 contains data collected with Fuze A. The static build up at the brass nose
piece indicates a voltage build up of 2250.0 volts. The other two surfaces did not
indicate substantial voltage build up. This run was performed with the following
conditions:

1.  Reynolds Number -- 2,072,252 1/ft
2.  Flow Rate -- 23.20 lbs/sec
3.  Temperature --  -167 Deg F
4.  Dust mixed with the air molecules
5.  Mach Number --  1.968

The data in plot #2 shows voltage build up at the nose piece and at the shell of
Fuze B. The voltage measured at the nose piece was approximately 2200.0 volts
and the voltage measured at the shell was approximately 4700.0 volts The
conditions for this run were:

1.  Reynolds Number -- 2,645,491 1/ft
2.  Flow Rate -- 38.88 lbs/sec
3.  Temperature -- -168 Deg F
4.  Dust mixed with air molecules
5.  Mach Number -- 1.968

Plot #3 contains data collected with Fuze C. Two surfaces were monitored in this
model. The first surface was a plexiglass dome, located in the front of the
projectile. The body of the projectile was also monitored. The voltage at the dome
first jumped to an approximate value of 3300.0 volts and then jumped to a peak
value of 4500.0 volts. This run was performed with the following conditions:

1.  Reynolds Number -- 2,645,491 1/ft
2.  Flow Rate -- 24.64 lbs/sec
3.  Temperature -- -225 Deg/F
4.  Dust mixed with air molecules
5.  Mach Number -- 2.473



RF TELEMETER FOR TRIBOELECTRIC MEASUREMENTS

The RF telemeter for the triboelectric measurements consists of four main units:

1.  Battery power supply
2.  The power control circuit
3.  Signal conditioning
4.  Telemetry transmitter and multiplex (FIG. 2)

The four units are integrated in a rigid self-contained package with its own power
supply. The RF communication link consists of a phase modulated transmitter
designed and qualified to IRIG standards.

The battery power supply unit was designed to provide dual polarity voltages
necessary for the triboelectric instrumentation signal conditioning. It provided
+/- 15 volts to the signal conditioning unit and +28 volts to the RF circuitry. The
DC power was supplied from a stack of rechargeable batteries, assembled to
survive the set-back forces during gun environment.

The power control circuit was a unique combination of optically isolated input
transistor logic with very low power CMOS technology. The ciruitry was integrated
in the telemeter to operate it from a remote location. This capability substantially
improved the DC power management on board the projectile. It allowed the
instrumentation to be turned off while charging the batteries. As the projectile was
ready to be fired, the instrumentation was turned on and the telemeter was
operating at full battery power.

The signal conditioning consists of the same circuitry designed for phase 1. This
unit contains an attenuator and an operational amplifier which was designed in
phase 1 to be integrated with the RF circuit at a later date.

FIG.2     TRIBOELECTRIC MEASUREMENTS VIA TELEMETRY



CONCLUSIONS

Phase 1 of the triboelectric measurements program has been completed with the
wind tunnel tests at NASA Lewis Research in Cleveland, Ohio. In this phase, forty
six different tests were conducted to simulate most of the environmental
conditions encountered at the proving grounds. These atmospheric conditions
include humidity, heat, dry air and dust contamination. At the completion of these
tests, approximately half of the original conditions were eliminated because they
do not seem to contribute to the triboelectric build up problem. Phase 2 will
investigate and study the remaining conditions. The objective for this phase is to
down select a set of atmospheric conditions which contribute heavily to the static
build up.

Parallel with the telemetry program, a computer model for the triboelectric
program is under development. The computer model is being developed to
provide the systems engineers with the capability to simulate the flight conditions
and study the triboelectric build up phenomenon on the fuzes at the system design
level. The telemetry data plays an enormous role in providing the electrical
characteristics for the fuze materials and the atmosphere surrounding the fuze.
These characteristics are used as input conditions to the computer model.
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ABSTRACT

A series of artificial eggs has been developed for the New York Zoological Society to
measure conditions in the nest of the white-naped crane (Grus Vipio). Investigations
undertaken at the Bronx Zoo have endeavored to improve artificial incubation of the eggs
of endangered species of birds. Artificial eggs were constructed and camouflaged so that
a pair of birds would accept and incubate them. Inside each counterfeit egg, a radio
telemetry transmitter was hidden to report on the temperature and humidity in the nest and
the orientation of the egg itself with respect to gravity.
KEYWORDS: Telemetry, egg, incubation, temperature, humidity.

INTRODUCTION

The most advanced system, Egg-2 (Figure 1), contains a nine-channel radio telemetry
transmitter that measures the following: six temperatures around the circumference of the
egg (straight arrows), the humidity and temperature in the vented “nose-cone” of the egg
(curved arrows), and the orientation of the egg with respect to gravity.

The system was able to follow the complete 35-day incubation period of Grus Vipio, and
report on the “micro-climate” conditions in the nest. Simultaneous temperature and
humidity recordings were made from the surrounding environment using a commercial
Rotronic weather probe. The birds’ behavior was logged by real-time comments and
video recordings.

Over the four-year course of the project, two eggs have been designed and constructed,
called “EGG-1” and “EGG-2”. This paper will discuss the technical aspects of both,
emphasizing the improvements of EGG-2 over EGG-1.



METHODS

Temperature is sensed in the eggs by tiny thermistors (Thermometrics “ruggedized
thermobeads”). These come from the factory sealed in glass for long-term stability. Each
egg also contains a humidity-sensitive resistor (Phys-Chemical Research Corporation,
PCRC-55), and three miniature mercury switches to determine orientation.

Egg-1 is divided into two compartments: (1) the “nose cone”, which is vented to the
outside, containing one humidity sensor and one thermistor, and (2) the sealed interior of
Egg-1 which contains the transmitter circuitry and three mercury switches, one in each of



three perpendicular directions (X, Y, and Z). Thus it can tell which end of the egg (narrow
vs. fat) is higher, and which of four rotational orientations around the long axis of the egg
is up.

For its transmitter, Egg-1 contains a National Semiconductor 1871 chip, used
commercially in radio-controlled cars, planes, etc., delivering 35 milliwatts of power at
49.89 MHZ. The receiver for Egg-1 was designed around the matching 1872 chip. Egg-1
employs a pulse-width modulation scheme to encode the data, transmitting a sync pulse
followed by a series of three pulses each of whose duration is proportional to a different
piece of data: temperature, humidity, or orientation.

Egg-2 (Figure 2) has a vented nose-cone compartment similar to Egg-1, containing a
humidity sensor and a thermistor. In addition, six surface thermistors are arranged around
the circular equator at 60-degree intervals. Three mercury switches inside Egg-2 form an
equilateral triangle in the equatorial plane of the egg, allowing the discrimination of six
orientations, corresponding to the six surface thermistors as the egg is rotated around its
long axis. Egg-2 does not measure whether the narrow or flat end of the egg is pointing
up, since it was found that birds just don’t turn their eggs up on their ends.

Egg-2 modulates a miniature transmitter delivering 15 milliwatts at 164.335 MHZ. An
inexpensive commercial scanner is used to receive signals from Egg-2. To encode the
data, Egg-2 uses an interval-duration scheme, which is much more power-conservative
than Egg-1. Short (1 millisecond) pulses are separated by variable intervals of silence.
Egg-2 transmits data once every two-to-three minutes.

The data from both eggs are demodulated with crystal-controlled timers, operated by an
Hitachi 64180 microprocessor. The microprocessor coordinates data from Egg-1, Egg-2,
and the Rotronic humidity/temperature probe, talking via RS-232 to an IBM PC. The PC
time-stamps the data along with real-time comments from an observer, and stores
everything on diskette.

At the start of each season, both eggs were calibrated in a custom-designed computer-
controlled chamber, against a mercury thermometer (second-generation National Bureau
of Standards) and a set of standard salt solutions for humidity.

A conservative estimate of the accuracy for the data from Egg-1 and Egg-2 is 5% RH and
1.0 deg C., although the precision of these systems is 10-100 times greater. To the limits
of their precision, all systems are virtually noise-free in the short term, producing
reproducible data in a constant environment. Drift and hysteresis seemed to be more of a
problem with humidity than temperature, probably because of chemical contamination and
moisture on the sensor surface.



Figure 2 : Schematic of EGG-2 Telemetry Transmitter

Batteries in the eggs are lithium thionyl-chloride ½ AA cells, at 3.4 volt, 0.85 ampere-hour.
Egg-l contains two such batteries and runs for six weeks without changing. Egg-2
transmits for more than 3 months, and contains just one battery.



The camouflaged epoxy housings for the eggs measure 110 mm in length, and 65 mm in
diameter at the widest point. They are threaded for opening to turn on and off, change
batteries, and implement modifications. Both eggs employ small curved whip antennas.

The behavior of the nesting birds was monitored at the Bronx Zoo with a SONY
HVM-332 CCD video camera, equipped with an 18-LED infrared illuminator (Fuhrman
Diversified Inc.) for night viewing. A time lapse video cassette recorder (Panasonic
AG-6720) was used to record all day and night for the entire incubation period. The data
were superimposed on the video via a Video Serial Interface made by American Video
Equipment. (Figure 3) The six temperatures around EGG-2 are shown on the right, with
the orientation (5) in the middle of the circle of temperatures. The top temperature is
warmest, corresponding to that part of the egg nearest the bird. Ambient and nose-cone
temperature and humidity are listed on the left, along with time and date.



DISCUSSION

Most of the design constraints, including size, weight, battery-life, range, precision,
number of channels, and number of readings per hour, involve a tradeoff summarized by
the following:

battery-life
size and must be traded range
weight off against precision

# of channels
# of readings/hour

Even with lithium-TCL batteries, which have the highest power density commercially
available, size and weight constraints are serious limitations to the available power. This, in
turn, limits the range of transmission, and the number of weeks before the batteries go
dead. Since both eggs have “sleep” circuits, the power drain is proportional to the
number of transmissions per hour.

Precision also takes power. In measuring the duration of a pulse, or the interval between
two pulses, the precision of the receiver is limited by the time it takes to determine the
presence or absence of the signal. Even in the ideal case, a radio signal takes a certain
number of cycles of the sine wave to be detected. Realistically, the response time of both
receivers is much slower than this. Thus, the only way to increase precision is to use
longer pulse-widths (Egg-1), or longer intervals between pulses (Egg-2). Both of these
cost power. With Egg-1 it means greater transmitting time, and with Egg-2 it means more
time in the “non-sleep” mode. The following table compares the results.

Parameter    Egg-1  Egg-2

modulation scheme pulse-width interval
frequency (MHZ)     49.8  165.3
# batteries (3v, 850 mAH)      2    1
range (feet)     10   20
number of channels      3    9
number of readings/hour     20 20-30
battery life (weeks)      6   12
precision    0.1 %  0.5 %

Because of the power saved by using an interval modulation scheme, Egg-2 is better than 
Egg-1 in all respects, except precision. This last was an intentional concession, since the
true accuracy did not warrant the high precision of Egg-1.



The range of transmission is limited by the tiny space for the transmitting antenna in both
eggs, as well as the close proximity to the ground and the bird. The higher frequency of
Egg-2 made transmission more efficient.

The nest is an interesting environment for electronic equipment. Birds usually shield their
eggs from direct rainfall, and treat them carefully, (after all, real eggs are fragile). Humidity
remains a constant threat to high-impedance circuitry. Traditionally, wildlife transmitters
are embedded permanently in epoxy to seal out water. We decided against this, and made
the eggs screw open. The thread was coated with sealant, and a package of desiccant was
inserted.

CONCLUSION

Useful and previously unreported data were obtained by EGG-2 (Figure 4). The fact that
the top of Egg-2 was, at times, more than 10 degrees Celsius warmer than the bottom
suggests that the air-warmed incubators used in zoos today generate too uniform a
temperature in eggs, perhaps accounting for some of the observed high rate of failure with
artificial incubation of non-domestic birds. Humidity (not shown in this paper) in the nest
does not seem to be influenced by water contributed, or removed, by the bird. Rather,
relative humidity in the nest tends to mirror that of the outside environment, corrected for
the temperature in the nest.

Artificial incubation is an important tool in the propagation of rare species of birds. When
eggs are taken from the nest early in the incubation period, the birds will usually lay more.
This process can often be repeated as many as five times in a season, thereby greatly
increasing the productivity of a given pair of birds, assuming most of the eggs survive. It
is hoped that the data from such studies as ours will enable greater success in the artificial
incubation of the eggs from endangered species, and thereby increase their chances for
survival.



Figure 4 : Data from 1989 Season, EGG-2
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CORRELATION BETWEEN TAPE DROPOUTS AND
DATA QUALITY
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ABSTRACT

This paper will present the results of a study to correlate tape dropouts and data quality. A
tape dropout is defined in the Telemetry Standards  as “a reproduced signal of abnormally1

low amplitude caused by tape imperfections severe enough to produce a data error” Bit
errors were chosen as the measure of data quality. Signals were recorded on several tracks
of a wideband analog instrumentation magnetic tape recorder. The tape tracks were 50
mils wide. The signal characteristics were analyzed when bit errors or low reproduce
amplitudes were detected.

TEST SETUP

A block diagram of the dropout test setup is shown in figure 1. The digital oscilloscope
was triggered when bit errors occurred or when the signal level dropped to a
predetermined level. The digitized waveform was then stored on a floppy disk. Tests were
performed with bi-phase level, noisy video, and predetection signals.

The bi-phase level signal was chosen because it has no DC component and at least one
transition every bit. A bi-phase level signal consists of a series of pulses of width equal to
either the bit period or one-half the bit period. When a bi-phase level signal is recorded
and reproduced, a series of half-sine waves results (see figure 2). Therefore, the same
signal can be used to measure bit errors and signal attenuation at upper bandedge (UBE)
and one-half UBE.

A 500 kb/s bi-phase level signal was recorded at a tape speed of 30 inches per second
(ips). The average signal amplitude per bit during the dropouts was measured for both the
UBE/2 and UBE bit patterns. One interesting result was that the signal reduction at UBE/2
and UBE was nearly the same for the dropouts analyzed. This result is illustrated in 

This effort was sponsored by the Telemetry Group of the Range Commander’s Council.



Figure 1. Tape Dropout Test Setup.

Figure 2. Bi-phase Level Signal.



figure 3. Wallace  found that the signal reduction due to effective head-to-tape separation2

during the reproduce process is 54.6 dB/wavelength. The empirical record loss factor  has3

been found to be about 45 dB/wavelength. Therefore, if the signal reduction at UBE/2 is
14 dB, the reduction at UBE should be 28 dB. In figure 3, when the amplitude of the
UBE/2 bit pattern was reduced by .14 dB, the amplitude of the UBE bit pattern was
reduced by only 15 to 17 dB. All of the dropouts detected in this portion of the study had
nearly the same attenuation at UBE/2 and UBE. The variation of dropout depth versus
wavelength was explored in more detail by recording the sum of three sine waves with
very different frequencies.

Figure 3. Attenuation for UBE/2 and UBE Bit Patterns.

SINE WAVE TEST RESULTS

The sine waves (39.1, 195, and 480 kHz) were recorded on several tracks of the recorder
at a tape speed of 30 ips. The frequencies were picked so an integral number of cycles
occurred in each 51.2 microsecond interval. The amplitudes of the two highest frequency
signals were equal. The amplitude of the 39.1 kHz signal was one-tenth the amplitude of
the other two frequencies. The reproduce output was connected to both an amplitude
modulation (AM) detector and a digital oscilloscope. The AM detector output was used to
trigger the digital oscilloscope when the reproduce level decreased to a predetermined
level.

The signal amplitude changes during the dropout were measured by performing a series of
256-point fast Fourier transforms (FFTs). The FFT results were normalized by dividing the



power in each time slot for each frequency by the average power of the same frequency
before the dropout. This normalization eliminated differences due to imperfect amplitude
equalization. These tests were performed with 2 dB over-bias and with no bias. The record
level was slightly below saturation for the no bias tests. Typical results are shown in
figures 4 and 5. The attenuation was nearly the same for all frequencies (slightly greater at
higher frequencies). The dropout durations were longer (time below a given dB level) for
the shorter wavelengths.

Figure 4. Attenuation for Three Figure 5. Attenuation for Three
Wavelengths (+2 dB Bias). Wavelengths (No Bias).

If the tape is physically lifted off the reproduce
head, the attenuation is much greater at the higher
frequencies than at the lower frequencies. This
effect is illustrated in figure 6. The data in figure
6 agree with the separation loss theory better than
the data in figures 4 and 5 do.

Figure 6. Attenuation for Three 
Wavelengths (Tape Lifted).

 BI-PHASE LEVEL TEST RESULTS

Additional dropout tests were then conducted using 500 kb/s bi-phase level signals at a
tape speed of 30 inches per second. The tapes were relatively new Ampex 795 tapes from
the Defense Logistics Agency (DLA). Dropouts that cause bit errors only occurred every



few thousand feet of tape. Most of these dropouts
had a duration of 20 to 30 mils. The signals were
digitized during the dropouts and the rms values
were calculated every 8 microseconds (4 bits). A
severe dropout is shown in figure 7. The locations
of the first six bit errors are marked. The first bit
error did not occur until the signal was attenuated
by .18 dB in this example.

Figure 7. Amplitude and Bit Error 
Locations During Dropout.

TEST RESULTS WITH NOISY VIDEO AND PREDETECTION SIGNALS

Tests were then conducted with a pseudo-noise non-return-to-zero level (NRZ-L) pulse
code modulation (PCM)/frequency modulation (FM) radio frequency (RF) link added to
the test setup. The RF signal level was varied until between 1 and 10 errors occurred per
million bits. The predetection carrier, receiver video, and bit synchronizer outputs were
recorded on magnetic tape. The pseudo-noise pattern was nearly DC free (1024 ones and
1023 zeros every 2047 bits) and never had more than 11 bits between transitions. A circuit
was built to trigger the digital oscilloscope whenever four bit errors occurred during a
256-bit window.

No error bursts were detected on the predetection tracks. The average bit error rate was
approximately one-tenth of the error rate on the bi-phase level tracks. The reason for the
lower error rate was that the playback intermediate frequency (IF) bandwidth was one-half
of the pre-recording IF bandwidth. I estimate that a dropout depth of greater than 25 dB
would have been required to cause a burst of errors on the predetection tracks. Severe
dropouts do occur but fortunately they are rare.

The receiver video tracks had many burst errors. Figures 8, 9, and 10 show a dropout
which caused 35 bit errors on a receiver video track. Figure 8 shows the variation in the
peak-to-peak amplitude during this dropout. The peak-to-peak value over a 14-bit interval
was used instead of the rms value because peak-to-peak is more accurate for NRZ-L
signals. The first errors occurred when the amplitude was decreased by .6 dB.

Figure 9 shows the maximum, minimum, and average of maximum and minimum for each
14-bit interval. The variation in the average of maximum and minimum represents the
baseline variation. The bit synchronizer has to track this variation accurately to properly



decide ones from zeros. The baseline variation was at least as large during the dropout as
before the dropout even though the peak-to-peak amplitude was reduced by a factor of
three during the dropout.

Figure 8. NRZ-L Video Tape Dropout. Figure 9. Maximum, Minimum and 
Average Signal Levels During Tape 
Dropout.

Figure 10 shows 200 bits during this dropout. Notice the baseline variation. Some bits do
not make it to mid-scale (the nominal decision point between ones and zeros). Figures 9
and 10 show that the biggest cause of errors in this dropout was baseline variation. The
bits could have all been detected correctly if the decision point was chosen properly for
each bit interval. The nominal playback bit error rate for the noisy video was twice the bit
error rate of the signal which had been detected and converted to bi-phase before
recording.

CONCLUSIONS

All bit error bursts detected during this study occurred during tape dropouts (signal
reduced by at least 6 dB). However, not all tape dropouts caused bit errors. Predetection
recording had the greatest immunity to tape dropouts. However, the packing density was
only one-half of the packing density with the other recording methods. The bi-phase level
signals were also quite immune to tape dropouts. The noisy NRZ-L video signals were
adversely affected by baseline variations which occurred during the dropouts. Noisy
NRZ-L video signals are not usually a good choice for recording . The dropout depth and1

duration were greater for short wavelengths than for long wavelengths. The dropout depth
that will cause data errors depends on many variables including:

type of signal being recorded
recorded bit packing density
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Figure 10. NRZ-L Video During Dropout.

quality of record and reproduce machines
accuracy of playback azimuth and equalizer adjustments.

Tape dropouts can be caused by several problems. The usual assumption is that most
dropouts are caused by debris which create a physical separation between the head and the
tape. The signal attenuation in decibels should be inversely proportional to the wavelength.
The data measured in this study do not fit this model. Dropouts could also be caused by a
lack of magnetic particles in a small region of the tape. I believe the loss could be nearly
the same at all frequencies in this case.
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ABSTRACT

This paper briefly reviews past techniques for measuring FM deviation and discusses the
limitations of past technology. Graphs of the Bessel functions are presented in terms of
decibels (dB), offering a better method of measurement when used with a modern
spectrum analyzer.

Key Words:  FM Deviation; Field Measurement; Spectrum Analyzer.

INTRODUCTION

FM signal generators are often not reliable for measuring deviation, even when modulating
with a single sine wave. When modulating with a complex waveform such as PCM/FM or
FM/FM, the deviation meter becomes useless. To provide the maximum telemetry signal
while remaining within legal bandwidth limits it is imperative to be able to accurately
measure FM deviation of complex waveforms.

The availability of excellent oscilloscopes, spectrum analyzers, and receivers has
significantly changed our ability to accurately calibrate and measure FM deviation. Many
of us tend to stand with old “tried and true” methods that, in our experience have been
good enough, but do not truely reflect the transmission bandwidth limitations of modern
test ranges.

The purpose of this paper is to briefly revue past calibration methodology and its
limitations, and to present curves that make it possible to calibrate and measure deviation
accurately and conveniently, when used with a modern spectrum analyzer.



PAST TECHNOLOGY

All techniques for measuring FM deviation known to this author rely on using a receiver
that has been calibrated by using an FM signal generator or transmitter that is modulated
by a single sine wave. When modulated by a single sine wave, the spectrum output of the
devise is predicted by the Bessel function of the first kind, found in many texts and
handbooks in various forms. A form that is easily useable for computer expansion is:

(1)

where $  = Modulation Index (MI) in radians;
n  = order of the carrier (0) or sideband (1,2,3... );
k  = kth term of an infinite expansion.

Fortunately, for any value of the argument $, the series converges rapidly. The Bessel
function of the first kind is a generalized solution to several physical problems, but for the
solution of a carrier modulated by a single sine wave, the argument $  is by definition the
Modulation Index (MI) and is defined by:

(2)

The carrier term, J , and the first two sidebands, J  and J , from Eq. (1) are illustrated in0       1  2

Fig. 1 for Modulation Index (MI) from zero to five. The higher ordered sidebands are not
shown in Fig. 1 and are not needed for this paper, but each sideband sequentially rises up
from zero similar to J  and J . For a modulation index of five, there are at least ten sets of1  2

significant sideband pairs. When unmodulated, MI = 0 and all of the power is in the carrier
term. As the MI is slowly increased, the carrier term decreases and the missing power
from the carrier appears in the sidebands.

Values of the Bessel functions are normalized, and are proportional to the voltage or
current; when squared, they are proportional to the power associated with the carrier and
each of the sidebands. Since the power output of an FM transmitter is constant regardless
of modulation, it follows that for any MI the sum of the squares of the carrier term and
each of the sidebands must equal 1, just as it does for the unmodulated carrier (do not
neglect that each sideband appears in pairs). This provides an easy check when
manipulating the Bessel function with a computer to test that enough terms in the
expansion on k have been carried out and that all significant sidebands have been
considered.



Receiver Setup

The receiver should be set as it is to be used after the deviation has been set or measured.
Guidelines for setting the IF bandwidth and the demodulation bandwidth are provided in
both Ref. 1 and Ref. 2 for various forms of modulation. Normally the video output level of
the receiver is dictated by a tape recorder input level.

The use of a receiver for calibration of deviation relies on the fact that the video output of
a receiver is directly proportional to the deviation, within certain limitations. The first
limitation is that there must be no compression or limiting of the video output. The second
limitation is that for most receivers switching the IF bandwidth or the demodulator
bandwidth will change the video output voltage.

Deviation Measurement

Stations having receivers with spectrum display units (SDUs) typically used the zero
crossings of the carrier or first sideband occurring at approximately MI of 2.405 and
3.832, respectively, to measure deviation. There were no means for measuring the
amplitudes of carrier or sidebands, but it was possible to observe on the SDU the nulling
of these signals, using a single sinewave modulating frequency. The SDU has in-band
noise, so it is not possible to measure the carrier or sideband going to zero amplitude; it is
only possible to measure that the carrier or sideband go below the noise. It is therefore
adviseable when using this method of measurement that a strong signal be used.

It is because the zero crossings occur at difficult values of MI that it is difficult to use this
method of measurement. For example, let us assume it is desired to calibrate an FM
transmitter for ± 250 kHz peak deviation. Using Fig. 1 it may be seen the carrier has zero
amplitude at approximately MI = 2.405. Using Eq. (2) with a peak deviation of 250 kHz
and MI of 2.405 the modulating frequency can be calcul to be 103.95 kHz. Using a sine
wave at 103.95 kHz to modulate a signal generator, slowly increase the modulation level
from zero until the carrier vanishes into noise on the SDU. At this point the deviation is
250 kHz. The video output of the receiver may now be adjusted to a convenient peak-to-
peak voltage with an oscilloscope. If a new modulation source such as FM or PCM is now
introduced, adjusting the level to provide the same peak-to-peak voltage on the video
output will provide a peak deviation of 250 kHz for the complex waveform. Subject to the
limitations previously mentioned, other deviations will be proportional to the video output
voltage.

It is easy to obtain an odd modulating frequency such as 103.95 kHz on modern frequency
synthesizers, but required endless tweeking on old signal generators, and it was difficult to
determine the errors involved if the correct modulating frequency was not exactly



achieved. Similar problems occur when using the first sideband nulling at MI = 3.832, or
other sideband crossings; the procedure is the same. The numbers were always difficult,
and one was always left with the question of the depth of a null in noise. This system did,
however, provide a method for measurement, or at least an estimation of deviation, when
no other method for measurement was available.

MEASUREMENT BY SPECTRUM ANALYZER

Modern spectrum analyzers are capable of direct measurement of the relative amplitudes
of the carrier or any sidebands in decibels. The advantages of this method of measurement
are manifold in that it offers a means of measurement using only mental multiplication, it is
useable for a continuous modulation index, and in most cases provides redundancy of
measurements. The method is to present the relative amplitudes of the respective Bessel
functions in terms of decibels (dB), a form that is readily useable by spectrum analyzers,
without regard to the actual signal generator or transmitter output power.

The equation used to make plots of these functions requires the Bessel functions to be
squared, proportional to power:

(3)

These functions are plotted in Fig. 2 for the modulated carrier referenced to the
unmodulated carrier, and for the first sideband referenced to the modulated carrier. Fig. 3
shows the second sideband referenced to the modulated carrier, and the second sideband
referenced to the first sideband.

To use the conditions of the previous example, to achieve a deviation of 250 kHz, using a
modulation index of 2.5 times a modulating frequency of 100 kHz provides a peak
deviation of 250 kHz. Referring to Fig. 2, at MI of 2.5 on the curve for J /J  we read that it1 0

should be about 20 dB. Using 100 kHz modulating signal, increase the modulation of a
signal generator until the first sideband (J ) is about 20 dB above the carrier (J ) on a1         0

spectrum analyzer, using 10 dB/division sensitivity on the spectrum analyzer. Referring to
Fig. 3, note that on the curve for J /J , the second sideband (J ) is about 19 dB above the2 0     2

carrier, and verify this condition on the spectrum analyzer. Finally, also on Fig. 3, on the
curve for J /J , note that the second sideband (J ) should be about 1 dB below the first2 1       2

sideband (J ). To verify this condition the spectrum analyzer sensitivity should be changed1

to 2 dB/division. We have now evaluated MI three different ways, and determined that
under present conditions the signal generator is outputting 250 kHz deviation.

Returning now to the first example on nulling the carrier at MI = 2.405, and the discussion
on knowing how deep a null is in noise, let us now consider the curve on Fig. 2 for



J ($)/J (0) this curve is for the modulated carrier referenced to the unmodulated carrier. If0 0

the unmodulated carrier is 20 dB above noise, a fairly strong signal, from this curve it is
evident that below noise would be below -20 dB, or that portion of the curve between MI
of approximately 2.22 and 2.61. For a modulating signal of 103.95 kHz, the deviation thus
“measured” is between about 231 and 271 kHz, leaving us with an uncertainty of about
±20 kHz from the desired deviation of 250 kHz. The curves presented in Fig. 2 and Fig. 3
make it easily discernable whether the MI is 2.4, 2.5 or 2.6, showing drastic and
measureable changes in this region.

In most cases of measurement, only mental multiplication is necessary, using frequencies
in powers of ten to achieve the desired deviation. There is always redundancy of
measurements except at the zero crossing for MI = 2.405, and even then one very accurate
means of measurement is offered. It is only necessary to calibrate a receiver using Fig. 2
and Fig. 3 with a spectrum analyzer, and adjust the video output of the receiver.

CONCLUSION

Using the curves presented in Fig. 2 and Fig. 3 of this paper, it is possible to adjust
transmitter and signal generator deviation very accurately, for any form of modulation. The
curves provide redundancy of measurement in most situations, and also rely on measuring
solid peaks of sidebands instead of measuring into noise.
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Figure 1 -  J , J , & J  vs. Modulation Index0  1   2



Figure 2. Relative Power vs. Modulation Index



 Figure 3. Relative Power vs. Modulation Index
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ABSTRACT

The ever-increasing demands of the modern telemetry system for the transmission of high
resolution digital video data at primary and sub-primary bit rates necessitate the
employment of efficient motion-compensated video coding algorithms. This paper reviews
the current status of motion compensation techniques. The two major classes of motion
estimation methods currently being used for predictive coding of time varying images:
block matching and pel-recursive algorithms are treated in thorough detail. Examples of
practical video coding systems using motion compensated compression are exhibited.
Recent advances in the VLSI technology have made it possible to fit the entire circuitry
required for a motion compensation algorithm onto a single chip.

1. INTRODUCTION

The problem of frame-to-frame motion estimation of the pixels in the moving part of a
sequence of video frames has long been under investigation . Motion considerations[1.2]

have become more and more important in such diverse fields as biomedical engineering
(e.g., in modeling of the human vision system and in the estimation of the heart movements
from x-ray imaging for diagnosis and supervision of patients after heart surgery , motion[3]

analysis of cloud and other atmospheric processes for the meteorologist, robot vision,
airborne imaging systems , automatic target recognition and tracking  missile guidance,[4]      [5]

satellite imagery analysis for surveillance purposes, and image coding. In this paper we
only consider the last application, that of the bandwidth reduction achievable through the
estimation of motion which allows for compression of image sequences for efficient
transmission.

Data Compression techniques applied to video images have been well known . In[6,7,8,9]

particular, interframe coding has been proposed for reducing the frame-to-frame signal
redundancy by segmenting the video scene into two parts, the stationary area and the
moving area. Interframe coding attempts to encode only the information associated with
the moving part of the scene since the stationary part repeats from frame to frame.



Recently, motion estimation has been added as a tool for improving the performance of
interframe video coding algorithms. Several algorithms have been developed for estimating
the displacement vector of a moving object from two successive frames. Once this
displacement vector is known, it can be used for improving the performance of video
coding techniques as it has been already done with motion-compensated predictive coding,
transform coding and motion-adaptive frame-interpolation. In this paper we present a
comprehensive overview of the current status of motion estimation techniques and their
applications to video compression, with the focus being on schemes developed for efficient
transmission of digital video signals at “low” bit rates. Generally, the term “low bit rate” is
applied to transmission at the region below 2 Mbits/s. In the current terrestrial digital
transmission systems, motion video signals are usually transmitted through primary rate
channels (1.544 Mbits/s in North America and 2.048 Mbits/s in Europe), while a bit rate of
768 Kbit/s is used in satellite transmission systems. In the next generation of digital
networks, i.e., the integrated services digital network (ISDN), the B-channel of 64 Kbits/s
and the H0-channel of 384 Kbits/s are considered to be appropriate for full motion video
signal transmission. The telemetry channel rate varies depending upon the application; it is
normally around 20 Mbps for ground-to-ground communications and from 1 Mbps to 10
Mbps for air-to-ground transmission.

2. MOTION ESTIMATION TECHNIQUES

One of the main recent advances in image coding is the application of motion estimation
algorithms. In a sequence of video frames a moving object generates frame-to-frame
luminance changes. These luminance changes can be used to estimate the parameters of a
mathematical model describing the movement of the object . In real scenes, the motion of[3]

a three-dimensional rigid object can be a complex combination of translation and rotation.
Up-to-date, because of real-time computing requirements, only relative simple models
considering the translation component of motion have been considered for video coding.
Most practical motion estimation algorithms make the following assumptions: 1) objects
move in translation in a plane parallel to the camera plane (i.e., effects of camera zoom and
object rotation are not considered) 2) illumination is spatially and temporally uniform 3)
occlusion of one object by another and uncovered background are neglected. Under these
assumptions the pixel values of two consecutive frames are related by:

where S (v, t) indicates the intensity distribution, J is the time between two frames, D is
the two-dimensional translation vector of the object during the time interval [t - J, t] and v
is the vector indicating spatial position. In real scenes a good estimate of S (v, t) is
Ö = S (v - D, t - J). The motion estimation problem is then reduced to the estimation of the
displacement vector D using the intensities of the present and previous frame. Motion



estimation techniques can broadly be classified as: block matching algorithms (BMA) and
pel-recursive algorithms (PRA). The former estimates the motion on a block-by-block
basis assuming that all pels within the block have a uniform motion. The latter, estimates
the motion on a pel-by-pel basis and, in general, it achieves better estimates of the true
motion than the BMA class of algorithms at the cost of increased computational load. Note
that motion compensation per sec does not compress data, it simply produces pertinent
information for compression.

2.1 Block-Matching Algorithms for Motion Estimation

With block-Matching Algorithms, the frame to be processed is tiled off into subblocks of
(MxN) pixels each. All pixels of a single subblock are assumed to have the same
displacement. The displacement estimate for a certain subblock is found by comparing this
subblock in the present frame with a corresponding subblock within a search area of size
(M+2p)(N+2p) in the previous frame (Figure 1), where p denotes the maximum
displacement allowed. The assumption made here is that the interframe motion of the
block is bounded by this area. The subblock comparison is made with respect to an
arbitrary cost function (matching criterion). This can be either a second-order cost
function like the mean-squared-error (MSE) (proposed by Jain & Jain , a correlation[10]

type cost function like the normalized cross-correlation function (NCCF) ,[8]

or, a much simpler (first-order) cost function based on the image differentials on small
image blocks (i.e., luminance variations in time and space). The differential methods were
introduced by Limb & Murphy  and then further analyzed in Cafforio & Rocca . A very[11]        [12]

popular criterion which belongs to this class is the Mean of the Absolute Difference
(MAD) criterion posed by Koga et al.[13]

The MAD criterion has the advantage that no multiplications and no divisions are required.
Experimental results have shown that the particular choice of the matching criterion has no
significant influence on the amount of searching or the accuracy of the motion estimate,[8]

and thus, because of its simplicity, the MAD criterion is generally preferred.



Extensive computations are required for a brute force estimation of the best match.
Evaluation of the criterion function for every pel shift in the horizontal and vertical
direction within the search area would require (2p + 1)  evaluations. For instance, with a2

maximum allowable displacement of p=6 pixels and the MAD criterion (Figure 1) a brute
force method would require the MAD function to be evaluated at 169 shifts and the
minimum out of all these values to be selected.

2-D logarithmic Search (DMD)

Jain & Jain  have presented an algorithm which uses the MSE criterion as the distortion[10]

function and performs a logarithmic 2-D search that tracks the direction of minimum
distortion (DMD) on the data within the search window. It is based on the assumption that
the distortion function increases monotonically as the search moves away from the
direction of minimum distortion. The search procedure is illustrated in Figure (2) for a
specific example with p=6 pels, and is described briefly here. At each step five shifts are
checked. The distance between the search points is halved if the minimum distortion or
mismatch occurs at the center of search locations, or at the boundary of the search area.
For the example shown in Figure 2, five steps were required to get the displacement vector
at the point (i,j)=(2,6).

Three-Step-Search

In 1981, Koga et al.  introduced a similar method called the three-step motion estimation[13]

algorithm which is illustrated in Figure 3. At the initial step of this procedure eight coarsely
spaced pels around the center pel are tested. In the second step, again eight pels are used
around the pel of minimum distortion found from the first step, but in this step spacing is
finer than the first step. This process is continued for yet another step, resulting in the final
displacement vector (namely, the vector (i,j)=(2,6) in Figure 3).

Conjugate-Direction-Search (CDS), One-at-a-time-Search (OTS)

More recently, Srinivasan and Rao  presented a highly efficient search method called the[14]

Conjugate-Direction-Search method (CDS) and a simplified version of it, the One-at-a-
Time-Search (OTS). ne conjugate direction method, in its simplified version, is a two-step
search procedure described here using the example of Figure 4. Starting at the origin
(corresponding to the static block condition), the vertical direction y is fixed while the
location for the minimum in the x-direction is sought after. The algorithm determines the
minimum in the x-direction when it is located between two higher values for the
neighboring pels. Starting from this location the search is repeated along the y-axis. Using
this method the maximum number of searches is (2p+3) as opposed to (2p + 1)  required2

by the brute force method. Srinivasan and Rao  have reported that, in evaluating the[15]



signal-to-noise-ratio between the predicted frame using motion compensation and the
original frame, simulations on several video frame sequences have shown that there was
about 6% degradation in using OTS as opposed to the brute-force method.

The computing complexity of the search procedure is related to the number of shifts for
which the distortion function needs to be evaluated. Figure 5 shows a comparison of the
number of search shifts and sequential steps required by each of the above search methods
in the given examples. Notice that, for a real-time implementation, the number of required
sequential steps can be a more important feature than the number of search points, since
some of these can be evaluated by parallel computing. It is clear that all three methods are
based on some heuristics and may experience difficulties in certain real scenes. It must be
noted that the displacement estimation accuracy of the BMA class of algorithms is
generally limited to 0.5 pels. This could, in principle, be increased by including
interpolated values of the pels; however, the complexity is usually prohibitive.  Another[16]

characteristic of the BMA methods is that, since pels that are not yet transmitted to the
receiver are used in the displacement calculation, displacement values need to be
transmitted separately as overhead. For an extensive analysis and comparison of motion
estimation techniques with respect to estimation accuracy, convergence rate and
computation complexity, the interested reader should refer to Netravali & Haskel  and[16]

Musmann et al.[8]

2.2 Pel-Recursive Algorithms for Motion Estimation

Netravali and Robbins  were the first to develop a recursive motion estimation algorithm[17]

that improves the estimation accuracy at the expense of increased computation complexity.
In recursive estimation algorithms it is assumed that an initial estimate      is known, andI

then used to produce an improved estimate:      =      + U , where U  is the so calledI + 1      I  i   i

update term of iteration I. Iterations may be performed along a scanning line, from line to
line, or, from frame to frame. Also, iterations may be performed at every pel (pel-recursive
algorithms) or at a block of pels.  Recursive algorithms outperform the BMA methods,[16]

especially, at the presence of multiple moving objects within a single scene, provided that
the rate of convergence is sufficiently fast. In order to calculate the update term, recursive
algorithms utilize the relationship between spatial and temporal changes in the intensity.
Knowing     , a function of the displaced frame difference (DFD)I

can be used as a criterion for calculating the estimate     . Where,             , are theI + 1

horizontal and vertical components, respectively, of the estimate     . In the ideal caseI

DFD converges to zero as    converges to the true displacement vector D. Netravali and
Robbins  came up with an algorithm which minimizes the squared value of the DFD[16,17]



function iteratively with I using the gradient method (steepest descent method). Figure (6)
illustrates how this method approaches the true displacement vector D after a certain
number of iterations. The minimum mean squared estimate of D obtained in this fashion,
gives the updating algorithm:

where L is a gradient operator with respect to the horizontal and vertical coordinates x,y

Notice that the evaluation of DFD and L S  in the last algorithm requires an interpolationk - 1

of the luminance S  (                    ) for non-integral displacements           . Pixels in thek - 1

neighborhood of the non-integral point are used in this interpolation as shown in Figure 7
(with [D] denoting D rounded to an integer number of pel spacings.) It is interesting to
note that at each iteration we add to the old estimate a vector that is either parallel to or
opposite to the direction of the spatial gradient of image intensity. Also notice that, if the
gradient of intensity is zero, i.e., absence of edges, the algorithm will do no update.
Therefore, it is only through the occurrence of edges with different orientations in real
video scenes that converge of      to the actual displacement D is possible.

The original steepest descent algorithm of Netravali and Robbins requires multiplications
at each iteration, which is undesirable for hardware implementation. A simplified version
of this algorithm, the so called sign-only single pel steepest descent algorithm, has been
proposed.  Motivated by the work of Netravali and Robbins, several other recursive[16]

motion estimation algorithms have been developed, such as, the Newton-Raphson method,
an algorithm proposed by Cafforio & Rocca,  and the algorithm of Bergmann. A[18]

description and comparative performance analysis of all the above algorithms can be found
in Musmann et al.  A theoretical proof of the converge of the recursive algorithms to the[8]

true displacement vector and an analysis of their rate of converge is presented in
Moorhead et al.  The influence of noise on the accuracy of recursive displacement[19]

estimation has been investigated by Sabri,  and further theoretical results concerning the[20]

accuracy of iterative procedures are presented in Yamaguchi.[21]

2.3 Feature Extraction Algorithms for Motion Estimation

During the past few years there has been an increased interest in the transmission of
moving pictures at very low data rates (e.g., for video conferencing or visual telephony



using both Basic and Primary ISDN access ). The extreme economy in the[22,23,24]

representation of imagery data for successful communication at such low rates (56-64
Kbit/s and 64xN Kbits/s, where N=1,2,...,5) has necessitated some fresh approaches to
video coding. Motivated by this necessity a new class of video coding techniques,
collectively known as second-generation image coding techniques , has recently[25]

evolved. These algorithms rely on the decomposition of the image into contour and texture,
and code the two parts separately. With these algorithms emphasis is generally given to the
location of object boundaries at the expense of shading and texture information. In parallel
with feature-based coding techniques, feature-based motion estimation algorithms have
also been developed. The feature-based motion estimation algorithms (used in conjunction
with predictive coding techniques) extract edges in a first step and then use either one of
the basic motion estimation algorithms described above or some novel approaches based
upon pattern-recognition and matching methods in order to estimate the motion of the
edges. These techniques are still in the early design stage requiring very complex
computations.[8]

3. MOTION-COMPENSATED VIDEO CODING TECHNIQUES

Video coding techniques generally fall into four main categories : predictive, transform,[9]

hybrid and conditional replenishment coding. Rapid progress in the VLSI technology has
permitted the extension of these algorithms to interframe coding methods, whose merits for
bandwidth reduction have long been recognized. To further improve the efficiency of
interframe coding, research has now been focused on motion-compensated techniques.

3.1 Motion-Compensated Interframe Predictive Coding

Adaptive intra-interframe Differential Pulse Code Modulation (DPCM) is one of the most
widely used video coding schemes. An advantage of DPCM is that it can be easily built in
digital hardware for real-time implementation. Interframe predictors, in general, use a
combination of pels from the present frame as well as the previous one. While for scenes
with low details and small motion frame difference predictors performs the best, as the
motion in the scene is increased, intraframe predictors do better. New algorithms have
been developed that adapt the predictor to the nonstationary statistics of an image by
properly switching between intraframe and interframe prediction. Furthermore, a
considerable research effort has been recently focused on the field of motion-compensated
prediction. Obviously, if an estimate of moving pels is available, then more efficient
prediction can be performed using elements in the previous frame that are appropriately
displaced. Predictors with forward motion estimation generally apply block-matching
techniques to estimate the displacement of objects and transmit the displacement vector in
addition to the prediction error,  whereas predictors with backward motion estimation[14,26]

use recursive estimation techniques and need not transmit the displacement vector. Koga et



al.  have adaptively combined a block matching motion-compensated interframe[27]

predictor with intraframe (previous sample) prediction in order to achieve high efficiency
at any speed. This scheme has been developed and implemented in a practical codec. Even
though the majority of motion-compensated predictive coders employ block matching
schemes, there also exist a few high performance coders that utilize pel-recursive
techniques.[28]

3.2 Motion-Compensated Interframe Hybrid Coding

A number of state-of-the-art coding algorithms resemble the basic structure of the generic
hybrid codec with motion-compensated prediction exhibited in figure 8 (see, Jain &
Jain , IEEE Trans. on Sel. Areas in Comm., Special Issue, “Low-Bit rate of Moving[10]

Images,” vol. 5(7), Aug. 1987). The generic hybrid codec combines a DPCM scheme
along the motion-trajectory of the video sequence with a two-dimensional intraframe
transform coder. The prediction value Ö takes into account a displacement estimate      that
is obtained by one of the standard motion estimation techniques by an analysis of the
signal S (in the majority of practical codecs, a block matching algorithm is used). Since S
is not available at the receiver,     has to be transmitted. The prediction error e is further
encoded by the intraframe transform coder that eliminates spatially redundant information
from the signal e. At the receiver, an intraframe transform decoder generates the
reconstructed prediction error e’, which differs from e by some transform coding error.
The transmitter contains a replication of the receiver in order to be able to generate the
same prediction value Ö as the receiver.

It has been shown that a combination of motion-compensated interframe prediction and a
two-dimensional Discrete Cosine Transform (DCT), is highly efficient.  The CCITT[29]

Study Group XV (the Video Coding Specialist Group) is in the final stage of adopting a
worldwide standard specification for codecs operating at bit rates 384xN Kbits/s and at
64xN Kbits/s, where N=1,2,3,4, or 5. The standard under consideration is a hybrid coding
scheme of conditional replenishment using motion-compensated prediction, followed by
discrete cosine transform (DCT) coding and/or vector quantization. Srinivasan and Rao[15]

have reported some promising results of simulation for another hybrid codec based on the
one-at-a-time search and the C-matrix transform (an approximation to the DCT transform),
while, Strobach  has recently introduced yet another hybrid adaptive scheme that[30]

attempts to optimize both the motion estimation and coding jointly. This last coder
combines a DPCM structure for coding in the temporal direction and an adaptive
quadtree-based scheme for coding the prediction error signal.



Image entropy coding is sometimes used in conjunction with either transform or predictive
coding techniques.  Koga et al.  reported some promising improvements that could be[3l,32]   [27]

obtained by using Markovian entropy codes in adaptive interframe-intraframe predictive
coding with motion compensation.

3.3 Interpolative Coding Techniques

A considerable reduction of the data rate can be obtained when frames are skipped at the
transmitter and then interpolated at the receiver. However, these techniques run into
difficulties if there is motion in the scene. Moving objects become blurred by normal linear
interpolation. However, some experimental results show promise that the blur can be
reduced by motion-adaptive frame interpolation. The underlying principle of motion-
adaptive interpolation is illustrated in Figure (8). Lippman  proposed a motion-adaptive[33]

frame interpolation scheme for reducing the bit rate of an airborne television camera. A
variation of the pel-recursive motion compensation technique of Cafforio and Rocca has
been used for motion compensated interpolation and some promising experimental results
of this scheme have been shown in Cafforio et al.[34]

3.4 Motion-Compensated Color Video Image Coding

Motion compensation of color video signals can be performed either on component or
composite signals. In the case of components, the motion estimation is usually based on
the luminance component and then the same estimate is also used for the chrominance
components. A DPCM codec with a variable stage motion search based on the luminance
component and using a block matching algorithm was recently applied with very good
results  to a test sequence provided by NASA. For composite video signals, the problem[40]

of displacement estimation is complicated by the phase relationship of different samples.
Two promising approaches are : a) to treat samples of the composite signal of each[16]

phase separately and independently, and b) to derive an approximation of the luminance
component of the signal by locally averaging the composite samples and using it for
motion estimation. However, due to the poorer quality of displacement estimation, motion
compensation in the composite-signal-domain is not as efficient as motion compensation in
the component-domain .[37]

4. MOTION-COMPENSATED CODECS: REAL TIME IMPLEMENTATIONS

From the motion-compensated interframe coding techniques, which were first developed
for use in videoconferencing, the ones based on the block-matching search method have
long been implemented in commercial products . Nowadays, motion-compensation[13,31]

emerges as an efficient technique for improving the performance of video codecs for
transmission over bandwidth restricted channels. It is used in such diverse fields as HDTV



(the MUSE system developed by NHK employs a motion-compensated interframe
interpolation algorithm), videoconferencing (in the emerging CCITT H.261 standard, also
known as, Px64), and visual telephony . Motion compensated schemes have not as yet[22,24]

found applications in the stringent environment of the telemetry channel mainly because of
the nature of the telemetry video signal which, generally, exhibits such rapid motion from
frame to frame that the current technology employed for motion compensated techniques
cannot handle. However, the performance of motion-compensated techniques is expected
to increase dramatically in the next few years with the availability of a new generation of
fast signal processors (suitable for video coding), transputers, parallel processors, linear
and quadratic systolic arrays, etc. At the same time, advances in VLSI design allow the
development of ASIC devices performing motion-compensation at a vary affordable cost.

A number of video processors capable of performing real-time motion-compensated
coding already exists in the market. For example, in January 1990, Compression Labs,
Inc., introduced the Rembrandt II codec line for videoconferencing. This codec line can
support up to four video compression algorithms, including the emerging CCITT H.261
video compression standard, also known as Px64. C-Cube Microsystems, Inc., announced
in February 1990, the CL550 single chip image processor that allows real-time video
compression at rates in excess of 0:1. Four CL550s are deemed powerful enough to
process HDTV video in real time. This chip adheres to the recently adopted CCITT/ISO
JPEG standard scheme for multimedia still image compression.

From the area of single chip implementation of motion compensation schemes, we could
mention the STV3220 motion estimation chip by SCS-Thomson Microelectronics; it
performs real time full search block matching for 8x8, 8x16 and 16x16 pixel block sizes in
a search area with maximum assumed displacement of 15 pixels at pixel rates up to 18
Mhz (see “Advanced Imaging,” Febr. 1990). Another product is the LT2000 TV standard
system converter developed by Oki Electric for conversion among NTSC, PAL and
SECAM (see J. of Electr. Eng., Supplement issue 1990). Due to the different number of
lines in different standards, unnatural motion and jerkiness develops during the conversion
process. The Oki converter employs a gradient pel-recursive motion estimator to detect
motion vectors and correct the distortion using motion-compensated interpolation methods.

5. CONCLUSION

Motion estimation can provide reasonable improvements to interframe coding. Low
bit-rate coding of moving images could combine most of the above described compression
techniques, along with preprocessing (spatial sub-sampling and frame skipping) and
postprocessing (frame insertion and spatial interpolation) techniques. In addition to all of
these, image entropy coding could be used to further improve the performance of video
codecs.



Although, motion estimation algorithms require intensive computations, advances in the
VLSI technology and the availability of fast general purpose digital signal processors and
dedicated video processors have brought us closer to the real-time implementation of
sophisticated motion-compensated codecs. Many of the recent technological advances are
expected to show up soon in the telemetry system . It is our belief that motion-[38]

compensated video coding will be an integral part of the now emerging, fully integrated,
digital telemetry system.

6. REFERENCES

1. J.K. Aggarwal and N. Nandhakumar, “On the Computation Of Motion from
Sequences of Images: A review,” Proc. of IEEE, Vol.76(8), pp. 917-935, Aug. 1988.

2. H. Nagel, “Overview on Image Sequence Analysis,” in Image Sequence Processing
and Dynamic Scene Analysis, TS. Huang, ed., Springer-Verlag, 1983, pp.2-39.

3. T.S. Huang, ed., “Image Sequence Analysis,” Vol.5, Springer-Verlag, Series on
Inform. Sci., 1984.

4. Y. Bresler and S. Merhav, “Recursive Image Registration with applications to
motion estimation,” IEEE, Trans. ASSP, Vol. 35, pp. 70-85, Jan. 1987.

5. T. Patterson, D. Chabries and R. Christiansen, “Detection Algorithmsfor Image
Sequence Analysis,” IEEE, ASSP, Vol. 37(9), pp. 1454-1458, Sept. 1989.

6. AN Netravali and J.O. Limb, “Picture Coding: A Review,” Proc. IEEE, Vol. 68(3),
pp. 366-406, Mar. 1980.

7. A.K. Jain, “Image Data Compression,” Proc. IEEE, Vol. 69(3), pp. 349-389, Mar.
1981.

8. H. Musmann, P. Pirsch and H-J. Grallert, “Advances in Picture Coding,” Proc.
IEEE, Vol.73(4), April 1985.

9. G.S. Yovanof, “An Overview of Video Coding Techniques,” Proc. of Int. Telem.
Conf., pp.203-210, 1989.

10. JR. Jain and A.K. Jain, “Displacement measurement and its application in
interframe image coding,” IEEE Trans. Comm., vol. COM-29, pp. 1799-1806, Dec. 1981.

11. J.O. Limb and J.A. Murphy, “Measuring the speed of moving objects from
television images,” IEEE Trans. Commun., vol. COM-23, pp. 474-478, April 1975.

12. C. Cafforio and F. Rocca, “Methods for measuring small displacements of
television images,” IEEE Trans. on Inform. Theory, vol. IT-22(5), Sept. 1976, pp.
573-579.

13. T. Koga, K. Linuma, A. Hirano, Y. Lijima and T. Ishiguro, “Motion-Compensated
Interframe codingfor video conferencing,” in Proc. Nat. Telecomm. Conf., New Orleans,
LA, Dec. 1981, pp.G5.3.1-G5.3.5.

14. R. Srinivasan and K.R. Rao, “Predictive Coding based on Efficient Motion
Estimation,” IEEE Trans. on Commun., vol. 33(8), pp. 888-896. Aug. 1985.



15. R. Srinivasan and K.R. Rao, “Motion-Compensated Coderfor Videoconference,”
IEEE Trans. on Commun., vol. 35(3), pp. 297-304, March 1987.

16. AN Netravali and B. Haskel, “Digital Pictures: Representation and Compression,”
Plenum Press, 1988.

17. AN Netravali and J.D. Robbins, “Motion-Compensated Ttelevision Coding:
Part I,” Bell Syst. Techn. J., vol. 58, pp. 631-671, Mar. 1979.

18. C. Cafforio and F. Rocca, “The differential method for image motion estimation,”
in Image Sequence Processing and Dynamical Scene Analysis, TS. Huang, ed., Springer-
Verlag, 1983, pp. 104-124.

19. R. Moorhead, S. Rajala and L. Cook, “Image sequence compression using a pel-
recursive motion-compensated technique,” IEEE Trans. on Sel. Areas in Comm., vol.
JSAC-5(7), Aug. 1987, pp. 1100-1114

20. S. Sabri, “Movement-compensated interframe prediction for NTSC color TV
signals,” in Image Sequence Proc. and Dynamic Scene Analysis, TS. Huang, ed.,
Springer-Verlag, 1983. pp. 156-199.

21. H. Yamaguchi, “Iterative method of movement estimation for television signals,”
IEEE Trans. on Comm., vol.COM-37(12), Dec. 1989, pp. 1350-1358.

22. D. Pearson and J. Robinson, “Visual Communication at Very Low Data Rates,”
Proc. IEEE, vol. 73(4), 1975.

23. R. Forchheimer and T. Kronander, “Image Coding-From Waveforms to
Animation,” IEEE Trans. ASSP-37, Dec. 1989.

24. Ming Liou, “Visual Telephony as an ISDN Application,” IEEE Communic.
Magazine, Febr. 1990.

25. M. Kunt, et al., “Second Generation Image Coding Techniques,” Proc. IEEE,
73(4), April 1985, pp. 549-574.

26. S.Kappagantula and K.R. Rao, “Motion-compensated Interframe Image
Prediction,” IEEE Trans. on Comm., vol. 33(9), pp. 1011-1015, Sept. 1985.

27. T. Koga, A. Hirano, Y. Lijima and K. Limuna, “Motion Compensated adaptive
intra-interframe prediction coding algorithm,” in IEEE Proc. Int. Conf. on ASSP,
pp. 10.7.1, 1985.

28. D. Walker and K.R. Rao, “Motion-Compensated Coder,” IEEE Trans. on
Commun., vol. 35, pp. 1171-1178, Nov. 1987.

29. M. Kaneko et al., “Improvements of Transform Coding Algorithnifor Motion-
Compensated Interframe Prediction Errors-DCT/SQ Coding,” IEEE Trans. on Sel. Areas
in Comm., vol. 5(7), Aug. 1987, pp. 1068-1078.

30. P. Strobach, “Tree-Structured Scene Adaptive Coder,” IEEE Trans. on
Comm.,.COM-38(4), April 1990, pp. 477-486.

31. S. Elnahas and J. Dunham, “Entropy Coding for Low-Bit-Rate Visual
Telecommunications,” IEEE Trans. on Sel.Areas in Comm., JSAC-5(7), Aug. 1987,
pp. 1175-1183.



32. T. Koga and M. Ohta, “Entropy Coding for a Hybrid Scheme with Motion
Compensation in Subprimary Rate Video Transmission,” IEEE Trans. on Sel.Areas in
Comm., JSAC-5(7), Aug. 1987, pp. 1166-1174.

33. R. Lippman, “Continuous movement generation in low-frame rate aerial images,”
in Proc. IEEE Int. Conf. on Electr. Image Proc., Conf. Publ, No. 214, pp. 194-198, July
1982.

34. C. Cafforio, F. Rocca and S. Tubaro, “Motion Compensated Image Interpolation,”
IEEE Trans. on Comm., vol.COM-38(2), Febr. 1990, pp.215-222.

35. S. Kwatra, C-M. Lin and W. Whyte, “An adaptive algorithm for motion
compensated color image coding,” IEEE Trans. on Comm., vol.COM-35(7), July 1987,
pp. 747-754.

36. K. Prabhu and A. Netravali, “Motion Compensated Composite Color Coding,”
IEEE Trans. on Comm., vol.COM-31(2), Febr. 1983, pp. 216-223.

37. T. Koga, K. Linuma, K. Niwa et al., “Sub-Tl rate motion video codec for
teleconferencing,” in Proc. IEEE Int. Conf. Comm., 1985, pp.42-46.

38. W. Rauch, “Telemetry Systems of the Future,” Int. Telemetering Conf., 1989, San
Diego, CA.

Figure (1): Block Matching Method: Figure (2): Illustration of 2D-logarithmic
Geometry of the search area for the search procedure. The approximated
computation of the Frame Difference displacement vectors (0,2), (0,4), (2,4),
Function. A: an mxn block in the previous
frame, located at position (i,j). B: the
displaced block in the current frame,
located at position (i+kj+l). D: the
displacement vector (k,l).

(2,5), (2,6) are found in five steps. A
maximum displacement of six pels is
assumed. (from Musmann et al.[8]



Figure (3): Illustration of the three step Figure (4): Illustration of a simplified
procedure. The approximate displacement conjugate direction search method. The
vectors (3,3), (3,5), and (2,6) are found in estimated displacement vectors (2,6 is
three steps. (from Musmann et al. found in step nine. (from Musmann et[[8]

al.[8]

Figure (5): Required number of
search points and sequential steps for
the three main block-matching search
procedures and a search area
corresponding to a maximum
displacement of six pels from frame to
frame. The total number of search
points is Q=169. (from Musmann et
al )[8]



Figure (6): Illustration of Steepest Figure(7): Recursive Motion Estimation.
Descent procedure used in recursive Displacement estimate     is updated at
motion estimation. The update term at pel a. Gradient of intensity L  is
eatch iteration is proportional to the obtained by using intensities at pels
gradient L   (DFD (x, y,    )) . (Netravali b,c,d,e,f in the field (j-2). (From Netravalik       k
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Figure (8): Generic model of a Hybrid Codec.



Figure (9): Illustration of linear and motion-
adaptive frame interpolation. (From Musmann
et al. ).[8]
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Abstract

Recent developments in manufacturing technology have afforded a new capability in
miniaturized instrumentation systems. The advent of ASIC (Application Specific
Integrated Circuit) technology has provided the tools to implement very sophisticated
signal conditioning circuits in micro-miniature instrumentation. This paper discusses the
development of the Automatic Gain Ranging Amplifier (AGRA) and its implementation in
the Aydin Vector MMSC-800 instrumentation package. Also discussed is the
miniaturization of a 1553 Bus monitor, IRIG-B Time Code reader/accumulator and the
development of a helical scan miniature tape recording system capable of recording 2+

hours of 3.4 Mbps data. The paper concludes by giving applications for and benefits of
using this new state-of-the-art instrumentation.

Background

The Flight Dynamics Laboratory (FDL) developed the first general purpose Automatic
Gain Ranging Amplifiers (AGRAs) in 1967. These AGRAs were used as the primary
signal conditioning for all transducers. These early AGRAs were built on a 4x5 inch card
and used discrete components. Anti-alias filtering was accomplished by using a second
4x5 inch card that contained the programmable filters. The performance of these amplifiers
was reasonably good, and for the first time, during flight testing, no prior knowledge of the
transducer output was required to establish the appropriate amplifier gain setting for a
given test condition. This yielded quality data in one flight instead of having to repeat test
flights.

About mid 1978 we began to look at the future requirements of flight testing. We decided
that in order to meet future needs the data acquisition systems would have to be smaller
and also capable of acquiring significantly larger quantities of more accurate data. A circuit
design was developed and queries were sent out for contractors to build this new AGRA. 



It wasn’t until 1982 that FDL was able to find a contractor, namely Aydin Vector, who
was willing to develop a hybrid form of the AGRA (Ref. 1).

The design goals were to provide a module that would meet the Mil- Spec temperature
range and significantly improve the performance of the previous device. This program was
completed in 1985 and delivered a hybrid which is 2x2.3x0.25 inches and has a total error
band of approximately C 0.5 dB over a temperature range of -25 C to +85 C.

In 1986 a contract was let to Aydin Vector (the developer of the hybrid AGRA) to design
and build a 16-channel multiplexer using the new AGRA hybrid as the signal conditioner.
The multiplexer provides both NRZ-L and randomized NRZ-L PCM output streams. A
few of the design goals of this system were: (1) programmability (2) 20,000 Hertz
bandwidth per channel, (3) 12 bit A/D, (4) parallel output for future expansion, (5)
computer control and (6) the ability to synchronize multiple units in order to provide
simultaneous sampling across the system. The system was designed to preserve the
accuracy of the AGRA. A decision was made during the design phase to reduce the last
filter in the AGRA to 10 kHz to allow 8 channels of data to be acquired at 4.25 Mbps.
Techniques were developed to enable recording this PCM rate on a standard two
megaHertz direct record tape transport (Ref. 2). The first of these units were delivered in
March of 1987 in time to support the A-10 Gun Bay Test at McClellan AFB in
Sacramento, CA.

Advanced System

OVERVIEW

The original Aydin Vector SCU-700 multiplexers were approximately 7.5x5x15.5 inches.
This was large, and imposed significant restrictions on their placement in aircraft. A
second iteration of the design was implemented in 1988 that reduced the cross-section to
5x4.9 inches and increased the length to 16.25 inches. This change helped, but it was clear
that in order to meet future requirements additional changes were needed.

The down-sizing of the multiplexers was necessary to meet the long range goals of a
support effort that FDL had with the AMRAAM (Advanced Medium Range Air-to-Air
Missile) JSPO (Joint Systems Program Office). This requirement is to fit two 16-channel
AGRA multiplexers, a 20-channel low frequency multiplexer, time code generator, 1553
bus data selector, and a tape recorder in the rocket motor case, which is approximately
7 inches in diameter and somewhat less than four feet long. Also, it is desired to make this
system totally self-contained by providing battery power within the case that would allow
a minimum of two hours stand-alone operation. See Figure 1.



Figure 1. Digital Data Acquisition and Processing System

SYSTEM DESIGN

When designing an advanced system one must consider all aspects of the requirements.
One area that must be treated is the requirement for correlating the vibration, acoustic,
temperature and structural response data to aircraft performance. In order to accomplish
this, avionics bus data must be selected and recorded with the response data. Additionally,
IRIG time must be recorded with this data as a reference for individual aircraft flight test
conditions.

Another area to be considered is the method of recording all of the data accumulated
during flight tests. The current available methods are either to use direct recording
techniques or one of the newer High Density Digital Recording (HDDR) techniques. The
problem with all of these approaches is the size of the existing recorders precludes
mounting them in a test vehicle as small as a missile. In order to fit the advance
instrumentation system in a missile or within similar size constraints, the recorder must
have a cross section on the order of 4x5 inches or less.



The approach taken in this effort was to redesign the SCU-700 multiplexers using ASIC
(Application Specific Integrated Circuit) technology which would provide significant size,
power and weight reductions. The platform chosen for the new AGRA multiplexer was the
Aydin Vector MMSC-800 system. The use of the MMSC-800 platform reduces the size of
the SCU-700 chassis from in excess of 600 cubic inches to approximately 27 cubic inches.
This micro miniature package is based on proven technology. The housing and the
interconnects were developed and patented in 1973. To date, three thousand systems have
been produced and flown in missiles, aircraft and spacecraft.

The design of the packaging is such that when modules are plugged into each other it
extends the bus signals and therefore eliminates the need for a motherboard. Each module
contains an I/O connector to provide a minimum path between the transducer and the input
circuitry. Refer to Figure 2. Features of this unit are modular construction capable of
mixing a wide range of analog and digital signal conditioning modules to achieve any
measurement ranging from RTDs, strain gages, and accelerometers to discretes (bi-level
digital signals), frequency counters and synchros or resolvers. The range of channels that
can be addressed in a single system is from two to 496; however, by use of asynchronous
subframes this can be expanded infinitely.

A new module was designed to produce IRIG
time for the system. This is a double height
MMSC slice capable of synchronizing to
IRIG-B time as long as the modulated time is
present and then running in an accumulator
mode when the IRIG-B code is removed.

The 1553 bus data is handled by redesigning
existing circuits using ASIC technology into a
comparably sized package as the MMSC-800
system. This bus monitor may be used as a
stand-alone device producing PCM output or as
a remote multiplexer to other systems. The size
was reduced from greater then 400 cubic inches
to approximately 24 cubic inches.

ARCHITECTURE

The system design must provide for the most
efficient method of packing the data onto the
recorder. The design should also consider the  

Figure 2. Micro PCM System computer processing of the data. The following



system architecture is a result of considering all of these requirements and blending them
into what we perceive to be the best overall combination.

The structure of the stream is a super commutated format. This increases the efficiency by
inserting a frame sync pattern only once every 64 data words. Each of the wideband
multiplexers contains up to 32 channels of AGRA signal conditioners. Since the wideband
data channels are the driver of the PCM bit rate, these data are recorded in the top level
format of the data stream. To increase the number of wideband channels beyond 32 in the
system one adds more multiplexers. These multiplexers are then synchronized to provide
simultaneous sampling across the system. Each multiplexer runs a flat or single layer
format. This is done to decrease the memory requirements in the multiplexer and to allow
any multiplexer to be a “master” in the system. Each multiplexer generates its own unique
PCM stream and the tape recorder interface is used as the combiner.

To add temperature or other low frequency data to the stream one AGRA channel is
replaced with an interface to a remote multiplexer. This multiplexer then runs its own
single layer format including a frame sync word. The result is a lower sampling rate for
these channels (the rate is equal to the sampling rate of the wideband channel divided by
the number of channels in the remote or sub multiplexer plus one). This procedure in
repeated in the remote multiplexer to add avionics bus data.

MMSC-800-AGRA

The AGRA contains a two-stage amplifier that has programmable gains from 1 to 1024.
The gain changes occur in steps of four and are set in one of three ways. The amplifier can
be programmed to function in “full automatic” where the gain tracks the input signal up
and down as it changes, “down only” where the data is tracked from a preset gain in the
down or decreasing gain direction, or be manually programmed. The AGRA utilizes a
“quasi-peak” detector for gain control. This detector monitors the output of the AGRA and
sets the gain to maintain it within the range of the A/D. A 6 pole Butterworth pre-sample
filter follows the amplifier which may be programmed to a low pass bandwidth of 500, or
2, 5, or 10 kHz. Optionally, the last filter may be changed to 20 kHz. The AGRA input
coupling can be programmed to be either AC and DC. Refer to Figure 3.

Figure 4 illustrates the AGRA word format. This shows the data word is in a quasi 16 bit
floating point format. The status bit should always be ‘0’ except when there is a gain
change, which produces a ‘1’ for 1 millisecond. All other occurrences of a one indicates an
error condition in the amplifier or data stream itself.

 As an example of how this frame structure would work, the following description is
offered (See Figure 4).



Figure 4. PCM Frame Structure



Each top layer PCM frame consists of 65 words in a format of N scans of M channels,
where M can take on one of the following values: 1, 2, 4, 8, 16 or 32. Thus, if there are 16
channels in the scan, there would be four scans (super commutation) in the frame. The
65th word is a 16 bit frame sync code. Channel one of the super commutated sequence is
an asynchronous subcommutated channel which contains up to 33 words, including a
sub-frame sync word. This technique allows the insertion of many lower frequency
channels in place of one wideband channel.

The MMSC-800-AGRA series overhead modules scan the channels in the stack and
produce PCM output. Multiple formats may be programmed via an RS-232 link to a laptop
computer.

Remote multiplexer

The remote or sub multiplexer is a standard MMSC-800 series signal conditioner with an
overhead module that interfaces to the AGRA MMSC. It is used to acquire data such as
strains (loads), time code, temperatures, discretes, etc. These data generally do not require
as high a sampling rate.

In the AMRAAM system the AGRA channel is set for 2 kHz, this sets the sampling rate of
the wideband channel at approximately 6.5 kilo-samples per second. The sub multiplexer
contains 20 channels which are each sampled at 300  times per second. Figure 4 depicts+

the format of the sub commutated data words. Multiple formats may be programmed via an
RS-232 link to a laptop computer.

Time Code Reader/Accumulator

The IRIG-B time code module is connected to a time code head to synchronize the module
to standard time. After this sync is accomplished the generator can be removed and the
module will continue to keep time in an accumulator mode. The module contains a IRIG-B
DC level port that can be connected to external systems, such as the 1553 data bus
monitor, to provide time tagging of its acquired data. Internally, the time module has
addressable registers that contain time in varying resolution from day of year to
milliseconds. These registers can be inserted into the PCM stream.

MPBM-1553 Dual Redundant Bus Monitor

The MPBM-1553 can acquire data from one dual redundant 1553 bus and conforms to the
MIL-STD-1553A or B standard. It can select up to 240 messages types from the bus, time
tag and store them for inclusion in the PCM format. Refer to Figure 5. The 1553 Bus
monitor contains Electrically Erasable Programmable Read Only Memory (EEPROM) for
storage of the trigger list and formats. It is programmable via an RS-232 adapter using a
laptop computer.



Figure 5. Composite Output Format

ATD-800 Tape Sub-System

A Digital Recorder System (DRS) is under development for use with the MMSC Data
Acquisition System (DAS). The prototype DRS is a derivative of the Exabyte model
EXB-8200. The 8200 is capable of recording approximately 1.9 Mbps of PCM data;
however, the second generation of this recorder will be capable of recording 4 Mbps of
PCM for 2  hours. The recorder is being modified to include a PCM interface that will+

accept one to four PCM streams and to be vibration hardened to accommodate flight
environments. It will utilize the NRZ-L and clock outputs from the DAS and record in a
block format that is directly readable by the Data Processing System (DPS). The PCM
interface requires that the PCM streams be synchronized and it will then interleave them
onto the tape.

The system being designed to support the AMRAAM flight tests requires the DRS to
operate at a composite rate of 3.4 megabits per second from two AGRA multiplexers for
two hours or more. This provides 31 channels of 2 kHz data and 20 channels of low
frequency (under 100 Hz) data. A recorder “ON” indicator line is provided. See Figure 6. 



Figure 6. Tape Interface

A ground true recorder start logic level is provided, but it is anticipated that normal
missions will be accomplished by automatically starting the DRS when missile power is
applied and recording data throughout the flight. Recording in this mode provides all data
and eliminates the problems of missing important data.

There are two versions of the Exabyte that will be used in the AMRAAM DDAPS (Digital
Data Acquisition and Processing System). The first is a standard off-the-shelf model used
in the Data Processing System (DPS), and the second is a modified version that contains
the PCM interface and is vibration hardened for flight environments.

The DPS version of Exabyte serves as a mass storage system which may be used for
system backups, a mountable file system, and the source of PCM data for the analysis and
display operation. PCM data tapes will be generated on the airborne version of the
recorder. This modified recorder will produce tapes with an identical format to the
commercially available units (i.e. 1024 byte records etc).

The current EXB-8200 tape system has a maximum transfer rate of 246 kBps with a
maximum storage capacity of 2.3 gigabytes; however, the soon-to-be-released EXB-8500



will have a transfer rate of 500 kBps and maximum storage of 5.6 gigabytes. The
EXB-8500 is the recorder that we plan to use to satisfy the requirements of the AMRAAM
program. We are using the EXB-8200 for development, since these recorders are upwardly
compatible. There is a third generation that will have a transfer rate of at least 1 MBps and
a storage capacity of 11  gigabytes.+

DATA PROCESSING SYSTEM

Overview

The Data Processing System (DPS) is a stand-alone portable system packaged in shipping
containers. The CPU, graphics display terminal and keyboard/mouse are mounted in a
container that has removable front and rear covers. When removed these covers form
tables for the system. A PostScript-capable laser printer is provided for general output of
plots and tabular data. This printer has a separate shipping container. Setup will consist of
opening the shipping containers, connecting the printer to the computer system, plugging in
the power, and then turning on the system. See Figure 7.

Figure 7. Data Processing System



The DPS uses a UNIX operating system with real time extensions. It is compatible with
both AT&T SVID and 4.2BSD. Power requirement for the DPS is less than 20 amps at
115 VAC/60 Hz.

The application software includes the capability to perform pre-flight checkout of the Data
Acquisition System (DAS) instrumentation. The system is capable of performing standard
statistical processing such as PSDs, cross PSDs, histograms, amplitude spectra, and
instantaneous and RMS time histories, on the data acquired during flight tests and
pre-flight checks of the instrumentation. It will have a real-time oscilloscope display mode
for monitoring the data in both the frequency and time domains.

The software uses pull-down/pop-up menus for setting up and controlling the system. A
point and click method is used to select the desired functions. When the menu items have
been selected a window appears on-screen with required information listed in a fill-in-the-
blank format. Once the questions have been answered the information may be saved or
downloaded as setup information to the rest of the system.

Operation Scheme

Data are acquired from three sources: a Pulse Code Modulation (PCM) interface to the
processing system, the Exabyte tape sub-system, and the system disks.

The data from the PCM interface has a maximum rate of 600 kBps and the system is
capable of transferring data to disk without the loss of any words (real time). This
requirement is met for the time that it takes to fill a disk drive (300 MB). Simultaneously,
the raw data are displayed for the purpose of coarse editing. These displays may be in the
time or frequency domain. Data compression techniques are used to accomplish the real
time displays. When instantaneous data words are dropped from the display, the data is
displayed as a bar with the maximum and minimum values being the max and min of all
data between the time samples. Currently, one or two channels of the incoming data may
be displayed in this mode; however, the system will be upgraded to include a second
68030 processor and more memory to increase the real time performance.

When data are extracted from the Exabyte tape sub-system or the disk and passed to the
scope display for editing, it is processed as fast as the respective interfaces allow. The
output of the editing session is then used as the source for post processing of the data. The
results of the post processing operation are stored in the form of meta files and/or plot files
and passed to the UNIX spooler for plotting on a laser printer. The standard RS-232
printer interface has been replaced by a Centronics parallel interface to improve the
performance.



The application software includes the capability to perform pre-flight check-out of the
Data Acquisition System (DAS) instrumentation as well as post-processing of flight data.
The system is capable of performing standard statistical processing such as PSDs, cross
PSDs, transfer functions, coherence functions, amplitude histograms, amplitude versus
frequency, instantaneous and RMS time histories, RMS and crest factor meters on the data
acquired during flight tests and pre-flight checks of the instrumentation. These analyses are
performed as non-real time processes and may be performed as background processes.

Coarse editing is performed as a parallel process where the data being acquired is forked
to the mass storage device and display. In this mode attempts are made to display all
incoming data; but this is not always possible, so a scheme of decimation is used which
presents the data as a series of vertical bars that represent the maximum and minimum of
the missing data. Storage of the incoming data must be accomplished without any
corruption of the time domain (i.e. absolutely no losses of bits, bytes or words).

The engineering conversion units are provided in a table form for each channel (i.e. the
offset (if any) and the sensitivity in engineering units/volt). These conversions are stored in
a file keyed to a specific setup so they may be recalled with an “instrument” (An
instrument is a collection function blocks that make up a process; such as a Power Spectral
Density [PSD] measurement). Normally these setups only change with the acquisition
system configuration. Also, there is a conversion for the volts per count of the A/D in the
acquisition system. The AGRA words have a C 10 volt full scale while the low frequency
analog words have a C 5 volt full scale with programmable gain. Both use an A/D that is 12
bits wide (11 plus sign).

The scaling of the data into engineering units requires conversion by an mX + B
calculation. Once the data are gain corrected, the final scaling can be done at the tail end
of the processing, since it translates to a scaler operation. Some data (typically
thermocouples) requires special linearization that is generally accomplished by table
lookup. These data may also involve gain correction. Nth order Polynomial conversions
are also provided.

In order to accomplish the post processing of the sub commutated data the frame sync
pattern must first be detected. Since any given block of data always starts with channel one
but doesn’t necessarily start with the sub frame sync word of that channel, sub frame
synchronization is required. This is accomplished by scanning the sub frame until the
pattern is detected and then storing the appropriate set of pointers. Since the main frame is
64 words in length and the blocks are always an integer multiple of this, the sub frame will
always be in word one of the block. This is true for the AMRAAM development program
but, may not hold true for other uses.



Application

The data acquisition system described in this paper was developed for the AMRAAM
Captive Carry Reliability program. The primary objective of this effort was to develop a
system that would replace the FM/FM technology that was being used to acquire data
during the program. The FM/FM technique imposes a very limited dynamic range on the
user. It also is man-power intensive during calibration and testing. The AGRA with its 60+

dB dynamic range in a single gain step and its overall 120  dB range provides a much+

greater resolution and accuracy to the user. The built-in accuracy of this system is such 
that it may be ignored in most calibration procedures. It is important to note that the
MMSC-800-AGRA requires no adjustments to achieve the stated accuracies.

With the tools that have been developed during the AMRAAM program new potentials
have been opened up in the data acquisition arena. The acquisition system is very small
and should fit in most every current and known future flight systems. There are many flight
test requirements today that do not allow the data acquisition systems to be mounted in or
near the test article due to the size constraints.

To date WRDC/FIBG has conducted nine flight tests consisting of 39 flights using the
AGRA technology.

The instrumentation systems consisted of one to three SCU-700 type multiplexers. One
test used three multiplexers with reed switches in front of each channel to double the
channel capacity. Data were then recorded in two blocks of 48 channels taking a time
record of one block and then switching to the second block.

The SCU-700-AGRA has a built-in constant current source to provide power for
transducers with on-board electronics. This current source may also be used for medium
accuracy strain gage and bridge type transducer applications. The advanced system will
provide the same current source.

Summary

One minor problem that arises from the miniaturization of this instrumentation is the signal
conditioner interface connectors. These connectors are, by the very nature of the system,
extremely small. The connectors chosen for the MMSC-800 were micro miniature “D”
type. These connectors have not been well received in the flight test community because
they are delicate and require extreme care during installation. We feel that this is an
educational problem and is more than offset by the gains in accuracy and the decrease in
power, size and cost of the equipment.



The system under development is tailored to meet the AMRAAM requirements but, the
design is flexible and can be used to fill the needs of many other flight tests. It has
enormous capabilities, being able to generate single PCM streams up to 10 Mbps and to
condition literally thousands of channels. Currently the Data Recording System (DRS),
which has a significant size advantage, will support up to 4 Mbps data rates; other
recorders will handle much higher rates. The primary emphasis during this development
was to find a recorder that would meet the size requirements and handle the bit rate of the
AMRAAM program. We feel that this objective was met and the recorder offers a
significant advancement in flight test recording technology. A new formatting scheme was
developed to improve efficiency by not requiring the total format memory map to reside in
the system controller or master; this is viable and does allow essentially an unlimited
number of channels to be included in one PCM stream. The AGRA, now available in the
micro miniature signal conditioner, brings a new dimension to flight testing. The total size
of the AMRAAM data acquisition system (50 channels) is approximately 250 cubic inches
instead of well in excess of one cubic foot. And the introduction of the MMSC AGRA
with its 120 dB dynamic range will have a significant impact of the cost of future flight
testing by providing the capability to automatically adapt the gain of the system to the
transducer output regardless of the test condition. The estimated flight time savings is on
the order of 80% over the current test methods.
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MICROMINIATURE DISTRIBUTED DATA ACQUISITION SYSTEM
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ABSTRACT

The new generation of advanced tactical aircraft and missiles places unique demands
on the electronic and mechanical designs for flight test instrumentation, high bit rates,
operating temperature range and system interconnect wiring requirements.

This paper describes a microminiature PCM distributed data acquisition system with
integral signal conditioning (MMSC) which has been used in advanced aircraft and missile
flight testing. The MMSC system is constructed from microminiature, stackable modules
which allow the user to reconfigure the system as the requirements change. A second
system is also described which uses the same circuitry in hermetic hybrid packages on
plug-in circuit boards.

KEY WORDS (1)  Distributed Data Acquisition
(2)  Pulse Code Modulation (PCM)
(3)  Signal Conditioning
(4)  Microminiature

THE CREATION -  A Remote Unit for an Advanced Aircraft

The new generation of aircraft (fixed and rotary wing) and missiles places unique
demands on the electronic and mechanical designs for flight test instrumentation. Some of
these requirements include:

- Small size
- Integral signal conditioning
- Minimum system interconnect wiring
- Wide operating temperature range
- High accuracy
- High bit rate



THE REQUIREMENT

The Advanced Tactical Fighter required a small, lightweight, distributed system to
minimize impact on the test aircraft. The MMSC system was created for this requirement.
The MMSC (as configured for the ATF application) is a microminiature, modular, remote
unit which can be located anywhere in the vehicle. MMSC units were created to accept
the following types of input signals:

- Bridge or voltage inputs with 6-pole filter
- Thermocouple inputs
- Bi-level inputs
- Synchro or resolver inputs
- Frequency inputs
- RTD or low impedance sensors

Since the remote units were required to be located in various locations throughout the
vehicle significant environmental constraints were imposed on the MMSC remote units:

a. Operating temp range: -40 deg C to +100 deg C
b. Shock and vibration consistent with a high performance fighter aircraft.
c. EMI

The system is controlled through a Programmable Master Unit (PMU). The master unit
contains an RS-232 serial communication port to interface with the host computer for
programming and verification. The PMU also performs various other functions in the
ATF application. These include:

- Time code reader/generator
- Tracksplit

The PMU controls up to 96 remote units located throughout the vehicle. The
distributed system architecture is a star structure which is expandable by clustering. The
PMU contains 12 remote ports. Each port requires 5 pairs of wires to communicate with a
specific location in the vehicle. Up to eight remote units can be clustered at any location
to minimize aircraft wiring.

THIRD GENERATION MICROMINIATURE MODULAR SYSTEM

The MMSC is a third generation microminiature, modular, conditioning/encoding
product. The first Micro Miniature PCM Encoder (MMP) was originally created in 1973
and has been used in literally thousands of flight test applications. The second generation



microminiature encoder, and corresponding signal conditioning unit (MSC) were created
in 1979. In 1980 the MDS was created which used the same circuitry in high reliability
hermetic hybrid modules. The MDS is typically used in high reliability applications but has
also been used in high shock applications with environments to 13,000 G’s.

CUSTOM INTEGRATED CIRCUITS

The MMSC uses semi-custom and full custom integrated circuits to achieve extremely
high density. With these techniques circuit functions which previously required up to
4 hybrid modules have been combined into a single module.

USED IN MISSILES AS STAND ALONE CONDITIONER/ENCODERS

The MMSC has been selected for major missile flight test programs since the signal
conditioning and encoding unit is extremely small. Three of these applications are as
follows:

- Autonomous Guided Conventional Weapon (AGCW)
- Advanced Air-to-Air Missile (AAAM)
- Advanced Medium Range Air-to-Air Missile (AMRAAM)

These applications led to the creation of additional conditioning modules and the
stand-alone option which allows the system to operate as a signal conditioner and PCM
encoder in a single package. The additional modules are as follows:

- RTD conditioner
- Low impedance accelerometer conditioner
- Bridge or voltage conditioner with 2-pole filter
- Charge amplifier and 6-pole filter

OTHER APPLICATIONS

The MMSC has been selected for various other applications by the following
customers.

WRIGHT PATTERSON AIR FORCE BASE
BELL HELICOPTERS
MCDONNELL HELICOPTERS



SUMMARY OF SIGNAL CONDITIONING MODULES

Signal conditioning modules have been created for various types of analog and digital
inputs. The signal conditioning is compatible with virtually all types of sensors in use
today. As described above the MMSC can contain any or all of the modules described.
The complete family of signal conditioning modules is described below:

Signal Conditioning Module 1; this module provides two channels of bridge or voltage
signal conditioning. The module provides bridge excitation, programmable amplification,
and a fixed frequency six-pole pre-sample filter.

Signal Conditioning Module 3; this module provides one channel of bridge or voltage
signal conditioning. The module provides two levels of bridge excitation, programmable
amplification, a programmable presample filter, and a sample and hold. The filter contains
7 frequencies which are software controlled plus bypass.

Signal Conditioning Module 5; this module provides two channels of constant current
excitation and two channels of programmable instrumentation amplifier and a fixed
frequency six-pole presample filter per channel.

Signal Conditioning Module 6; this module provides four channels of bridge or voltage
conditioning. channel provides a programmable instrumentation amplifier and a fixed
frequency two-pole presample filter. A single constant voltage source is provided per
module. Modules are available with and without bridge completion.

Charge Amplification Module; this module provides two channels and is designed for use
with piezoelectric transducers. It provides charge conversion, a programmable amplifier,
and a fixed frequency pre-sample filter.

Analog Multiplexing Module 1; this module provides analog multiplexing of up to sixteen
single ended analog inputs. Each channel contains an instrumentation amplifier to eliminate
low level multiplexing.

Analog Multiplexing Module 2; this module provides analog multiplexing of up to eight
differential analog inputs. Amplifier gain or input attenuation is individually specified per
channel.

Thermocouple Signal Conditioning Module; this module provides eight channels of
thermocouple signal conditioning. It interfaces with the CJC-808 isothermal reference
junction and provides signal multiplexing of the thermocouples and compensation for the
reference junction block temperature.



Multiplexer Module; this module provides conditioning for up to 24 (two words) of
bi-level (discrete) input signals.

Synchro/Resolver Module; this module provides one channel of synchro or resolver
conditioning (user selectable). The module provides a tracking digital conversion with
programmable resolution to 16 bits.

Digital Frequency Module; this module provides two channel of frequency-to-digital
conversion with input signal conditioning. Each channel has a resolution of 12 bits. Input
signals from 100 mv (RMS) to 30 V p-p are accommodated.

OVERHEAD MODULES

Overhead modules in the MMSC consist of the following modules:

- Programmable Offset Module
- Analog-to-Digital Converter Module
- Remote Interface Modules or PCM Formatting Modules
- Power Supply

The signal conditioning modules described above provide either a multiplexed analog
signal or a parallel digital output signal. The multiplexed analog outputs are applied to the
programmable offset module and analog to digital converter module. The programmable
offset module provides programmable offset, the module corrects for parasitic offset to
eliminate channel to channel scatter. The A/D converter has a resolution of 12 bits and
operates to 167,000 samples per second.

When the MMSC unit is to be operated as a remote unit two interface modules are
required to interface with the master unit as follows:

Remote Interface Module; this module accepts the serial digital address information with
bit clock and word clock. The address information is converted to parallel and applied to
all modules in the unit.

Interface Local Module; this module accepts data from the A/D converter and the digital
signal conditioning modules. The data is converted to serial and differentially driven to the
master unit. A remote bit clock is also provided.



When the MMSC unit is to be operated as a stand alone conditioning/encoding unit,
the following modules are required:

Formatting Module; this module provides the formatting of the data into a serial PCM
data stream. Data is accepted from the A/D converter and the digital signal conditioning
modules.

Timing Module; this module provides the basic system timing (bit clock and word clock).

The MMSC contains a DC/DC converter which operates from 28 VDC aircraft or
missile power. The PS-801 and PF-801 filter module provide up to 700 ma of bridge
excitation (which is regulated in the signal conditioning modules) in addition to the power
required by all of the modules.

THE FUTURE

Aydin Vector intends to continue to develop additional modules for the system as
customer requirements dictate. One module currently in development is described below:

-  Automatic Gain Ranging Amplifier; the AGRA module used in the MMSC is
currently under development. It is similar to the AGRA-100 which was developed for
Wright Patterson AFB and has a successful flight test history when the amplitude of the
input signal is unknown.

HERMETIC SYSTEM ON PLUG-IN CARDS

Aydin Vector is currently developing a system which uses hermetic hybrids on plugin
circuit boards. The design uses identical modules to the MMSC above and achieves the
same outstanding performance. In addition the system contains the following additional
features:

- Programmable bridge balance
- Bridge completion
- Zero and shunt calibration

The hermetic hybrid system contains programmable bridge balance in addition to
programmable amplifier offset. Each channel employs a 12 bit D/A converter which
allows the user software control of bridge balance on preflight.

The hermetic hybrid system contains user configurable bridge completion resistor
headers which allow the use with quarter or half bridge devices.



The hermetic hybrid system contains zero calibration and shunt calibration relays for
verification of channel integrity. When the conditioning card is used with bridges the user
can install the appropriate shunt calibration resistors in the header provided. When the
conditioning card is used with voltage inputs, the system can be configured for series
(voltage substitution) calibration.

SUMMARY

The MMSC and hermetic hybrid systems provide an extremely accurate, high density
solution for current flight test applications. These two products offer the following
advantages:

The MMSC is significantly smaller and lighter weight than other unit which performs
the conditioning and encoding features described above.

The MMSC and hermetic hybrid system offers an accuracy which is nearly an order of
magnitude better than our competition. The accuracy of the bridge conditioning (including
excitation) over the operational temperature range of -40 deg C to + 100 deg C is as
follows:

Standard accuracy: +/- 0.3%
Optional accuracy: +/- 0.15%
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ABSTRACT

In this Paper, the time-assisting code techique capable of
defeating the repeat jamming is presented. The construction
and antijamming performance of this technique are described
and analyzed. This technique not only is robust to repeat
jamming of Remote Control/Telemetring and Communication
Systems, but also is used in multi-address remote control/
telemetring, multi-address communication and radar systems.

KEY WORD: code, antijamming code, remote control/
telemetring, commmunication

INTRODUCTION

In electronic countermeasure environment,the repeater or
follower type jammer has always been a major concern because
they are both simple and effective, especially to remote
control/telemetring and communication systems. The repeat
jammer operates by detecting the signal transmitting channel
and then retransmitting the signal with some arbitrary phase
( ) or retransmitting a narrowband noise signal centered at
this frequency. In this way, the jammer power is
concentrated only on the transmitting channel thereby
increasing jamming effectiveness. Traditional methods for
countering this threat have concentrated on frequency
hopping (FH) and spread spectrum techniques with attendant
synchronization and high-speed frequency synthesizer
problems. A method that has been known for many years as
random frequency shift keying/frequency hopping (FSK/FH),
also sometimes referred to as independent FSK/FH,is
available. These methods for countering repeat jamming are
the type of transfering of transmitting frequency. It would



appear to be very desirable if a type of trnsfering of
signal code could be developed.

The time-assisting code theory and technique is a new
concept of encipher and antijammimg technique, which was put
forward by us recently. It is a method of transfering signal
code, with the advantages of antijamming efficiency and
simple circuit. Because it has following two characteristics
we refer to it as time-assisting code.

(1) It is a group of code changing with time or command
bits.

(2) It associates itself with signal code by a type of
logical operation.

This paper analyzes time-assisting code principle and
performance against repeat jamming, providing insight into
the effectiveness of this technique in confronting the
repeat jammer. Data transmitting is acheived via 2-ary
PCM-FSK singaling. In this paper, some overelaborate
probability formulas and curves for repeat jammer using
noise modulation or all retransmitting are omited. Because
of involving the stipulations concerned, concrete practice
methods and reciever circuit model are omited too.

TIME-ASSISTING CODE CONSTRUCTION

We mentioned above that time-assisting code has two
characteristics in instroduction. As long as they have
time-assisting code have following two functions, repeat
jamming can be confronted.

(1)  The code integrated by signal code and time-assisting
code by a type of logical operation in transmitter and it
retransmitted by repeat jammer are able to reform quadrature
(or orthography) each other in the quadrature-separating
system of receiver.
(2)  In the quadrature-separating system of receiver,
signals coming from transmitter and repeat jammer can be
separated by contryary operation (i.e. time-assisting
recode).
The longer relative code length, better antijamming
effectiveness.
Give one of simple examples of time-assisting code as
following:



0 1 0 1 , 1 0 1 0
1 1 0 1 , 0 0 1 0
1 0 0 1 , 0 1 1 0
1 0 1 1 , 0 1 0 0
1 0 1 0 , 0 1 0 1
0 0 1 0 , 1 1 0 1
0 1 1 0 , 1 0 0 1
0 1 0 0 , 1 0 1 1
   :         :
   :         :

These example codes is produced by respectively to add 1
from left to right with time at every bit of commands. The
practical circuit of this example is simple.

ANTIJAMMING PERFORMANCE ANALYSES

The antijamming performance of time-assisting code is the
performance that signal code and jamming code retransmitted
can be separated in receiver by contrary operation. The more
easy they are separated, the better the antijamming
performance of time-assisting code.
Give one of examples to explain the performance as
following:



where

Time-assisting code transfers once with time at signal code
bits.
Relative code length of time-assisting code is four bits.
Operation and contrary operation are logic Same operation.
i.e. C(t)=A(t) B(t)=A(t)B(t)+A(t)B(t),D(t)=Cr(t) B(t)=Cr(t)
B(t)+Cr(t)B(t).

Separating A(t) and D(t) is able to adopt digit frequency
filter or non-coherent maximum likelihood detector. In
signal code rate less than 10KC, monolithic processor
sampling filter can be adpoted.
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Abstract

Bit synchronizers have traditionally provided very little feedback to the user. This paper
describes features that give the user a window into the quality of the signal and verification
that the bit synchronizer is performing properly. In addition, this paper describes a feature
that automates some of the bit synchronizer’s functions to maximize its performance.

The features described are: (1) a Built-in Oscilloscope (BIO) to provide the user with a
visual representation of the input signal; (2) a Link Quality Analyzer (LQA) to provide the
user with a quantitative measure of the input signal’s quality (signal-to-noise ratio (SNR)
measurement); (3) a Built-in Test (BIT) to provide confidence in the unit’s functional and
bit error performance; and (4) an Automatic Adaptive Control (AAC) to maximize
acquisition and bit error rate performance.

Introduction

The bit synchronizer plays a unique role in the PCM acquisition system (Figure 1) by
providing the translation between the analog receiving system and the digital domain of the
decommutation system. More so than any other system component, the bit synchronizer is
responsible for the bit error rate (BER) performance of the overall system. This BER
performance responsibility causes the bit synchronizer to be perceived as the critical
component. However, because of its dual nature (analog in, digital out) the bit
synchronizer is not understood as well as the all-digital components following
downstream.

The move toward digital bit synchronization will reduce the maintenance calibration
associated with analog bit synchronizers. Also, the digital nature of the unit assures that all
of the units operate in a consistent, predictable manner. Combining a digital bit
synchronizer with features that provide feedback to the user on the signal’s quality and
unit’s integrity serves to increase confidence in the acquisition system’s “critical
component.”



Four features were developed and implemented in an effort to increase the user-
friendliness of a digital bit synchronizer by providing information on the signal’s quality
and on the unit’s integrity, and by automating some of the bit synchronizer’s functionality.
These features are described below.

Built-in Oscilloscope (BIO)

The BIO presents a visual representation of the input signal. By providing a continuous
display of the digitized input signal, the BIO eliminates the need to hook up an external
oscilloscope. Four bit times are displayed for the NRZ codes; two bit times are displayed
for all the other codes. At higher bit rates where there are fewer digitized samples, a
software algorithm is used to interpolate between samples to maintain a constant time base
of four or two bit times for the display.

An “eye pattern” is formed on the BIO display by the superimposing of “ones” and
“zeros.” A solid eye pattern indicates that the bit synchronizer is locked onto the signal
(Figures 2 & 3). If the time base programmed in the bit synchronizer and the input bit rate
are not synchronized, the BIO display is unpredictable (Figure 4). A noise-contaminated
input stream naturally affects this display, thus providing a qualitative indication of the
input signal’s quality (Figure 5).

The BIO provides graphical feedback to the user, enabling a quick assessment of the input
signal. By using the BIO, the user can determine if a signal is present and if the bit sync is
locked onto the signal, and he can receive an estimation of the signal’s quality.

Link Quality Analyzer (LQA)

The LQA measures the signal-to-noise ratio (SNR) of the input signal and estimates the
BER. This information provides a qualitative measure of the link quality.

The digitized values of the input signal are routed to a software algorithm that separates
the noise component and calculates the SNR. The signal is normalized since it is digitized
after the gain/offset control. This normalization simplifies the algorithm in that the power
of the signal component is constant, so only the power of the noise content need be
determined. Also, the normalizing and constant time base (refer to BIO section) provide
predictability of what a clean signal looks like. This predictability is used to “create” the
clean signal corresponding to the input signal. The created clean signal is subtracted from
the input signal, resulting in the noise content. The equation for the SNR is

SNR = 20 LOG (Signal Power / Noise Power)



or

SNR = 20 (LOG (Signal Power) - LOG (Noise Power))

Since the power of signal component is constant, the equation simplifies to

SNR = A - 20 LOG (Noise Power)

where A is a constant. After subtracting the signal component, the result is a representation
of the power of the noise component; it will be referred to hereafter as the variable
“noise.” Because of the internal characteristics of the bit synchronizer’s hardware, an
offset is added to the noise and it must be subtracted out. The equation is simplified further
to

SNR = A - B LOG (Noise - C)

where A, B, and C are constants and noise is the result of the extraction of the noise
component performed by the software algorithm. The constant C is the offset subtracted
from the noise result.

The constants in this equation were determined empirically using the setup illustrated in
Figure 6. The resulting equation was plotted and is shown in Figure 7. Notice that because
of the nature of the equation, the accuracy of the SNR is reduced at higher values for the
SNR because the curve approaches the asymptote at noise = C. As the curve approaches
the asymptote, a small change in noise results in a large change in the SNR.

The LQA provides a measure of the quality of the input signal that may be useful in
maximizing the quality of the link during integration, in comparing more than one signal
for the highest link quality, or for detecting any degradation of a link. The BIO described
above and LQA provide significant visibility into the actual input signal.

Built-in Test (BIT)

The BIT was developed to assure confidence in the bit synchronizer’s performance and to
reduce the need for additional test equipment. The BIT performs functional tests on the
following components: Frequency VCO, Frequency Divider, Built-in Oscilloscope (Eye
Pattern), Offset/Gain Control, Frequency Tracking Range, Loop Bandwidth, Input
Impedance, Input Polarity, Input IRIG Data Codes, and Detector Type. This test provides
a comprehensive verification of the bit synchronizer’s functional integrity.



Also, the BIT takes additional measures to assure performance with noise contaminated
signals. A BER performance check is included to make it unnecessary for the user to get
involved in the complicated process of BER testing. This test is performed with noise-
contaminated signals at different SNR levels and data rates to verify the performance of
the bit synchronizer.

The BIT provides the user with confidence of the unit’s integrity and is useful for quickly
identifying, or ruling out, whether the bit synchronizer is the source of an acquisition link
problem.

Automatic Adaptive Control (AAC)

The AAC adapts a digital bit synchronizer to minimize the acquisition time and minimize
the BER after locking onto the data stream. The loop bandwidth (LBW) and the gain/offset
control are exercised by the AAC as described below. The Auto-Adaptive Control (AAC)
incorporates a general strategy to minimize acquisition time and bit error rate (BER). The
strategy is as follows:

(1) In acquiring the signal for the first time, the LBW is opened to speed up the initial
signal acquisition. The LBW is then be reduced as described in (2).

(2) After the signal is acquired, the LBW is tightened to reduce the effects of noise to the
synchronization and bit decision process and, therefore, reduce the BER.

(3) If the signal is suddenly lost (in the order of 10 to 20 bits) or is lacking in transitions,
the strategy of the AAC is to assume that the loss is temporary and the that signal will not
have changed much when it returns. The frequency tracking, offset control, and gain
control will “freeze,” or free-wheel, until the signal returns or until the predefined timeout
period. This strategy enables the bit synchronizer to lock almost immediately onto the
signal upon its return.

The above AAC strategy provides many advantages in typical and unique applications.
Four application examples - aircraft flight tests, spacecraft launches, satellite tracking, and
burst data signals - describe the benefits of the AAC.

During aircraft flight test, a temporary loss of the signal that occurs as an aircraft turns or
flies through an obstacle results in a rapid change in signal strength. Also, atmospheric
conditions and/or range may cause signal degradation. Upon losing the signal, the AAC
stops any frequency tracking, offset adjustment, or gain adjustment from occurring until
the signal returns or until the predefined timeout. It is assumed that the signal will not have
changed upon returning. The advantage is that the bit synchronizer knows the



characteristics of the signal and can instantaneously lock onto the signal when it returns.
Also, the BER is minimized by a tight LBW.

In the example of a spacecraft launch, there is a gradual change in signal strength with the
increasing range. The gain control accommodates the slowly decaying signal. The tight
LBW of the AAC increases the range in which usable data can be obtained by reducing the
BER (i.e., the signal is held onto longer than without a tightened loop).

During satellite tracking, the signal is picked up over the horizon and it grows in strength.
The gain control accommodates the slow increase of signal strength. Initially, the wide
LBW minimizes the acquisition time and is tightened to minimize the BER.

In an application in which the data comes in bursts, there are “packets” of data between
which there are “gaps” (no transitions). As in the aircraft flight test example above, the
AAC stops any frequency tracking, offset adjustment, or gain adjustment from occurring
between the data bursts as long as the gaps are shorter than the predefined timeout. The
timeout can be quite long (in the order of a half-minute).

The general strategy of the AAC controls the LBW and gain/offset control to minimize
acquisition time and maximize the bit error rate performance. Also, for ease of use, the
AAC provides an auto select mode for the LBW and tracking range.

Conclusion

The goal was to develop and implement features to do the following:

(1) Provide visibility into the input signal.

(2) Provide confidence in the integrity of the bit synchronizer.

(3) Simplify the user interface to the bit synchronizer.

The graphical display of the BIO and the SNR measurement by the LQA provide valuable
information about the input signal that would otherwise have required additional equipment
to accomplish. The comprehensive testing by the BIT instills confidence in the integrity of
the bit synchronizer. And, in the many applications, the AAC simplifies the usage of the bit
synchronizer.



Loral Instrumentation has implemented the features described in this paper in its latest
digital bit synchronizer, the DBS 530 (Figure 8).

© 1990 by Loral Instrumentation

Figure 1. Functional Block Diagram of a Basic PCM System,
Focusing on the Bit Synchronizer



 Figure 2. An eye pattern display of a signal that has 100% transition density
(e.g., a sine wave)

Figure 3. An example of an eye pattern display of a signal that does not have
100% transition density

Figure 4. An example of an eye pattern display where the bit synchronizer is not
synchronized to the data rate of the input signal



Figure 5. An example of an eye pattern display of a noise-contaminated signal

Figure 6. Bit Error Rate Testing Setup



Figure 7. The Graphical Representation of the LOA Equation



Figure 8. Functional Block Diagram of the DBS 530
The shaded region consists of functional blocks above a basic bit synchronizer
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ABSTRACT

UNIX† is a very popular operating system, in use on a wide variety of hardware
platforms, in a wide variety of environments, for a wide variety of problems. It has certain
well-known deficiencies, however, for time-critical applications where guaranteed
response time is required. This paper considers the use of Unix and related systems for
telemetry applications. Of particular interest will be Unix as a possible operating system
for NASA’s Data Handling Service.

INTRODUCTION

A team consisting of members of the Departments of Electrical and Computer
Engineering and Computer Science at New Mexico State University is engaged in a
project assisting in determining computational requirements for telemetry downlink in the
Space Station Era. Our tasks include modelling and evaluating computer networks,
parallel computer architectures, and computer software requirements for NASA’s Data
Handling Service.

Expected data rates in the Space Station era are as high as 1200 Mbps, using CCSDS
format packet data transmission. The data must be captured, and the CCSDS packets
processed to recover and distribute data on the basis of spacecraft and virtual channel
identification. In addition to retransmission requests, bit reversal when needed, and
buffering and archival of data, there are requirements for quick-look and real-time
distribution of under one second latency. There are also requirements that the system be
reliable; that is, that hardware and software failures can be dealt with automatically with 



fail-overs preventing the loss of data. Solutions to meeting these requirements are being
sought using parallel processing, high-performance computers, and custom hardware .(2)

In any project with a long expected life, there are benefits to be gained by maintaining, to
the maximum extent possible, independence from any single vendor. Particularly in a field
as volatile as the computer industry, it is necessary to be able to “change horses” as a
result of changes in the products provided by various vendors. Using a software platform
which is supported on a variety of hardware platforms is a distinct advantage in
maintaining this agility.

A second advantage to using a portable software platform in a project such as this is that
some of the packet processing code can be reused for other applications, on hardware
with lower performance. This can provide substantial cost savings compared with having
to start completely from scratch.

Finally, if a parallel processing solution using hardware from several vendors is selected,
use of an operating system common to all of them will aid development.

This paper considers the applicability of one particular family of operating systems to
telemetry processing in general, and the DHS in particular. The following section will
discuss the requirements of high-rate, packet-driven telemetry processing, such as can be
expected in the DHS environment. Section 3 will describe the Unix operating system,
particularly its Berkeley 4.3 and AT&T System V variants. The deficiencies of Unix as a
time-critical software platform relative to the requirements in Section 2 will be discussed in
Section 4. Methods of addressing these deficiencies will be presented in Section 5, and
some conclusions will be discussed in Section 6.

TELEMETRY AND REAL-TIME PROCESSING

As was mentioned in the introduction, telemetry downlink rates in the Space Station era
will have with peaks as high as 1200 Mbps. Stringent requirements have also been laid
down for reliability, and for latency of real-time data transmission.

The DHS will be required to perform Level Zero Processing, short-term storage,
engineering data services, and data distribution functions on this telemetry data. Some of
the required functions include accepting packets; removing transmission artifacts;
demultiplexing the packet contents according to virtual channel numbers; and distribution
of the data to other centers.

Two constraints on the DHS define its functions as time-critical operations. First, the
DHS must respond to input data quickly enough to ensure that no data is lost due to



delays in the DHS. Second, real-time data is required to have a total latency through the
system of less than one second. The software chosen for the DHS must be capable of
supporting these processing rates, particularly as regards interrupt latency.

In this paper, we regard the requirements of the DHS as defining a “time-critical” system,
which is a slightly weaker requirement than a “real-time” system. While time-critical and
real-time systems must both meet stringent limits on interrupt response time and process
scheduling predictability, real-time systems must also have provisions for highly accurate
timers and scheduled wakeups. In this application, these latter requirements are not
present.

UNIX

Unix was devised in the early 1970’s as a compact operating system, easily portable to a
variety of hardware environments. Today, it has been ported to more different computer
architectures than any operating system in history, and has a large number of experienced
users. Unix is now available either through third-party suppliers or as the standard
operating on nearly any architecture which might be considered for this application.
Consequently, it should be carefully considered as a software platform for any major
system, in order to provide the agility mentioned as a desirable feature in the Introduction.
This section will provide a brief introduction to some of the key concepts of Unix .(7)

The primary contribution of Unix was the elimination of extra features from the kernel,
relegating them to user processes as much as possible. The Unix kernel itself includes
only the process scheduler, device drivers, and interprocess communication. All other
functions are provided by user-level programs executed as processes. An example is the
command processor; in VMS this is provided as part of the operating system, while in
Unix it is a user process known as the “shell.”

Unix Processing Abstractions

Unix supports two major abstractions, the process and the file.

Processes — A process is a protection domain combined with a machine state.
Rephrased, the process is the unit to which resources (such as memory space and file
channels) are allocated, and is represented by a data structure which is used to maintain
the state of the CPU when swapped out. Execution of nearly any user command causes
the creation of a new process to carry out the command; the new process is destroyed
when its task is complete. The only exceptions to this rule are commands which merely
change the state of the shell itself, and some commands which obtain information
regarding the state of the shell.



Files — The file is the abstraction for disk space, communication with devices, and
communication with other processes. In general, any object (i.e. file, device, or
interprocess communication link) to which a process wishes to communicate will be
represented using a file descriptor, with read ( ) and write ( ) system calls used to
transfer data. Only a small number of system calls are generally used to control files.

The major exception to this general communication rule is the Unix kernel itself.
Processes make kernel requests through the traditional mechanism of executing software
interrupt or trap instructions.

The Unix Environment

Unix is also an operating system developed by programmers for programmers.
Consequently, it provides a wide variety of program development tools; arguably the best
program development environment in existence today. Tools such as make (a
dependency-based software maintenance tool), SCCS (a source code control system), X
(a window-based user interface developed by MIT’s Project Athena) and gemacs (a
powerful, flexible text editor developed and distributed by the Free Software Foundation)
provide a working environment tailored to the needs of programmers in developing
applications. The primary system programming language, C, simultaneously provides
more advanced data structures than languages such as FORTRAN while permitting
machine control at a very low level for a modern, block-structured language. This
provides an overall structure which is very appealing for an environment such a telemetry
processing.

For historical reaons, two major “dialects” of Unix have evolved. Most common in
academic environments is Unix 4.3bsd, developed at the University of California at
Berkeley; most common in commercial environments is Unix System V, developed by
AT&T.

While very similar, these two dialects differ in their handling of interprocess
communication (IPC) . They provide a very similar mechanism for communications(10)

between processes located on different processors; this mechanism is referred to as
sockets by Berkeley and as the transport layer interface by AT&T. For IPC between
processes on a single processor, Berkeley continues to use the socket abstraction, while
AT&T uses a separate message abstraction, as well as shared memory.

Currently, most commercially available Unix implementations include features from both
the Berkeley and the AT&T dialects. Efforts are under way to combine the two; one of
these efforts includes the IEEE POSIX group, working to establish an IEEE standard for 



Unix. A number of different standards are actually intended; the one of greatest interest
here will be 1003.4, a standard for real-time Unix.

DEFICIENCIES OF UNIX

Unix was developed as a time-sharing operating system for use on a uniprocessor.
Consequently, it suffers from a number of well-known deficiencies in either a time-critical
application such as telemetry processing, or use in a multiprocessor application. Since
high-rate telemetry requires both of these, these Unix deficiencies must be addressed.
There are three general classes of problems to be addressed: (1) the kernel is not
interruptible, (2) process priority is not absolute, (3) demand-paging is used for process
memory, and (4) disk accesses are not prioritized . These deficiencies are discussed in(4)

the following paragraphs.

Uninterruptible Kernel

The Unix kernel assumes that it will not be interrupted, and that the time required for a
system call is unimportant. As a result, the mechanism used to provide mutual exclusion
on accesses to all kernel data structures is to disable interrupts for the duration of a
system call or interrupt service routine. This mechanism is inadequate for protection of
data structures against corruption in a shared-memory multiprocessor environment (unless
interrupts are simultaneously disabled on all of the processes), and makes guaranteed
response to interrupts impossible (since response time becomes a function of the time
required to execute whatever system call or interrupt service routine might currently be
executing).

Process Priority Heuristics

The scheduler priorities are not absolute. Rather, in an effort to prevent starvation, a
process’s priority is steadily reduced as it runs, so that a CPU-intensive process will
eventually be preempted by a lower-priority, non CPU-intensive process. Since the
processes representing high-rate data will be quite CPU-intensive, this is not acceptable.

Page Faults

A page may be swapped out at almost any time, resulting in a page fault when an attempt
is made to access it. This will be disastrous in the event of a page fault occurring in a
process representing high-rate data. By itself, this is not likely to pose a problem in an
environment with adequate physical memory, since frequently-used pages will not be
moved to disk. In conjunction with point (2), however, it becomes very likely that a 



process which has lost the CPU due to modifications of its priority will then proceed to
lose pages to disk. This compounds the problem described in point (2).

Disk Priorities

The disk device driver under Unix does not recognize the priorities of processes
requesting accesses; all disk accesses occur at the same priority. It is entirely possible,
therefore, that a page fault for a low-priority process may be serviced before a read or
write of telemetry data. Due to the time required for a disk access, this is another distinct
disadvantage.

ADDRESSING UNIX DEFICIENCIES

The points raised in the preceding section may be dealt with in a number of ways. These
may be summarized as: (1) careful use of standard Unix, (2) real-time and parallel
modifications to Unix, (3) non-Unix targets for Unix development systems, (4) use of
more suitable Unix descendants. The following paragraphs describe each of these options
in turn.

Careful Use of Standard Unix

The preceding section pointed out that system calls in Unix are presumed to be
noninterruptible, and consequently lock the CPU for variable lengths of time. This actually
poses a problem only for a few system calls which take a long time to execute; the worst
offenders are fork ( ) (create a new processes), exec ( ) (execute a new program),
terminal I/O, shared memory setup, exit ( ) (end a process), link ( ) (create a new
file), and unlink ( ) (delete a file) . If these calls can be avoided, acceptable interrupt(5)

response will result.

While the statement “don’t use slow system calls” is inherently troubling, and should
rightly be regarded as a “kludge,” it remains that these are not calls which should be
required after system startup in the environment under discussion. The set of processes
should be fairly well fixed, so fork (  ), exec ( ) , shared memory setup, and exit ( )
should occur seldom, if ever. Similarly, terminal I/O should not be performed on the same
processor as telemetry ingest, and (as will be discussed later) disk access should not
involve the link ( ) and unlink ( ) calls.

Similarly, the telemetry ingest problem should be divided across a number of processors
(either in a network or in a multiprocessor), and low-priority tasks should not reside on
the same processor as telemetry ingest. Instead, this processor (more likely, these
processors) should be dedicated to this one task.



Unix System V (AT&T Unix) provides for locking pages of user processes in memory,
eliminating the possibility of page faults. Also, if low priority processes do not reside on
the processor performing the most time-critical tasks, and adequate memory is on these
processors, pages should not be swapped out in any case.

The problems raised regarding the disk drive should be handled through the use of
multiple, dedicated disk drives. In particular, telemetry data should not use the same disk
as program storage and swapping.

The disks should be treated as large, contiguous buffers, and no file systems should
reside on them (eliminating the need for link ( ) and unlink ( ) ).

Real-Time and Parallel Unix Implementations

Several vendors have introduced variants of Unix intended for real-time and
multiprocessor environments. In both cases, the assumption of an uninterruptible kernel is
eliminated ; real-time Unix implementations also address the other deficiencies noted(8)

above. This paragraph will describe two such commercial implementations; the first,
Dynix, is a multiprocessor Unix developed by Sequent for their Symmetry shared-
memory computer, while the second, REAL/IX, is a real-time Unix developed for real-
time applications by MODCOMP.

Both of these systems should be regarded simply as examples of the modified Unix
environments available addressing some or all of the concerns with Unix; neither of them
have the raw performance required for the DHS application.

Dynix — The Sequent Symmetry is a bus-based shared-memory multiprocessor
computer with up to 30 Intel 386 processors, running a Unix variant called Dynix . In(9)

such an environment, it is very difficult to make a kernel uninterruptible without dedicating
one of the CPUs to it; even if it could be done, kernel time would become a major
performance bottleneck. Instead, Sequent modified the kernel to be shareable; data
structures are locked to enable multiple simultaneous calls to the operating system.
Interrupts can also occur simultaneously with system calls. The scheduler is modified to
support multiple processors; rather than assigning a single process to “the” processor, a
set of tasks are assigned to the complete set of processors.

Dynix also provides several features to support time-critical applications. Among these
are calls to set process priority and disable the priority modification algorithms; assign
processes to particular CPUs with higher priority than processes which are free to
migrate; and prevent processes from being swapped out to disk.



REAL/IX — MODCOMP has also modified Unix, for use in a real-time environment .(6)

REAL/IX has guaranteed priority for high-priority processes, with round-robin scheduling
at each priority level. As with Dynix, REAL/IX permits multiple, simultaneous access to
the operating system for system calls and interrupts.

REAL/IX also provides guaranteed maximum latency for interrupts, and permits locking
of pages in physical memory. Of less importance to this application than to real-time
applications, it also provides a timer with one millisecond granularity.

Making extensive use of vendor-provided Unix modifications supporting time-critical
applications should be examined carefully. Doing so has the disadvantage that it serves to
lock in on the specific vendor, which was identified earlier as an undesirable
characteristic. A final note that should be made on the subject of Unix modifications for
real-time applications is that the POSIX working group is developing an IEEE standard
1003.4 for real-time Unix. It is to be expected that POSIX-compliant real-time Unix
kernels will be provided by a variety of vendors, reducing this concern.

Non-Unix Targets

A number of vendors also provide Unix development environments developing code for
non-Unix target environments. An example of such a system is VxWorks, a product of
Wind River Systems .(3)

With VxWorks, a Unix-based development platform is used to develop applications for a
proprietary real-time operating system, bypassing the Unix deficiencies listed above while
maintaining the Unix development environment. Some of the systems using this approach
(including VxWorks) allow very close monitoring and interaction with the real-time system
under development; in the case of VxWorks, for example, real-time applications may
make use of an X server provided on the Unix development system.

A drawback to this approach is that it very strongly locks the project in to the vendor
providing the real-time system, and limits hardware options to those supported by the
real-time system. However, the strengths of the Unix development environment are
maintained. In the case of VxWorks, this drawback is less severe than it appears, since
the VxWorks kernel is compatible with Unix system calls.

Mach

As Unix has matured, the size of the system has grown to the point that it is arguable that
the original goal, i.e. development of a compact kernel, has been lost sight of. A recent
development is the creation of a new operating system specifically for distributed



computing environments and multiprocessors, called Mach. Mach is an ongoing project at
Carnegie-Mellon University .(1)

In Mach, the Unix system abstractions of process and file are replaced by abstractions of
task, thread, and port.

Tasks — The Mach task is a protection domain. It is, as with Unix processes, the unit to
which resources are allocated.

Threads — Unlike in Unix, which combines protection domains and processor state into
a single abstraction, Mach separates out the processor state. In Mach, a processor state is
referred to as a thread. Interestingly, it is possible to have multiple threads associated with
a single task. In effect, the task acts as a “virtual computer” on which the threads execute.
All threads associated with a given task share global variables and ports (to be described
in the next paragraph), but have separate stacks. A task with a single thread is exactly
equivalent to a Unix process. In some systems, concepts similar to threads have been
introduced under the name, “lightweight process.”

Ports — Mach uses a uniform mechanism called ports for communication between a
process and another process, the operating system, and devices or files. As such, ports
replace the file abstraction, sockets (or the transport layer interface), and nearly all system
calls.

A novel feature of ports is the possibility of specifying a backup port for a port. If an
attempt is made to destroy a port which has a backup, the port instead is transferred to
the process holding the backup. This may be another process on the same processor, or
it may be on another processor. Unfortunately, the transfer does not occur immediately in
the event of an operating system or hardware crash.

Mach also extends the Unix idea of divesting the kernel of as many functions as possible.
Of particular relevance here, a non-kernel pager can be provided by users to support any
desired flavor of virtual memory management algorithm.

Since Mach is intended as a multiprocessor operating system, many of the problems
associated with Unix (particularly the uninterruptible kernel) are handled. It has also been
implemented on a wide variety of systems, with more in progress. An additional feature of
Mach is that the system interface provided to user programs is upward-compatible with
Berkeley 4.3bsd Unix, to the point that applications are binary-compatible.

As Mach development is an ongoing research project, the stability and reliability of the
system must be carefully considered.



CONCLUSIONS

Unix, as a development environment, is unsurpassed and should be carefully considered
for telemetry processing. Unfortunately, standard Unix has severe deficiencies in time-
critical applications, including telemetry. There are a number of ways to deal with the
deficiencies, including careful programming, modifications to Unix, the use of the Unix
development environment to generate code for a non-Unix kernel, and the use of modern
descendants which are better suited to modern environments.

Of these options, the first is undesirable since it places an extra burden on the developer.
The second and third are also undesirable as well, since they place a reliance on specific
vendors. The upcoming POSIX 1003.4 standard can be expected to make the option of
using a real-time Unix variant more viable, since this standard will be supported by a
number of vendors. Finally, the fourth option of Mach is very promising, and should be
carefully considered as well.

In the short term, the most viable approach may be a combination of the first and second
option. Development for a real-time Unix environment, while taking care not to
unnecessarily make use of vendor-specific features and avoiding to the maximum extent
possible system calls which may cause problems in the event of a change in vendors,
steers a middle ground between the two.

In the long run, either the POSIX standard or the use of Mach is likely to give relief. In
any event, Unix should be considered as a viable software platform for development of
time-critical applications.
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ABSTRACT

Telemetry applications today are requiring more and more computing power. The
computing industry is responding to this need with more powerful machines. With these
new machines the UNIX operating system is rapidly being accepted as the system of
choice for the popular lowend and midrange RISC and CISC computers. The system
discussed addresses the long standing question, “Can a complete UNIX system perform
in a high-data-rate real-time environment?”.

This paper describes the Loral Data Systems development of a Real-Time Data
Transcription System (RDTS) built for Lawrence Livermore National Laboratory and
TRW. This system utilizes a powerful telemetry preprocessor, internally bus-coupled to a
real time UNIX host computer. An industry-standard VME-to-VME coupling provides an
efficient setup, control and computational gateway for preprocessed telemetry data. This
architecture illustrates a UNIX operating system to support a pseudo-real-time telemetry
application.

SYSTEM DESCRIPTION

The Real-Time Data Transcription System is a single-rack real-time UNIX data processing
system. It is based on the EMR 8715 Telemetry Preprocessor and the Concurrent
MC6400 computer system. The system reads, formats, and archives bit-parallel data from
an analog tape recorder/reproducer to the computer’s digital disk units.

The RDTS system performs the following functions:

! Reads 28-bit parallel raw data from a Tape Recorder and Error Detection and
Correction System (EDCS).



! Compresses and formats 28-bit data into a 16-bit integer format suitable for
processing by the computer.

! Reformats incoming data, builds an image buffer, and stores the data onto the disk
subsystem.

! Copies data from the disk subsystem to the tape subsystem.

! Provides a support environment for development of new DPU microcode algorithms.

! Performs preprocessor board-level and system-level diagnostics.

! Provides a standard UNIX operating system to control the preprocessor and the
acquisition process.

! Provides a standard UNIX operating system for development of software to perform
analysis on the stored data.

! Provides high-resolution graphics on a 19" color monitor for the analysis display
development environment.

SYSTEM HARDWARE

The RDTS system consists of the following hardware as depicted in Figure 1.

! Analog Tape Recorder to reproduce the 28-track tapes on which the parallel data is
recorded.

! Error detection and correction system to virtually eliminate tape record-reproduce
errors.

! Preprocessor consisting of a 20 slot chassis, one Data Input Module (DIM), two
Distributed Processing Units (DPU), a System Utility Module (SUM), and a display
terminal console.

! VME/VME Bus Adapter to connect the preprocessor VME bus to the computer VME
bus.

! Host computer system, consisting of one computer, eight SCSI disks, four 8MM
cartridge tape drives, and one 19" color monitor with a four-plane graphics
co-processor.



OPERATIONAL DATA FLOW

Data is input to the system’s DIMs from the tape recorder/EDCS unit. The 28 tracks of
raw data consist of 2 control bits, 16 bits of system data, and 10 bits of waveform data.
The two control bits identify system words and waveform word combinations. The data
input modules route data words to two distributed processing units for processing via an
80 MByte per second bus.

As the DPUs receive data parameters from the DIM, the buffer-building algorithm is
executed on each parameter. The algorithm separates incoming data words into 16-bit
system words and 10-bit waveform words, and processes each word according to its
type.

Each pair of consecutive system words are averaged to form a single 16-bit word. The
resultant sample is combined with the next pair of averaged words to form a 32-bit word.
The final 32-bit data word, along with the address where the word is to be located in the
host computer’s disk data buffer, are placed back on the PCD bus and sent to the SUM.

Each pair of consecutive 10-bit waveform words are right-justified to make two 16-bit
data words. The words are appended together to make a single 32-bit word for transfer
via the SUM to the host’s disk data buffer.

Figure 2 illustrates the incoming data format and a segment of the disk data buffer.

The SUM serves as high-speed bus bridge between the 80 MByte/second bus and the 40
MByte/second VME bus. Data samples and this point have been combined into 32-bit
data words by the DPUs to maximize the efficiency of the SUM.

Once data has been reformatted and deposited into the host’s disk buffer memory space
and the disk buffer is full, the DPU issues a VME interrupt to the acquisition software on
the host computer. The acquisition software then writes the buffer to disk.

Figure 3 shows system data flow.

Following the archiving to disk, the CPU may copy disk data to cartridge tapes by
reading data into memory and transferring it to tape via SCSI bus adapters. Since there
are multiple SCSI adapters controlling disks and tape units, as many as four cartridge
tapes can be copied at the same time. This reduces the time required to copy large
amounts of data from the high speed disks to the relatively slow tape units.



SOFTWARE TO MAKE THE HARDWARE WORK

Figure 4 depicts a high level software block diagram for the system.

User/Menu Interface

The user interface to the system is controlled by two independent processes, the
DISPATCHER and the MENU PRESENTER.

The dispatcher initiates functions in response to user selections. At user login, the
dispatcher executes the menu presenter, which displays the main menu to the user. The
menu presenter uses a menu definition file to determine how the menu tree is to be
presented. This same file identifies the function to be performed when the user selects a
menu item for execution.

The menu presenter is designed as a special built-in function of the dispatcher program,
and requires no arguments. This eliminates the necessity of reading the menu definition file
each time a menu is presented to the user.

Other functions started by the dispatcher are script files and processing programs. Menu
functions communicate with the dispatcher and menu presenter. Figure 5 illustrates the
user interface.

Tape Recorder Control

The tape recorder control program provides an interface between the host computer and
the analog tape recorder unit. This program may be invoked by the menu dispatcher or by
command line input. The program accepts two arguments as inputs at program initiation.
The first argument is the tape drive command to be executed. The second is used to
establish which RS232 serial port is to be used for communications.

The program first puts the tape drive into remote status mode and determines its current
status. If the status indicates everything is OK, then the command indicated by the first
argument is issued to the tape drive. Any errors or conditions are reported or redirected
to the dispatcher process as necessary.

Microcode Development Environment

The Microcode Development Environment (MDE) provides the end user the ability to
develop DPU algorithm processing code which can be executed on any parameter
processed by the preprocessor. The MDE environment provided with this system was



hosted on an IBM PC. The editors, compilers, and linkers required to build executable
code for the DPUs are executed on the PC. The resultant microcode file is then
transferred to the MC6400 computer for inclusion and usage by the preprocessor
compiler and loader.

Compile/Load Preprocessor

The compiler package prepares information to be down-loaded from a host computer
system to the preprocessor. The compiler accesses information from several data sources
and writes the information in machine-readable format to a file to be used by the loader
package.

Information needed varies according to the hardware configuration of the unit and
includes the following items:

! Supervisor module
! Location and type of each board in the card cage
! Setup information for each board
! Routes for data streams within the chassis
! Algorithm chain associated with each parameter
! Microcode that implements each algorithm
! Arguments for each parameter

After the compiler has created the load image file, the loader is executed to transfer the
compiled image into individual modules.

Prepare For Data Acquisition

Preparation for acquiring data is a two-step process. The first step requires the system
operator to define the size and number of data buffers to be used for recording. This
process also requires the operator to identify the disk volume swap list where data is to be
stored. The operator must also establish names of the data files. The second preparation
step involves initiating the acquisition task. This task loads setup information into DPU
memory for use by the buffer-building algorithms, and then waits for a start-acquisition
command.

Perform Data Acquisition

When loaded, the preprocessor’s DPUs are turned off. To start the data acquisition and
buffer building processes, DPUs are turned on via command from the host acquisition 



program. Once the DPUs have been started, data begins passing thru the system utility
module to the host computer, and then to the selected data disk.

The current disk volume is utilized until data acquisition is terminated, the run number
(internal to the data) changes, or the volume becomes full. If the run number changes, the
current volume is closed and the next volume is opened. Archiving continues with the new
volume. When the current volume is filled, the same volume-swapping logic is used to
record data to the next device indicated by the volume-swap list.

Monitor Data Acquisition

The system operator must be able to monitor the amount of data being recorded to disk,
and to get an indication of the amount of bad and questionable data from the analog tape
unit. The buffer-building algorithms executing within the preprocessor DPUs maintain the
necessary status information concerning buffer counts and bad data. This information is
retrieved from the DPUs at every buffer-full interrupt, and made available to the user.
Figure 6 illustrates the monitor data acquisition display.

Preprocessor Front Panel Monitor and Control Operation

For this system, the CPU board normally used to control the preprocessor was removed
from the chassis and the host CPU serves as the controlling computer. To support this
configuration, the utility program used to control and monitor the preprocessor’s
individual functions was ported to the CPU environment. The relocated monitor software
was then executed on operator demand, under control of the operating system. Figure 7
shows the preprocessor system status monitor. The monitor allows the operator to do the
following functions via interaction with the CRT front panel:

! Monitor the processing/status of boards
! Monitor the execution of a single DPU algorithm
! Perform board-level health test
! Perform selected board-level diagnostics
! Perform system (preprocessor) thruput tests
! Perform system (preprocessor) output tests
! Perform PCD bus output tests
! Turn selected boards on/off
! Setup selected board registers
! Examine/deposit VME memory
! View/modify miscellaneous configuration items
! View system (preprocessor) status messages



Copy Data From Disk to Tape

To produce multiple copies of an archived disk data file, a utility program is used to copy
a disk file to multiple tape units. The two command parameters for controlling operation
are the name of the disk data file to be copied and the names of the tape units where the
file is to be copied. The system provides the ability to reproduce up to four copies of the
named disk file while utilizing the corresponding number of tape cartridge units.

CONCLUSION

Design objectives which were met in this system include using a VME to VME adapter to
set up and control the preprocessor. This close coupling of the preprocessor to a generic
VME host architecture eliminates the need for a CPU card in the preprocessor chassis.
Also, the DPUs are executing a new algorithm which averages incoming data, reformats,
and outputs converted data directly into the CPU memory. Next, the configuration
supports inputting, processing, and recording data to disk at a sustained rate of more than
1.0 Mbyte/second, utilizing a commercial off-the-shelf UNIX operating system, AT&T
System V Release 2, Berkeley 4.2 BSD compatible. Finally, the disk and cartridge tape
drives perform well in this SCSI bus configuration.
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Figure 1. Real-Time Data Transcription System



Figure 2. Input / Output Data Format



Figure 3. System Data Flow



Figure 4. Software Block Diagram



Figure 5. User Interface Data Flow



Figure 6. “Monitor Data Acquisition” Menu
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ABSTRACT

In this paper we discuss the next generation of open real-time systems for time critical
applications in telemetry.

Traditionally, real-time computing has been a realm of proprietary systems, with real-time
applications written in assembly language. With the escalating cost of software
development and the need for porting real-time applications to state-of-the-art hardware
without massive conversion efforts, there is a need for real-time applications to be
portable so that they can be moved to newer hardware platforms easily. Therefore, the
next generation of real-time systems will be based on open systems incorporating industry
standards, which will reduce system cost and time to market, increase availability of
software packages, increase ease-of-use, and facilitate system integration.

The open real-time system strategy, presented in this paper, is based on hardware
architectures using off-the-shelf microprocessors, Motorola 680X0 and 88X00 families,
and the REAL/IX operating system, a fully preemptive real-time UNIX operating system,
developed by MODCOMP.

1. INTRODUCTION

The ground-based portion of a modern telemetry system involves a number of key
components [1]. At the heart of the system is a high performance real-time data
processing, data management, data analysis, and engineering interfaces computer system.
One characteristic of current and future versions of these systems is an ever increasing
level of computer processing power. This level of processing necessitates the
introduction of multiple high performance processing units and high levels of
interconnectivity of these processing units [1, 2].



By incorporating industry standards, open systems can meet the demanding requirements
of ground-based telemetry data systems by offering the latest in off-the-shelf hardware
and software technology plus the ability to network the various processing subsystems
into a coherent integrated processing system. In general, open systems reduce system
cost and time to market, increase the availability and portability of software packages,
increase ease-of-use, and facilitate system integration.

In this article we present a design strategy and specific system designs for the next
generation of ground-based real-time telemetry systems based upon open real-time system
design principles.

In one of two companion papers in this session [3] the performance measures for these
systems are presented. A specific application system installation is presented in the
second paper [4).

2. MODEL OF AN OPEN REAL-TIME SYSTEM

A real-time computer system can be defined as a system that performs its functions and
responds to external, asynchronous events within a predictable (or deterministic) amount
of time. In addition to sufficient and deterministic computational power to meet
processing and timing requirements, real-time computer systems must provide efficient
interrupt handling capabilities to handle asynchronous events, and high I/O throughput to
meet the data handling needs of time-critical applications.

The next generation of real-time systems will use open systems, which incorporate
industry standards. Open systems based on standards, provide a number of advantages
for users, as illustrated in Table 1.

The ultimate goal of the open system concept is to provide complete software portability.
One version of a real-time application should run on various hardware platforms.

The result is that the user is provided with greater variety and greater availability in
products; and most importantly a lower cost for both hardware and software. Thus,
rather than groups of captive single or limited suppliers, the real-time marketplace is
transformed into a broad multiple supplier, competitive pricing environment.



The proposed model of an open real-time computer system, shown in Figure 1, is based
on the following principles:

1. The operating system is a standard fully-preemptible real-time operating system,
preferably a real-time UNIX™ operating system. It should comply with generally
accepted industry standards, such as the IEEE POSIX.

 Table 1
Open versus Proprietary Systems

Advantage for Users Proprietary System Open System:

Software Portability Months/Years Hours/Weeks

Database Conversion Years Hours/Days

Programmer Retraining
and Availability

Big Issues Negligible

Flow of Enhancements
Controlled by Free Market for

Computer Manufacturer Major Innovations

Lower Cost Single or Limited Supplies Multiple Suppliers
(competitave pricing)

2. The system architecture is centralized or distributed, depending on the application. The
node architecture in the distributed system, or the architecture of the centralized
system, uses a multiprocessor topology based on off-the-shelf microprocessors. The
interconnection topology for processors and I/Os is designed to provide extensive
I/O, high-speed data processing, and efficient interrupt handling.

Figure 1. Model of an open system for real-time applications



In addition, ASIC and VLSI technology is used to improve real-time performance by
providing architectural supports for operating system scheduling, interrupt handling,
fault tolerance, and specific language features.

3. The open system uses a General Language System (GLS) as a standard compiler
system. The GLS compiles various source languages into the same intermediate
language and therefore provides source code portability on different machines.
Currently, the programming languages used in real-time computing are standard
languages, such as C, Pascal and Fortran; however, as the complexity of real-time
systems increases, there will be an increasing demand for real-time programming
languages.

4. The open real-time system provides user-friendly graphics-based man-machine
interfaces, which are based on standards, such as the X-Window system and the
OSF/Motif™ user environment, which are adapted for real-time use.

5. Open systems support a standard database management system, such as ORACLE™,
and the next generation of real-time systems will require distributed real-time databases.

6. Open systems provide connectivity through standards interfaces. For real-time
communications, a standard network protocol such as TCP/IP, modified to provide
predictable throughput, is used.

A standard I/O bus such as the VME or Future bus is used for process I/O and
peripheral devices. A standard network file server such as NFS is used for transferring
files.

7. Standard CASE tools are supported by the system. A set of application generators for
various markets is provided.

3. REAL-TIME UNIX OPERATING SYSTEM

An operating system forms a layer of software between the programmer and the base
machine and represents the heart of a real-time system.

Requirements for real-time operating systems can be summarized as follows (Table 2).



 Table 2
Requirements for Real-Time Operating Systems

C Support for scheduling of real-time processes
C Preemptive scheduling
C Guaranteed interrupt response
C Interprocess communication
C High speed data acquisition
C I/O support
C User control of system resources

1. Support for scheduling of real-time processes
A real-time system should provide support for creation, detection, and scheduling of
multiple tasks, each of which monitors and controls some portion of a total application.
Typically, a priority-based scheduling of real-time processes will allow users to define
priorities for tasks and interrupts to be scheduled. In contrast, in a general-purpose
multitasking operating system, the operating system itself determines the order in which
tasks execute.

2. Preemptive scheduling
A real-time operating system must ensure that a high-priority task, when ready, preempts a
lower priority task. The operating system must be able to recognize the condition (usually
through an interrupt) preempt the currently executing task, and perform a fast context
switch to allow a higher priority task to execute. A general-purpose operating system,
such as the UNIX operating system, will first complete the execution of the task currently
running in the kernel unless that task is blocked, and then activate the higher priority task.

3. Guaranteed interrupt response
A real-time system must be able to recognize the occurrence of an event and as quickly as
possible take deterministic action based on the event. A real-time operating system must
be able to respond on both hardware and software interrupts. The operating system itself
should be interruptible and reentrant. There should be minimal overhead in the operating
system, especially when context switching to a high-priority real-time process which is
ready to execute.

4. Interprocess communications
A real-time operating system must be able to support interprocess communications via
reliable and fast facilities, such as semaphores, shared memory and message passing.
These facilities are used to synchronize and coordinate task execution, as well as for the
use and protection of shared data and shared resources.



5. High speed data acquisition
A real-time system must be able to handle very high burst rates in high speed data
acquisition applications. Therefore, a real-time operating system must provide a means to
optimize data storage on a disk, moving of the disk heads, moving data from system
buffers to user buffers, etc. Some of the features required include the ability to preallocate
contiguous disk files, provisions for user control over buffering and so on.

6. I/O support
Real-time applications typically include a number of I/O interfaces. A real-time operating
system must be able to provide tools for easy incorporation of custom I/O drivers in the
system. For standard devices, the standard I/O library should be available. The operating
system must also support asynchronous I/O. Through asynchronous I/O, a task or
process can initiate an I/O operation, and then continue execution while the I/O operation
is performed concurrently.

7. User control of system resources
A key characteristic of real-time systems is the ability to provide users with specific
control of the system resources including the CPU, memory and I/O. Control of the CPU
is accomplished by implementing a priority-based scheduling technique. In addition,
real-time timers and timer functions can be directly used by applications to schedule
events and track elapsed time.

A real-time operating system must also provide memory locking facilities allowing the user
to lock a program or part of a program in memory for faster context switching when an
interrupt occurs. The user should also be able to control and guarantee memory allocation
for buffers and allow the locking and unlocking of devices and files.

3.1 Real-Time UNIX Implementations

The UNIX operating system, developed by AT&T Bell Laboratories, has become a
standard operating system gaining rapid acceptance because of its superior flexibility,
portability, and large number of support tools to increase programmer productivity.
However, the UNIX operating system was originally designed for multitasking and
time-sharing, and therefore the standard UNIX operating system does not have an
adequate response time nor data throughput capabilities needed to support most real-time
applications.

Numerous attempts have been made to adapt the UNIX kernel to provide a real-time
environment. Because each implementation is dependent on the type of processor the
specific application code used, it is very difficult to compare performance among all of
the real-time versions of the UNIX operating system.



One classification method, that we propose, divides real-time UNIX implementations into
six categories. These six categories along with the companies taking these approaches, are
summarized in Table 3. These six approaches are discussed below.

 Table 3
Classification of Real-Time UNIX Implementations

TECHNIQUES OPERATING SYSTEM & COMPANY

1. Adding extensions to the standard C AT&T System V.4
UNIX operating system

2. Host-target approach C VxWorks (Wind River Systems

3. Integrated UNIX and real-time C MTOS-UX (IPI)
executives (or real-time OS) C RTUX (Emerge Systems, Inc.)

4. Proprietary UNIX operating C AIX (IBM)
system C LynxOS (Lynx Real Time Systems)

5. Preemption points C RTU (Concurrent/Masscomp)

6. Fully preemptive kernel C REAL/IX (MODCOMP)

C OS/9 (Microwave)
C VRTX (Ready Systems)

C CXOS (Computer S/Motorola)
C D-NIX (Diab Systems)
C real/IX (MODCOMP)

C Regulus (Alcyon)

C HP-UX (Hewlett Packard)
C VENIX (VenturCom)

C CX/RT (Harris)

1. Adding Extensions to the Standard UNIX Operating System

In this implementation approach to a real-time UNIX operating system, extensions are
added to the core UNIX operating system. The real-time extensions can be implemented
in the kernel or outside of the kernel. This is the approach taken by system-level vendors,
such as AT&T in its System V.4 UNIX release.



Some examples of adding extensions to the UNIX Operating system include priority-
based scheduling in a task scheduler, and real-time timers and priority disk scheduling.

Although this approach provides real-time functionality, it has its drawbacks. The main
drawback is the absence of full preemption in the kernel mode. When an application task
makes a system service call, and the task goes into kernel mode, the system has to
complete that service call before a higher priority task can get the CPU.

2. Host/Target Approach

The host/target approach to using the UNIX operating system in a real-time environment
is to develop an application on a UNIX host and then download it to a proprietary
real-time kernel or to another operating system running on a target system.

The operating systems that use the host/target approach are given in Table 3. For
example, in the case of VxWorks operating system, developers use the UNIX host for
development, that includes editing, compiling, linking, and storing real-time applications.
Then the program is tested, debugged and executed on the target machine running
VxWorks. The host and target communicate via sockets and TCP/IP protocol.

The VRTX operating system also allows communications between the target processor
running the VRTX real-time kernel and the host computer that runs the UNIX operating
system. For communications, a shared-memory implementation is used.

The host/target approach combines the advantages of the UNIX operating system with
those of a proprietary real-time kernel. The response time of a reduced functionality
proprietary kernel (under 10 microseconds) is still faster than the response times of
real-time UNIX implementations (from 70 microseconds to a few milliseconds). However,
this approach requires two operating systems and the porting of application software to
other platforms is more difficult.

3. Integrated UNIX and Real-time Executive/OS

This approach provides a UNIX interface to a proprietary real-time kernel or a proprietary
real-time operating system. Both UNIX and the proprietary kernel/OS run on the same
machine. The MTOS real-time kernel has been developed, for example, which can log
onto a UNIX-based system. The real/IX™ operating system integrates the AT&T
System V with MAX 32 real-time operating System. The user can utilize the development
tools in the UNIX environment to develop the real-time application, and then run that
application in the proprietary operating system environment.



This approach provides the fast real-time response of the proprietary real-time systems,
however it requires two operating systems, and the porting of applications is more
complicated.

4. Proprietary UNIX

This approach to a real-time UNIX operating system consists of developing a proprietary
real-time kernel from the ground up while maintaining the standard UNIX interfaces. For
example, Lynx OS, AIX, and Regulus operating systems use this approach. Their internal
implementations are proprietary, however the interfaces are fully compatible with a
standard UNIX operating system such as the AT&T System V operating system. These
interfaces are specified with standards such as SVID and IEEE POSIX.

This approach provides relatively high-performance, however porting real-time
applications to or from another real-time implementation of UNIX requires rewriting code.
Standard UNIX applications will run under these operating systems, but code that uses
the real-time extensions will need to be rewritten.

5. Preemption points

One of the most critical requirements for a true real-time implementation of a UNIX
operating system is kernel preemption. Most of the non-real time operating systems
implement a round-robin scheduler, in which a real-time task is added to run queue to
await its next slice.

In the standard UNIX operating system, a process executing in the kernel space is not
preemptible. A system call, even one from a low-priority user process, continues
executing until it blocks or runs to completion. This can take as long as several seconds.

Another approach to implementing a real-time UNIX operating system is to insert
preemption points, or windows into the operating system kernel. Preemption points have
been built into the kernel, so that system calls do not have to block or run to completion
before giving up control. This can reduce the delay before the higher-priority process can
begin or resume execution. However, as an impact of preemption points, there is still a
preemption delay which may be as high as several milliseconds. This delay corresponds
to the longest period of time between preemption points. The preemption points approach
is taken by RTU, HP-UX, and VENIX operating systems. The RTU operating system
includes approximately 100 preemption points and 10 preemptible regions. At the
preemption points, the operating system performs a quick check to see if a real-time
process is ready to run. Preemption regions are sections of the kernel in which the
scheduler is always enabled.



The preemption points approach provides some degree of determinism and fast response
time, but it is not a fully preemptive system and the drawback to this approach is similar
to the drawback of the adding extensions approach previously described.

6. Fully preemptive kernel

A fully preemptive real-time UNIX operating system allows full preemption anywhere in
either the user or the kernel level. The preemptible kernel can be built by incorporating
synchronization mechanisms, such as semaphores and spin locks, to protect all global
data structures. By implementing a fine granularity of semaphores, the preemption delay
can be reduced to approximately 100 microseconds.

A fully preemptive kernel provides the system with the ability to respond immediately to
interrupts, to break out of the kernel mode, and to execute a high-priority real-time task.
This approach is implemented in the REAL/IX and CX/RT operating systems. The
VENIX and RTU versions of fully preemptive UNIX kernels are under development.

3.2 Case Study: The REAL/IX Operating System

In this section the features of the REAL/IX operating system, a fully preemptible real-time
UNIX operating system, are discussed [6].

A major design feature that provides deterministic behavior and high performance
interrupt handling within the REAL/IX system is the fully preemptive nature of the kernel.
In standard implementations of the UNIX operating system, a process executing a system
call (i.e., operating within the kernel system space) cannot be preempted. Regardless of
the priority of the calling process, system calls execute until they block or run to
completion. In contrast, within the REAL/IX operating environment, lower priority
processes can be interrupted at any time and a higher priority process can begin
executing.

The preemptive kernel has been implemented through the use of semaphores that protect
global data structures. Through the fine granularity of the semaphore implementations the
preemption delay has been reduced to approximately 100 microseconds on the
MODCOMP Tri-D 9730 system. The 9730 is based upon a 25 MHz Motorola 68030 with
8 to 32 Megabytes of memory.

Priority Scheduling. Scheduling within the REAL/IX operating system is divided into two
scheduling strategies: Time-Sharing and Fixed-Priority Scheduling. As shown in Figure 2
the run queue consists of 256 process priority “slots” that are grouped into the two
scheduling strategies.



Figure 2. REAL/IX Process Priorities

Each executing process has a priority that determines its position on the run queue.
Processes executing at priorities 0 through 127 (real-time priorities) use a process priority
scheduler implemented internally. Processes executing at priorities 128 through 255
(time-slice priorities) use a time-sharing scheduler.

Processes are scheduled according to the following rules:

C A process runs only when no other process at a higher priority is runnable.
C Once a process with a real-time priority (0 through 127) has control of a CPU, it

retains possession of that CPU until it is preempted by a process running at a
higher priority; or relinquishes the CPU by making a call that causes a context
switch; or blocks to await some event, such as I/O completion; or its time slice
expires.

C A running process can be preempted at any time if a process at a higher priority
becomes runnable.

The process table for each executing process includes scheduling parameters used by the
kernel to determine the order of execution of processes. These parameters are determined
differently for time-sharing and fixed-priority scheduled processes.

Interrupt Handling. Often real-time processes are waiting for some real-world event to
occur, manifested as an interrupt within the system, in order to be activated. When the
interrupt occurs, a currently executing lower-priority process must quickly be switched
out and the real-time process switched in.



Process dispatch latency time can be defined as the interval between the time that the
system receives an interrupt request and the beginning of execution of the application task
associated with the interrupt. The measures most frequently used in benchmarks, interrupt
latency and context switching time, are important real-time parameters. However, the total
process dispatch latency time is composed of many components, as shown in Figure 3.
The REAL/IX system has a total process dispatch latency time of 67-260 microseconds
on the 9730 computer.

Figure 3. Process dispatch latency time

4. OPEN REAL-TIME ARCHITECTURE

The open real-time system architecture, whether centralized or distributed, uses a
multiprocessor topology based on off-the-shelf microprocessors. The interconnection
topology provides extensive I/O processing, high-speed data processing, and efficient
interrupt handling. The system architecture includes the following features [5].

C architectural support for real-time operating systems,
C architectural support for scheduling algorithms,
C architectural support for real-time languages,
C fault-tolerance and architectural support for error handling, and
C fast, reliable, and time-constrained communications.

In this section we present three case studies of open real-time architectures that are based
on the following topologies:

C tightly coupled multiprocessor with common memory,
C host/target multiprocessor with distributed memory, and
C high-availability dual processor architecture.



One of the key features of these open systems is the portability of software across all of
the architectures. Software code which executes on one architecture will also run on any
of the others.

4.1 Tightly Coupled Multiprocessor with Common Memory

In a tightly coupled multiprocessor system with common memory, all CPUs share global
memory, and there is a single copy of the operating system and data structures. In existing
tightly coupled multiprocessor architectures, the global memory bus represents a system
bottleneck, and therefore such a system cannot be directly used in a real-time
environment [7]. However, by modifying the architecture and adding real-time support
components, it is possible to adapt the tightly coupled multiprocessor with common
memory for real-time applications.

An example of the real-time tightly coupled multiprocessor with common memory is
MODCOMP’s N4 system, described next [8, 9].

The system, shown in Figure 4, consists of 1 to 10 off-the-shelf microprocessors (in the
case of the N4 these processors are 33 MHz MC68030), which share global memory
through the high performance Quad Wonder Bus (QWB). They can be configured as
processing units (CPUs) or I/O units. A single copy of the REAL/IX multiprocessor
real-time operating system resides in global memory and provides total operational control
over all processing within the system. In addition, a System Support Processor (SSP)
provides diagnostic, maintenance and related system functions. In addition to the QWB,
there is an Event Bus (EB). The Event Bus allows the system to handle a large number of
interrupts by load balancing real-time interrupts.

Besides the QWB and Event bus, which improve real-time performance of the tightly-
coupled multiprocessor system, several other architectural features are incorporated in the
system in order to support the real-time operating system. All of these features are
described in this section.

The Quad Wonder Bus is the memory bus which connects all CPUs, I/O modules, and
the SSP with the global memory. it consists of four independent synchronous buses with
non-multiplexed address and data bits. The QWB has a maximum write transfer rate of
160 MB/sec, and a maximum read transfer rate of 245 MB/sec, which gives an average
transfer rate of approximately 200 MB/sec. The addressing scheme of the QWB allows
sequential access by non-memory agents to be evenly distributed over the four
independent buses.



 Figure 4. Tightly coupled symmetrical multiprocessor with common memory

The Event Bus is a synchronous multifunction bus. The data bus portion of the bus
provides a venicle on which interrupts, priority resolution, and interrupt tagging
information are passed. The control portion of the bus defines at any given time the Event
Bus operating mode. The Event Bus is the vehicle through which the interrupt requesting
agents and interrupt servicing agent resolve all source and destination routing requests.
The Event Bus consists of 32 data lines, 4 interrupt identification lines, 3 interrupt cycle
function lines and a synchronization clock. The data lines are multiplexed to provide 16
levels of prioritized interrupts and 16 interrupt enable lines.

Each CPU unit consists of: (a) a high-performance 32-bit single chip CPU, which has an
on-chip bus interface unit, instruction decode and execution units, and memory
management unit, (b) floating point coprocessor, (c) local memory, (d) cache controller
and cache memory, (e) local interrupt controller unit, (f) memory bus controller, and
(g) semaphore assist logic.

Local memory is used for storing Operating System (OS) instructions, non-user interrupt
service routines, and private non-shared data for fast access. Local access of the OS
instructions and data increases bus bandwidth to other bus agents by avoiding access of
the Memory Bus.



The cache memory, consisting of 128 Kbytes, improves the performance of the global
memory (DRAM) by providing the CPU with a small amount of high speed SRAM. The
cache contains a copy of frequently accessed global memory locations, thus providing
direct access to high performance SRAM based memory.

The Semaphore Processor (SP) is an extension of the CPU/Memory environment which
incorporates software semaphore algorithms in a hardware state machine that is connected
to the memory Bus via the controllers. The Semaphore Processor consists of a hardware
sequencer, 1 Mbyte RAM, and the QWB interface. Software semaphore algorithms are
encoded in memory read addresses that are intercepted and serviced by the SP. Within
the addresses received, two fields are used to specify the particular type of the algorithm
and the semaphore memory address to be operating upon. In this approach, the SP
appears to the other components of the system as a memory agent. The QWB protocol is
adhered to by SP, minimizing the effort to invoke a semaphore operation. Bus locking is
not required due to the SP operating upon the semaphore data on a first-come, first-serve
basis.

The performance of the N4 system with 10 processors is about 85 MIPS; it can process
500,000 interrupts per second, and its I/O throughput is 100 Mbytes per second.
Simulation and modeling results show that CPU speed is almost a linear function of the
number of processors, as illustrated in Figure 5.

Figure 5. Performance of the N4: CPU speed as a function
of number of processors



The N4 system is currently using MC68030 processors, however, future machines can
easily be upgraded to MC68040, RISC 88000, and other new processors.

4.2 Host/Target Multiprocessor with Distributed Memory

The host/target multiprocessor with distributed memory addresses a class of real-time
problems that operate in a synchronized environment with rapid response to external
events, such as real-time simulators and trainer systems.

An example of such a system is MODCOMP’s N2+ system, shown in Figure 6, which
consists of a system host, up to 8 high performance target computer nodes, and various
real-time I/O units.

Figure 6. Host/target multiprocessor system with distributed memory

The unique needs of trainers and simulators are addressed through the implementation of
a mirror memory/distributed database supported by broadcasting writes and interrupts in
the tightly coupled host/target architecture.

The majority of the N2+ hardware system components are commercially available units
with the exception of the distributed memory system. The distributed memory system,
based on the concept of multiple slaves on the VME bus, allows the broadcast of data
and interrupts over the VME bus.

The host and target CPUs are MC68040-based single board computers, while the I/O
support is provided by high-speed parallel I/O controllers and various specialized
controllers required in trainers and simulators (HSD, 1553B, DR11W, A/D, D/A, etc.).



The computational power of the N2+ system with the host CPU and 8 nodes is 9 X 20 =
180 MIPS.

The N2+ software environment allows a user to develop, debug, test and deploy a
distributed real-time application. The system software consists of a system host
environment and a target computer node environment. The system host runs under
REAL/IX, a real-time UNIX operating system, while the target computer nodes operate
under pSOS, a real-time executive.

4.3 High-Availability Dual Processor Architecture

Real-time applications require functionally correct, timely, and reliable computation. To
provide enhanced reliability and availability, flexible fault tolerance capabilities should be
incorporated into the design of the hardware and software of real-time systems. This
flexibility enables the system to adapt to the specific level of reliability and availability
required by an application without design modifications and results in a comprehensive
general purpose high performance real-time system.

Fault tolerant real-time computer systems can be grouped into three qualitative classes 
[10, 11]:

C Graceful Degradation Systems
C High Availability Systems
C Continuous Performance Systems

Graceful Degradation Systems do not rely on explicit redundancy but rather utilize the fact
that, as part of the system’s basic design, there are multiple subsystems for each of the
operationally critical functions within the system. Thus, by combining basic fault handling
mechanisms with this implicit hardware redundancy, graceful degradation systems can
recover to a reduced capability configuration following the occurrence of a fault. These
recovery and reconfiguration processes are generally accomplished as off-line functions.

High Availability Systems generally involve high levels of data integrity protection, a low
probability of loss of function or of system malfunction, and rapid system recovery.
Basically, high availability applications require systems that include at least some
capability to continue operation in the event of a failure. These systems include fault
detection, fault isolation, and fault response mechanisms, and occasionally on-line repair
capabilities; and their complexity can range from simple dual redundancy in a critical
subsystem (e.g., dual disk drives) through to total system redundancy.



Continuous Performance Systems are implemented where the cost of even a short
interruption in operation results in costly or catastrophic consequences. These systems
generally involve very high levels of data integrity protection and very low probabilities of
loss of function or system malfunction. Generally, extensive fault masking and on-line
repair and recovery techniques are employed in these systems.

A high-availability dual processor architecture that meets the requirements of the first two
fault tolerance classes (graceful degradation and high availability) is shown in Figure 7.

Figure 7. The architecture of a high availability dual processor system

The system, referred to as MODCOMP’s C3/FT, includes fail-operational capabilities for
processor, memory, internal bus (graceful degradation), I/O, and power source
subsystem failures. An uninterruptible power supply is integrated into the overall fault
resilience of the system and the fault tolerance functions are closely integrated with
diagnostic software to facilitate system maintenance and repair.

The C3/FT architecture consists of six major subsystems: (1) Processor subsystem, (2)
Main memory subsystem, (3) Input/output subsystem, (4) Power supply subsystem with
Uninterruptible Power Supply (UPS), (5) Internal system bus subsystem, and (6) Support
function subsystem and global status monitor.

The processor, main memory, internal system bus, and input/output subsystems include
two identical functional units. The power supply subsystem includes multiple functional
units. With the exception of the internal system buses, each of the major dual or multiple
functional unit subsystems can be configured by the user in either the normal (non-
redundant) or in the redundant configuration. The dual internal system buses (M_buses)
are employed for high performance during normal operations and are automatically
reconfigured to single bus operation following a failure.



The flexibility to configure the processing subsystems defines two primary operational
modes for the C3/FT computer system:

(1) Dual Processing (DP) mode and,
(2) Redundant Processing (RP) mode.

In the Dual Processing mode the two processors and associated CMMUs are working
individually and thus provide dual processor performance. In the Redundant Processing
mode the processors are tightly (clock) synchronized and both are executing identical
instructions. In this mode, one processor is checking the operation of the other in a
Master/Checker relationship.

The system configured in dual processing mode provides 28 MIPS of computational
speed, 600,000 interrupts per second, and 40 Mbytes I/O throughput.

5. CONCLUDING REMARKS

In this paper, the concept of an open real-time system is introduced and several practical
system designs, based on this concept, are presented.

The special problems that we emphasized in the paper are related to a standard real-time
operating system, such as a real-time UNIX operating system, and a standard open real-
time system architecture, based upon off-the-shelf microprocessor. The topics that were
just briefly touched upon, but that deserve more attention, are related to specification and
verification of real-time systems, real-time programming languages and design
methodology, real-time scheduling algorithms, distributed real-time databases, real-time
communications, and real-time artificial intelligence.

According to Stankovic [5], many real-time systems of tomorrow will be large and
complex and will function in distributed and dynamic environments. For such systems, a
theory of large-scale real-time systems should be developed. Such a theory would include
the current methodologies of operating systems theory, database theory, system design
theory, scheduling theory, and others integrated with new theories and technologies for
real-time. For future reading, we suggest the IEEE Tutorial on Hard Real-Time Systems
[12].
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REAL/IX2: THE HEART OF A VERY FAST REALTIME
TEST RANGE SYSTEM

R. KIBLER - MODCOMP, B. RODGERS - ARCATA,
R. BEERS - MODCOMP, D. JOSEPH - MODCOMP

ABSTRACT

This paper describes the history, planning, analysis, design and performance
specifications/results of a very fast, real time data acquisition and processing system. The
heart of the system is MODCOMP’s fully pre-emptive, realtime UNIX operating system
REAL/IX2.

The entire system consists of 19 intelligent communication/interface processors on a
VME bus all managed by the REAL/X2 master processor.

The application for this system was developed by Arcata Assoc. of Las Vegas, NV. for
use at Nellis Air Force Base.

It resides in the Nellis Range Support network as the master switching node subsystem.
The Nellis Network is a data communications system which supports interactive, full-
duplex communication of digital data between terminal nodes on electronic combat ranges
and range user nodes at Nellis AFB.

Many obstacles to meeting the specified performance had to be overcome. When the
system was delivered and installed by MODCOMP it met or exceeded the original data
handling requirements and throughput.

Other system features involve communication processor products from SIMPACT Inc. a
San Diego company. The paper will present their involvement in delivering this solution
system to ARCATA and ultimately Nellis AFB as well as all performance data achieved
from this multi-company venture.

BACKGROUND

Arcata Associates was awarded a contract to develop a customized Commercial-off-the-
Shelf (COTS) network switching system. This system would integrate multi-vendor
equipment into a single network which would process and route tracking, threat and



display data in a real-time environment. Vendors such as IBM, Varian, DEC, Perkin-Elmer
and various 68000-based micro-computers would be integrated into a single network. An
extensive trade-off study was performed to evaluate current “state-of-the-art” packet
switching systems, mainframes and real-time system computers. Based on cost, schedule,
risk, and technical requirements, the combination of MODCOMP tri-dimensional
products and Simpact communication products was clearly our real-time network
switching solution.

REQUIREMENTS

Our network switching system’s primary requirement was to interface with existing
network resources while providing the ability to add new vendor products to the network.
The existing network is a custom developed network loosely based around RS-449 and
HDLC/LAPB levels one and two of the OSI network model. Levels three and above are
custom protocol solutions which provide dynamic message routing, message
prioritization and reduced message transmission times. A fully pre-emptive real-time
operating system was essential to the asynchronous processing of the transmission
packets. The system was developed to accommodate existing nodes and their protocols
as well as future nodes. Additional requirements were as follows:

C Assign various data rates to all channels via operator.
C Assign protocol, line speeds and channel assignments while system is operational.
C Minimize the number of processor boards required for the system.
C Simultaneously run separate protocols in the same system selected from a library of

available protocols (SNA,X.25, HDLC/LAPB, Custom-developed protocols, etc.)
C Simultaneously process 104 channels of HDLC/LAPB protocol at rates from 56K

to 700K. Provide selectable line speeds from 50 baud to 1Mb/sec.
C Route a message from one channel to another in less than 10 milli-seconds.
C Process and route 4300 64-byte packets and over 8000 interrupts per second under

SW application load.
C Provide system MTBF of over 1000 hours.
C Deliver the system within 120 days after receipt of P.O., to include the successful

completion of a detailed acceptance test.
C Provide complete system (HW, SW, spares, maintenance) within ARCATA’s

budgetary limits.

MODCOMP SOLUTION

The MODCOMP solution applied to our application was a customized Model 9730 with
17 Simpact communication boards, sixteen configured with 8 RS-449 ports and one
supporting 4 V.35 ports. A custom device driver was developed for the MODCOMP



REAL/IX OS and the Simpact Host Interface Software was modified to optimize the
interface. A custom cabinet was built to accommodate the large I/O requirements of our
network switch and a standard 20 slot VME chassis was used.

Due to the interrupt processing capabilities of the 9730, a single CPU architecture was
feasible. This eliminated numerous contention problems with respect to the way packets
were received over the network. The 104 channel requirement could be met with a single
20-slot VME chassis, since 8 channels could be driven from a single Simpact board. The
Simpact board’s 68020 processors off-loaded all HDLC/LAPB, X.25 and customer
protocol processing from the MODCOMP Host system. This allowed the MODCOMP
system to be dedicated to message routing, prioritization and application-level message
processing. The system’s low weight limit, BTU requirements and power requirements
ensured easy installation into existing facilities. MTBF was almost double the required
1000 hours and the system provides easy access to all components.

As one could guess, the success of the Arcata system depends on the ability to respond
to events in a fast time frame. Instruction execution, I/O throughput and interrupt handling
have to be at their optimum levels in order to achieve the real-time environment necessary.
Time critical processes must receive the resources they need without regard for other
executing processes. In the past, real-time processing was handled by proprietary
operating systems. MODCOMP has been able to add the real-time functionality to UNIX
System V making it a real-time UNIX operating system called REAL/IX The paragraphs
below describe how the Arcata system utilizes the real-time features of REAL/IX

PRIORITY SCHEDULING

In a standard UNIX environment, a process has control of the CPU until it uses its entire
time slice or until it needs to wait for a software or hardware event, such as an I/O
completion. This is known as a non-preemptive kernel. Under REAL/IX, the process will
give up control of the CPU during the same conditions, but will also give up the CPU
when a higher priority process is ready for execution. This is a feature of a fully pre-
emptive kernel. The Arcata system must always handle a received packet immediately
because it is the most critical activity in the network. Scheduling processes is done by a
REAL/IX process called the Fixed-Priority Scheduler and is transparent to the user
process. The user process needs only to use a system service establishing its priority.
The Transmit/Receive process of the Arcata system has the highest priority on the
MODCOMP system.



INTERPROCESS COMMUNICATION

One of the fastest ways of interprocess communication is through the use of shared
memory. Shared memory is available to all processes that are able to map to it. This
mechanism eliminates the system overhead that normally is incurred with message passing
mechanisms. One process can immediately access the memory after another process has
written to it. The time required is no more than a normal memory reference. REAL/IX
allows a process to expand its virtual address space through the use of a system service
that maps the shared memory into the expanded virtual address space. Arcata’s switching
system utilizes shared memory between the Simpact device driver and the application
software for buffer reception/transmission. It also utilizes shared memory for error
handling and for updating statistical information.

COMMON EVENT NOTIFICATION

Under standard UNIX, the method of notifying a process of an event is the use of signals.
Signals occur asynchronously and must be expected by the receiving process or that
process will terminate upon receipt of a signal. When a signal is received, one cannot
determine who sent the signal and another signal is ignored if the process is currently
handling a signal. REAL/IX has implemented a feature known as the Common Event
Notification mechanism which can receive events synchronously as well as
asynchronously. Events may also be queued to a process so that they cannot be lost. The
Arcata switching system utilizes the event mechanism in a queued synchronous manner.
The Transmit/Receive process receives events notifying the process of packet reception,
packet transmission and packet transmission acknowledgement from 17 possible Simpact
communications cards. While each event is processed, events are continuously posted in
an event queue. Thus, no packets are lost since each is tied to an event.

MEMORY MANAGEMENT

Under standard UNIX, physical memory is divided into pieces of fixed length called
pages. UNIX brings in portions of the executing program from disk in page increments.
Pages that are no longer needed are written back out to disk until they are accessed the
next time and then they are read back into memory. The obvious advantage to this is that
a program can be bigger than the amount of memory available on the machine because
only a portion of the program is in memory at any given time. This process is called
paging. Paging is an expensive system overhead for time-critical processes. REAL/IX,
through the use of a system service call, allows you to lock in all pages necessary into
memory so that paging will not occur. However, this limits the amount of available
memory in the system for other executing processes that are not time critical. But it 



reduces processing time by eliminating paging. The Arcata system locks all real-time
processing into memory.

TIMER MECHANISMS

Typically, UNIX time functions operate in intervals of one second. This is usually the best
resolution that can be achieved under standard UNIX. Real-time processes often need a
finer resolution to control specific events that occur in time critical applications. REAL/IX
has provided a choice of selectable resolutions that are 1/64, 1/128, or 1/256 seconds.
The Arcata system requires a resolution of at least 10 milliseconds. Process interval timers
are used which can be set to expire based on a time value relative to the current system
time or a time value that represents a time in the future. The best feature of the interval
timer is that each expiration is tied to REAL/IX event mechanism rather than the
SIGALRM signal under standard UNIX. This means that a timer can expire while waiting
for an I/O completion without prematurely completing the I/O. This premature completion
occurs when a SIGALRM signal is received and the I/O then needs to be restarted. The
event mechanism does not harm the pending I/O while interval processing occurs.

SPECIFIC PERFORMANCE ENHANCEMENTS

The foregoing discussion centered on the attributes of MODCOMP’s REAL/IX as
compared to standard UNIX and as applied to the ARCATA system requirements. There
were many other modifications to the originally supplied SIMPACT software that were
required to meet the ARCATA throughput performance objectives. But this we found,
conflicted with an objective to maintain the SIMPACT defined interfaces of its Host
Interface Software. Consequently, the performance gains came at the expense of changes
to the driver interface. The result was a driver interface that is high performance and is
usable with any protocol which uses the SIMPACT Host Interface.

The following presents detailed discussion of the changes made to the interface to the
SIMPACT boards to meet the performance goals.

C The original Simpact software provided non blocking I/O and the application
polled to find a port where it could do successful read or write. This polling
required several system calls for each packet moved. The new interface allows
several I/O requests to be queued and when an I/O completes the REAL/IX events
mechanism is used to notify the application that the operation has completed. This
is the same concept as the REAL/IX Async I/O mechanism.



C The Simpact firmware only supported transfers to physically contiguous memory.
Since REAL/IX is a virtual memory system, a user’s buffer may cross page
boundaries. To solve this problem Simpact allocated contiguous buffers within the
kernel and had to copy the data to/from the users buffer.

To avoid this overhead the new driver interface allocates an area of physical
memory and requires the application to map the buffers into the application using
REAL/IX shared memory primitives. An initialization subroutine is provided which
does this mapping. Since the data is not copied on writes, the contents of the
buffer must not be modified by the application until the completion event is
received.

C The interface which Simpact used between the Unix driver and the software running
on the board would interrupt the host twice for every transfer. The first interrupt
notifies the host that a buffer is available to be read or written. The host would fill in
mailbox registers to tell the board where to transfer the data and interrupt the board.
The second interrupt indicates that the data has been transferred. This approach
forced the board and host to synchronize for every packet. Any time the host
delayed interrupts it was likely to slow down transfers.

To avoid the overhead of the additional interrupt and to reduce the coupling between the
board and the host, changes were made to the Simpact Host I/O task running on the
board and the device driver. Rather than using the mailbox registers, queues of requests
and completions were implemented in memory.

Where the Unix driver was responsible for matching a host write with a read from the
board the new approach is to move this function to the board. The HIO task on the board
now matches requests from the protocol module with requests from the host, does the
dma operation and queues the request packet back as a completion packet. When a
request is made the host queues the request and interrupts the software on the board.
When the board completes an operation it queues the completion packet and interrupts
the host.

In each direction there is the chance that several operations may be processed in
the interrupt routine for each interrupt serviced.

C The driver read and write primitives were reimplemented as subroutines executing
within the application instead of system calls. This was done by mapping the driver
data structures into the application. This eliminates the overhead of the system call.



For this to work reliably several restrictions apply. First since the interface uses a
single reader/single writer queue only one process can do I/O to a given board at
any time. This happens automatically if there is only one process which interacts
with the boards or if processes are matched up with boards. The same problem
also effects signal handlers since they behave like separate processes in that they
interrupt the normal flow of execution. The answer is not to initiate reads or writes
to the Simpact boards from the signal handler. It is possible to program around
these restrictions by protecting the tkdsread and tkdswrite calls using the REAL/IX
binary semaphore calls.

PERFORMANCE SPECIFICATIONS

The ARCATA system configuration:



The performance migration from where MODCOMP started its modifications to the final
delivered system results are presented and compared to the original requirements.

Arcata proposed two acceptance tests to be performed. Figure 1 shows performance
requirements for a loop-back configuration of 50-9.6K lines, 14-56K lines, 2-500K lines
and 1-1.8Mb line.

Figure 2 shows maximum performance requirement for a loop-back configuration of
100-56K lines, 2 500K lines and 1-1.8Mb line. All lines, except for the 1.8Mb line,
transmit and received 70-byte packets at the specified number of packets per second
(pps). The 1.8Mb line would receive 6000 byte blocks ten times per second.

The originally supplied Simpact Software performance rates were as in Figure 3.

With the many modifications to the original supplied Simpact Software we were able to
exceed the required performance, as shown in Figures 4 & 5.



Figure 4Figure 1

Figure 2 Figure 5

Figure 3
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ABSTRACT

The performance of general purpose computers is typically measured in terms of Millions
of Instructions per Second (MIPS) or Millions of Floating-Point Operations per Second
(MFLOPS). Standard benchmark programs such as Whetstone, Dhrystone, and Linpack
typically measure CPU speed in a single-task environment. However, a computer may
have high CPU performance, but poor real-time capabilities. Therefore there is a need for
performance measures specifically intended for real-time computer systems.

This paper presents four methodologies, related metrics and benchmarks for objectively
measuring real-time performance: (a) Tri-Dimensional Measure, (b) Process Dispatch
Latency Time, (c) Rhealstone Metric, and (d) Vanada Benchmark.

This proposed methodologies and related measures are applied in the performance
evaluation of several real-time computer systems, and the results obtained are presented.

1. INTRODUCTION

In the arena of extensive interrupt and I/O processing, equating computer performance
mainly by the CPU performance in MIPS is an inadequate measure. In other terms, the
overall computer response performance is what needs to be measured.

In this paper we present four methodologies and related metrics and benchmarks for
measuring computer performance in real-time environments. These methodologies are:

(1) Tri-Dimensional Measure
(2) Process Dispatch Latency Time
(3) Rhealstone Metric
(4) Vanada Benchmark



The Tri-Dimensional measure includes three of the most important features of real-time
computers: CPU computational speed, interrupt handling capability, and I/O throughput.
We discuss the graphical, three-dimensional representation of this measure as well as its
quantitative representation in the form of an equivalent real-time MIPS.

The process dispatch latency time is another measure frequently used for the evaluation of
real-time systems, which is described and evaluated in the paper.

The Rhealstone metric consists of quantitative measurements of the six components that
influence the performance of real-time systems. These six components are: task switching
time, preemption time, interrupt latency time, semaphore shuffling time, deadlock breaking
time, and datagram throughput time. These six components are then combined in a
number which represents the Rhealstone metric.

The Vanada benchmark simulates a real-time environment by executing a synthetically
composed real-time multitasking application.

These four methodologies are described and evaluated in Section 2, while some results
obtained using related metrics and benchmarks are presented in Section 3.

2. REAL-TIME MEASURES

2.1 Tri-Dimensional Measure

The tri-dimensional measure, proposed in [1], includes three most important features of
real-time computers: (a) CPU computational speed, measured in Millions of Instructions
Per Second (MIPS1), (b) interrupt handling capability, measured in Millions of Interrupts
Per Second (MIPS2), (c) I/O throughput, measured in Millions of I/O operations
(Mbytes/sec) Per Second.

These three features are not independent and their interdependence must be considered in
an analysis of performance. For example, if a computer has its maximum features: 5
MIPS1 of the CPU speed, 0.1 MIPS2 interrupt handling capability, and 5 MIPS3 of the
I/O throughput, it does not mean that these three features can be achieved simultaneously.
Namely, increasing one may degrade the other two.

Let’s ignore for a moment the I/O throughput, and analyze the interrelation between the
CPU speed and the interrupt handling capability of a computer system. This is possible
because most modern real-time computers have separate processors to handle I/O
operations, and therefore the IO throughput depends very little on the other two features.



A typical interdependence between the CPU speed and interrupt handling capability for
two computers A and B is shown in Figure 1.

Figure 1- Two-dimensional representation of computer performance

Note that in both cases, when the interrupt loading increases, the CPU power decreases.
The major difference is that the performance degrades much faster in the case of
computer A, while in the case of computer B the degradation of performance is much
more gradual. Thus, computer B is much more suitable for real-time applications by
providing superior interrupt handling capability.

A simplified three dimensional representation of a conventional computer in which a single
CPU performs both application programs and I/O processing is shown in Figure 2.

Figure 2 - Three-dimensional representation of computer performance

Again, the performance of computer A degrades much faster than that of computer B,
when the interrupt loading and/or the I/O throughput increase.



The three-dimensional representation gives a graphical view of the real-time capabilities of
a computer system. In an attempt to combine these into a single performance number,
several alternatives were considered. One based on volume, emerged as the logical
choice. The volume of the three-dimensional function can be defined as:

Volume = II M1(M2,M3) dM2 dM3

where M1, M2 and M3 correspond to MIPS1, MIPS2, and MIPS3, respectively, and M1
(M2,M3) is expressed as a function of M2 and M3.

In the case where the precise shape of the volume is not known, an idealized indication of
real-time performance is simply the volume of the rectangular solid defined by three-
dimensional parameters of the computer. This simplistic approximation of the volume is
then computed as:

Volume = M1 • M2 • M3

The tri-dimensional measure (or equivalent MIPS  of the computer) can then be defined ase

the cube root of the volume:

Since MIPS2 (M2) values are typically two orders of magnitude smaller than MIPS1 and
MIPS3 values for a given computer, the MIPS2 values should be normalized by
multiplying them by 100 prior to calculating the values of MIPS .e

The tri-dimensional measure MIPS  characterizes the overall real-time performance of thee

system. For example, if a computer has the following maximum values for individual
features: MIPS1 = 5, MIPS2 = 0.1, and MIPS3 = 8, then the equivalent MIPS  is:e

From the two-dimensional representation given in Figure 1, two other real-time measures
can be derived; these are, Program Overhead and System Overhead.

Program overhead (P) is a measure which defines how much time it takes to complete an
application program at a specific interrupt loading, compared to the time it takes to
complete it at no interrupt loading:



where to is the execution time under no interrupt loading and tn is the execution time at a
particular interrupt loading.

Suppose that a benchmark program completes in one second at an interrupt loading zero,
and in 1.6 seconds at an interrupt loading of 20,000 interrupts per second. Then the
program overhead for this interrupt loading becomes:

It means, that this benchmark took 60% longer to complete under the specified interrupt
loading.

System overhead (S) defines what percentage of the total elapsed time is devoted to
handle the interrupts:

Using the same values as in the previous example, for the interrupt loading equal to 20,000
int/sec, S becomes:

The obtained results for S means that 37.5% of time is spent by the interrupt handler
servicing interrupts, and the rest of the time is dedicated to the application program.

When measuring the performance of real-time computers, the program and system
overhead can be calculated for different interrupt loading. Note that S can not be larger
than 100% in which case the saturation point has been reached.

2.2 Process, Dispatch Latency Time

Process dispatch latency time (PDLT) is another measure frequently used for the
evaluation of real-time systems [2]. In real-time systems, real-time processes are waiting
for some external event to occur in order to be activated. When an interrupt occurs, the
currently executing lower-priority process must quickly be switched out and the real-time
process switched back in. The process dispatch latency time (PDLT) can be defined as
the time interval between the time when the system receives an interrupt request and the
beginning of execution of the application task performed by a real-time system. The total
process dispatch latency time is composed of interrupt latency and context switching time



as two major components, however, there are several other important components which
form this measure, as shown in Figure 3.

Figure 3 - Definition of the process dispatch latency time

The PDLT is an effective measure of performance for a real-time operating system.

2.3 Rhealstone Metric

The Rhealstone metric, proposed by Kar and Porter [3], consists of quantitative
measurements of six components that influence the performance of real-time systems.
These six components are: task switching time, preemption time, interrupt latency time,
semaphore shuffling time, deadlock breaking time, and datagram throughput time.

Task switching time (t ) is defined as the average time the system takes to switchTS

between two independent and active tasks of equal priority.

The task switching time is influenced by (a) the efficiency of task control processes in
saving and restoring contexts, (b) the CPU architecture and (c) the instruction set.

Preemption time (t ) is defined as the average time it takes to transfer control from a lowerp

priority to higher priority task. The concept is similar to task switching, however,
preemption takes longer. This is because the system must first recognize the event which
causes the activation of the higher priority task, access the relative priorities of the running
and requested tasks, and then perform task switching.

Interrupt latency time (t ) is the time from when the CPU receives an interrupt requestIL

until the execution of the first instruction of the interrupt service routine. Interrupt latency
time depends on the efficiency of both operating system and processor architecture in
handling external interrupts.

Semaphore shuffling time (t ) is the time delay between a task’s release of a semaphoreSS

until the activation of another task waiting for the semaphore. The semaphore shuffling 



time is an important measure in real-time systems because it reflects the overhead
associated with the management of multiple tasks competing for the same resources.

Deadlock breaking time (t ) is the average time it takes the system to resolve a deadlock.DB

A deadlock can occur when a higher priority task requires a resource that is held by a
suspended lower priority task. The deadlock breaking time measures the efficiency of the
operating system algorithms to handle deadlocks.

Datagram throughput (f ) is the number of kilobytes per second one task can send toDT

another via calls to the primitives of the real-time operating system, without using a
predefined common message buffer in the system’s address space or passing a pointer.

Kar and Porter proposed the following procedure in order to calculate the Rhealstone
number. The five previously described measurements are obtained in the microsecond to
millisecond range. These values are converted to seconds and then their arithmetic
inversion (frequency) is calculated. For example, if one of the measured times is 200
microseconds, this value converted to seconds is 0.0002, and the Rhealstone component
(frequency) is f = 1/0.0002 = 5000 per second. The Datagram throughput is already
expressed in kbytes per second so no conversion of this value is necessary.

A Rhealstone number can be now calculated as:

R = f  + f  + f  + f  + f  + f1  2  3  4  5  6

where f  is task switching time component converted to a frequency, f  is preemption time1          2

converted to a frequency, and so on. The performance of a real-time system is
characterized by the value of R such that the larger the value of R, the better the
performance.

As can be seen from the equation above, the Rhealstone metric R is based on the
assumption that all six components are equally influential in determining real-time system
performance.

The authors also proposed the weighted Rhealstone metric (R ), which uses weightingw

coefficients, and can be applied for specific real-time applications.

R  = c  • f  + c  • f  + c  • f  + c  • f  + c  • f  + c  • fw  1  1  2  2  3  3  4  4  5  5  6  6

In this equation, c  to c  are weight coefficients, which have either a zero or a positive1  6

value that gives the Rhealstone component its relative importance for the specific
application.



2.4 Vanada Benchmark

The Vanada Benchmark [4] is a synthetic benchmark which simulates a typical real-time
environment. The benchmark was originally written in Fortran, however, a C version
exists as well. The benchmark is broken into a number of interactive and noninteractive
(real-time) tasks.

The interactive setup task initiates other noninteractive (real-time) tasks, which are
connected to timers. When the time assigned to a real-time task expires, the timer
interrupts the CPU and the operating system schedules the related requests. A task
consisting of the Whetstone benchmark runs at the lowest priority. It will run only if there
is no noninteractive (real-time) task scheduled for execution. In this way, the remaining
CPU time, available for running application programs is calculated in Whetstone MIPS.
This scheme simulates a real-time environment consisting of a set of real-time tasks and a
background application program.

Tasks involved in the Vanada benchmark and their functions are described in Table 1,
while the interaction between tasks is illustrated in Figure 4.

3. BENCHMARK RESULTS

In this section we illustrate the application of the Tri-Dimensional, the PDTL, and the
Vanada measures in evaluating real-time computer systems.

To illustrate the application of the Tri-Dimensional metrics, the performance of
MODCOMP’s Tri-D 9730 machine running the REAL/IX and the UNIX System V, are
measured using the Tri-D analyzer. The results are presented in Figure 5. Besides the
tri-dimensional graphical representation, the analyzer calculated the volume and the
equivalent (real-time) MIPS for both operating systems, these are 1.74 for the REAL/IX,
and 0.81 for the UNIX System V.



Table 1
Vanada Benchmark - Description of the tasks

TASK DESCRIPTIONTYPE OF REPEAT
TASK RATE

SETUP Interactive - Activates other programs and connects
real-time programs to system timers.

TRIANG Real-Time 20 msec Updates two shared global regions with
calculated data to generate a triangle
wafeform every 1500 msec. Cycles
15.000 times and then shuts down the
test via a semaphore in the global shared
region.

FAST 1 Real-Time 20 msec Retrieves data from global shared region
1 updated from the TRIANG task and
calculates maximum, minimum, and
filtered data.

FAST 2 Real-Time 60 msec Retrieves data from global shared region
2 updated from the TRIANG task and
calculates maximum, minimum, and
filtered data.

SLOW 1 Real-Time 500 msec Retrieves data from global shared region
1 updated from the TRIANG task and
calculates maximum, minimum, and
filtered data.

SLOW 2 Real-Time 1540 msec Retrieves data from global shared region
2 updated from the TRIANG task and
calculates maximum, minimum, and
filtered data.

SUMMARY Real-Time 5 sec Retrieves data from the global shared
regions updated from other tasks,
calculates the results, and prints them.

MONITR Real-Time 1 sec Retrieves data from the global shared
region 1 updated by other tasks, and
writes results to CRT or disk file.



TASK DESCRIPTIONTYPE OF REPEAT
TASK RATE

MONIT 2 Real-Time 100 msec Retrieves data from the global shared
region 1 updated by other tasks, and
writes results to CRT or disk file.

WHET Interactive - Runs at the highest priority to generate a
MIPS rating with no concurrent CPU
resources granted to other tasks.

WHETB Noninteractive - Runs at a priority lower than other tasks,
and executes the Whetstone benchmark
in order to calculate the residual MIPS
rating available for application programs.

Figure 4 - Interaction among tasks in the Vanada benchmark



 Figure 5 - Tri-dimensional measurements of real-time performance of the Tri-D 9730
machine running the REAL/IX and the UNIX System V operating systems

The process dispatch latency times are calculated for four machines running real-time
UNIX operating systems: Hewlett Packard HP-UX, Harris CX/RT,
Concurrent/MASSCOMP RTU, and MODCOMP REAL/IX [5]. The results are
presented in Figure 6.

Figure 6 - Comparison of process dispatch latency times
for four real-time UNIX operating systems



Finally, the Vanada benchmark was used to compare several DEC machines running the
VAX/VMS operating system and the MODCOMP’s CLASSIC 9250 machine running the
MAX operating system. A summary of these results is presented in Table 2.

Table 2
Results of Vanada Benchmark

MACHINE OS RAW MIPS RESIDUAL RAW MIPS
MIPS RESIDUAL MIPS

1. MICROVAX 11 VMS 0.84 0.59 70%
2. MICROVAX 3500 VMS 3.00 2.55 85%
3. VAX 8530 VMS 4.00 3.60 90%
4. Classic 9250 MAX 4.04 3.78 93.5%

Table 2 shows both raw Whetstone MIPS obtained from the program WHET, which
indicates computational power of a machine when there are no real-time tasks involved,
and residual MIPS which specifies computational power available for application
programs, assuming the execution of all real-time tasks in the Vanada benchmark. The
ratio raw MIPS/residual MIPS is a good measure of the efficiency of the computer
system in handling real-time tasks. This ratio depends on several crucial real-time
parameters, such as task switching time, interrupt latency, etc.

At this point we have not used the Rhealstone metric.

4. CONCLUSION

In this paper we tackled the problem of real-time performance measurements of computer
systems. We presented four methodologies and related metrics, and we applied three of
them for performance evaluation of several real-time computers.

Our experience working with these measures is summarized in Table 3.



Table 3
Characteristics of Real-Time Measures

MEASURE CHARACTERISTICS

1. Tri-Dimensional C Very Objective real-time measure (+)
Measure

C Measures the whole range of values (+)

C Includes both interrupt handling and (+)
I/O measurements

C Requires a hardware device - the (-)
Tri-D analyzer

2. Process Dispatch C Very good measure for interrupt (+)
Latency Time processing

C Does not include a measure for the (-)
I/O processing

C It is complicated to create a portable (-)
benchmark for objectively measuring it

3. Rhealstone Metric C Good measure of real-time parameters (+)

C It is complicated to create a portable (-)
benchmark for objectively measuring it

C The selection of weighing coefficients (-)
is very subjective

4. Vanda Benchmark C Very good synthetic real-time benchmark (+)

C It can be made portable (+)

C It is an objective real-time measure (+)

C Measures real-time performance under (-)
very light loading of the system with 
real-time tasks



The Tri-Dimensional measure is one that measures objectively real-time performance
throughout the whole range of values, however it requires specialized Tri-D analyzer
hardware for each system, and therefore is more difficult to use across various
computers.

The PDLT measure and Rhealstone metric are good measures for evaluating system
response time, however it is difficult to generalize these measures and make them
portable.

Among these four, the Vanada benchmark is perhaps the most practical one, it simulates a
real-time environment and can be made portable. For portability purposes, real-time
system calls should be adapted to each real-time operating system.

At this moment, the Vanada benchmark measures real-time system performance under
light task loading, however, the benchmark can be extended to include medium and high
task loading.
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ABSTRACT

The Telemetry Integrated Processing System (TIPS) at the U.S. Air Force
Western Space and Missile Center (WSMC), Vandenberg AFB, California is a
large scale, computer based, telemetry processing and display system installed in
the early 80’s. The digital printer/plotters used in the Quick Look Display Area
(QLDA) were installed in 1979 and their maintenance support has become critical.
Their replacement is now necessary.

This paper will present the approach used to solve the replacement of these
printer/plotters by off-the shelf commercial equipment. The key objectives of
providing users with a similar display output and strict hardware and software
compatibility with existing system have been met.

In addition, the new equipment installed can meet the display requirements of
future developments or upgrades of the TIPS.

Background

The Telemetry Integrated Processing System (TIPS) is the main telemetry processing
and display system at the Western Space and Missile Center. It receives and processes
data from ballistic or space missile launches or orbiting satellites. The Quick Look
Selection and Display is the subsystem that provides users with control and display of
mission data. It is divided into six Quick Look Display Areas (QLDA). Each QLDA is
composed of a front-end Gould SEL 32-55 computer controlled by 3 plasma display
terminals and channelling data to 5 Gould 5200HS electrostatic printer/plotters. These
devices perform alternatively plotting of real time data from the Telemetry Front-Ends
(TFEs) or printing of processed data from the Telemetry Preprocessor computers (TPP)
(see Figure 1 - TIPS Block Diagram).



Real time plots are recorded on 10.5" usable width with a resolution of 200x250 dots
per inch translating into 2112 dots per scan line with a maximum print rate of 2500 scan
lines per second at paper speed of 10 ips.

The 5200HS printer/plotters have been in use for more than ten years. Their
maintenance and support has become critical. This has lead the Western Space and
Missile Center to consider their replacement by state-of-the-art equipment. Two important
considerations have guided the choice of the new display systems: 1) to make use of all
the software programs developed over the years to emulate and configure the printer/
plotters and 2) to install equipment that would be easy to integrate into future upgrades of
the TIPS.

System  Architecture

The 5200HS printer/plotters are being replaced by six Real Time Recorder
Subsystems (RTRS). Each RTRS is being installed in one QLDA and is composed of
five interface subsystems (Real Time Recorder Interface - RTRI) and up to six Real Time
Recorders (RTR). Each one of the six RTR’s can be used alternatively to plot real time
data or to print processed data from the TPP (see Figure 2 - QLSD Configuration).

Description of the RTRI

The RTRI is a microcontroller run by a 68020 microprocessor. It is integrated with
the existing Fast Multiplex System of the QLDA and ensures operational transparency to
all TIPS users. Plotting functions continue to be performed as if the 52000HS units were
still in operation without any intervention to existing software programs for setup, control
and data transfer. Real time data rate is maintained at 200,000 samples per second and
continuous print rate alphanumeric data is at 1,500 lines of 132 characters per minute.

Description of the RTR

The RTR Recording System consists of a Gould ES2000 system with an electrostatic
Printer/plotter unit (EW), system Controller (CP) and high resolution real time Video
Monitor. Local control of the recorder functions is performed by a dedicated keyboard
with speed selection and chart drive keys. All this equipment is off-the shelf, standard
products.

The RTR is a modular, evolutionary system that is dedicated to display and hardcopy
of real time data. As an off-the-shelf instrument, it is widely used in government and
aerospace installations in the U.S. and abroad. This ensures availability of maintenance
and support at low cost to the users. Formatting of real time data is extremely flexible and
can match formats in use with the 52000HS as well as other formats that may be desired



in the future. Alphanumeric printed data can be presented in cine* and comic* mode. The
RTR may run as an asynchronous line printer (without plotting data) or as a synchronous
printer together with plotting data at a rate up to 1,500 lines of 132 characters per minute.

The RTR Video Monitor scrolls data in real time in the same format that it appears on
the chart. Scrolling speed can go up to 500mm/s (19.7 ips), with all data being displayed
simultaneously. This monitor enables users to check data formatting and plot set-ups
without running the chart. It also allows immediate viewing of critical data during real time
operation of the RTR. If necessary, slave Monitors can be added for remote visualization
of plotting data, using a standard RS343 video link.

The RTR Controller has an open architecture with 10 slots for various data I/O
modules. Replacement of the 52000HS called for 16 analog channels. This configuration
occupies only three of these slots. This leaves ample room for future expansion of the
RTR system, within the planned evolution of the TIPS.

The RTR Printer/plotter units utilize the same proven electrostatic recording
technology as the 5200HS printer/plotters. This technology produces high contrast
permanent traces that will not be altered by normal handling and high ambient temperature.
As were the current 5200HS recorders, the RTR is designed to withstand very long chart
runs at high speed.

Designed for flexibility, the RTR components (writing unit, monitor, etc.) can be
configured in various ways depending on the mission support requirements. With this
modular design, subassemblies may be interchanged thus simplifying maintenance.

Conclusion

With the new RTRS, the QLDA’s at WMSC are now equipped with state-of-the-art
display equipment that satisfy current requirements and will provide hardware that will be
easy to integrate with the future developments of TIPS. The flexibility and modularity of
the RTRS will enable changes in configuration and enhancements as required. In addition,
most components being off-the-shelf devices, maintenance and support will be facilitated
in a cost effective manner for the years to come.

* cine mode: bottom of characters facing the chart motion.
comic mode: left side of characters facing the chart motion.







DEVELOPMENTS IN DIRECT THERMAL ARRAY
CHART RECORDERS PRINTING TECHNOLOGY

Jean-Claude Robillard Michel Brimbal
Gould Inc. Array Recorders Division Gould Inc. Recording Systems Division
57,rue Saint Sauveur, Ballainvilliers 8333 Rockside Road
91160 Longjumeau France Valley View Ohio 44125 USA

ABSTRACT

In the past 2 to 3 years, linear array recorders based on direct thermal printing
technology have proven to be the recorders of choice for a large number of
telemetry display stations.  This technology initially developed for facsimile
communications has evolved to meet speed and reliability required by the operation
of recorders in the telemetry station environment.  This paper discusses the
performance of various direct thermal printing techniques employed.  The focus is
given to parameters that are critical to telemetry station operation such as quality of
the chart output, maintenance and support, reliability and cost. The reliability issue
is discussed at length as it is impacted by printhead thermal stress and mechanical
wear.  Other printing technologies available for chart recording are briefly reviewed
as they may appear to be suitable alternatives in some telemetry applications.

CHART RECORDER TECHNOLOGIES

High speed chart recorders place heavy demands on printing technology:
C Increasing chart paper width, to reproduce a greater number of analog

signals. 15" width is now offered with a single array printing head.
C Increasing printing speed, to reproduce in real time higher input signals

frequencies.
C Still, users are expecting high quality printouts (crisp and contrasted traces).
C Archiveability must be good
C Cost of chart paper must be kept to a minimum
C Energy to print must be minimum (field applications).

None of currently available printing technologies fulfill all these requirements.

For years, oscillographic pressurized-ink pen recorders came closest to meeting most
of these requirements: high trace quality, on glossy chart paper with excellent



archiveability, but at the expense of the input signal frequency (limited to about 100Hz). 
Higher speed fiber-optic recorders using photographic chart paper were the best choice
for faster signals up to 5kHz.  However both technologies fell short in many respects,
which left the door open to other technologies bringing benefits more in line with current
measurement trends.

More recently, the electrostatic technology, pioneered and currently offered by Gould,
offers higher frequency reproduction, since printing is performed by a solid state printing
array.  The process in itself is simple, and both quality and archiveability are excellent. 
However, electrostatic recorders are using specially coated chart paper, and a liquid toner. 
Drying the printed chart places a limitation on either the chart speed or the chart width. 
Extra wide printer/plotters will generally dry the chart by pressing it between two rollers. 
Plotting speed is then limited to about 25mm/s.

Gould electrostatic recorders are drying the chart by sucking out the remaining liquid. 
This creates a tracking effort proportional to the chart width, limiting the speed/width ratio
to about 500mm/s / 11".

Still where liquid toner is acceptable, and chart width/speed ratio falls within the limits,
this technology is probably the best choice:

C Quality of printouts
C Archiveability
C Low energy to print
C Medium cost of the printer
C Chose to plain chart paper cost.

Very recently, evolving from facsimile market, the thermal array technology has been
applied to recorders because of the relatively lower cost of the printing machine.

However some basic requirements are not met:

C Archiveability is questionable
C Chart paper is specially coated
C Energy required to print is high
C Chart paper width and/or speed is limited

Despite these limitations, thermal printing made its road first in low end products
where cost was a primary factor before archiveability, chart paper width and speed.

In order to apply this technology to higher performance products, recorder
manufacturers developed improvements to correct these limitations.



THERMAL ARRAY LIMITATIONS AND RECENT IMPROVEMENTS

2.1 Chart paper sensitivity/archiveability

Thermal chart paper contains, buried below the coating, a layer of chemicals.  When
heated, the chemicals will react, producing a black trace on the chart paper.  A typical fax
paper requires 20 millijoules/square millimeter to produce this reaction.  Recorder chart
papers need to be more sensitive (9 millijoules/square millimeter or less).  This is achieved
by reducing the coating thickness or lowering the reaction temperature threshold.  In both
cases, the penalty will be a lower archiveability, since the reaction may be triggered by
chart paper handling (scratches) or reversed by exposition to light or alcohol.

Hence there must be a compromise between sensitivity and archiveability, and one
should select the lowest sensitivity to fit a particular application.

2.2 Printing efficiency

When the sensitivity of chart paper has been selected, all efforts will be made to
reduce the energy to print.

a) Size of dots
Since the energy required to print is given in mJ/mm , reducing the surface of one dot2

will reduce the required energy accordingly.  For a chart recorder, reducing the size of a
dot at least along the time axis is favorable, since this will lead to sharper signal
representation.  In Gould products, the length of a heating element (typically 170 µm ) has
been reduced to 115 µm, thus reducing the energy to print a dot by half.  However, the
size of a dot must be kept big enough to retain a good contrast perception.

b) Heat transfer to chart paper
One other alternative to increase the printing efficiency is to improve the heat transfer

to the chart paper.  With present thermal heads, an average of 50% only of the energy is
transferred to the chart paper, due to thermal resistivity of the glass protection and paper
coating.  The remaining is transferred into the head substrate and heat sink.  Thermal head
manufacturers are working to improve the glass protection heat transfer capability.

However, this protective layer must be thick and strong enough to resist to:
C abrasiveness from the paper contact
C permeability to ionic contaminants that would otherwise corrode the heaters

It should be noted here that in search for this compromise, resistance to abrasiveness,
and permeability to ions are not perfect, and remain significant limiting factors to head life.



c) Thin film/partial glaze
In view to reduce the heat transfer to the substrate, the thermal head manufacturers

have selected, for highest performance heads, the thin film and partial glaze technology. 
In this case, the heaters are formed by metallization of small bumps of glass (partial
glaze).  This configuration insulates the heaters from the substrate and improves the
contact with the chart paper surface.

2.3 Thermal Control of the heaters

Thermal control of the heaters is now recognized as the major factor playing for both
printing quality, speed and head lifetime.

a) Problem
In a chart recorder, printing 8 dots/mm at 200mm/s, each heater has only 1/1600

second = 625µs to heat and cool.  Assuming a 9mj/mm  to be delivered, 450mW are to2

be delivered to one cold heater to print.  Only 50% will be transferred to chart paper, and
225mW will raise the substrate temperature.

When a heater is activated several times consecutively, the heat build-up will raise the
average temperature of the heater.  This would be dangerous for the head is no counter
measures were taken.

b) Solutions
Usually one would control the heating time as a function of the average temperature of

the head measured by one or several thermistors.
As there is a long response time associated with this control, some other techniques

like “historical control” and “dot skipping” or “strobe modulation” have been
implemented, where the data to print is monitored, and action taken to limit the activation
of one heater when a dot is constantly or frequently printed (see Figure 1).

All these techniques are limited by the thermal head construction which prevents an
individual control of the heating time.  Some new thermal heads are under development,
where new integrated circuits will allow this individual control.  However, these heads will
cost more to include the driving electronic (especially at instruction time), consequently
raising the recorder price and the cost of head replacement.

c) Micropulsing™ (Figure 2)
In its TA4000 15-inch thermal array recorder, Gould has implemented an original

(patented) process to individually control the heater temperature, while using a thermal
head close to standard (only 8 serial inputs instead of one).

In this technique (called Micropulsing), the regular heating cycle (625µs) has been
divided into 8 microcycles of 70µs.  The data to be printed are monitored through



proprietary digital circuitry, in order to compute the density of dots printed in the area of
each dot; the result of this computation is used to determine the combination of several
microcycles among 8, which will deliver for each heater, the right amount of energy.

The advantages are significant:
C Lower overall power consumption
C The thermal head is not forced into unsafe high temperatures
C In case an area is turned to full black (high frequency input), the energy is

immediately reduced to print this area grey (envelope mode), still preserving a full
contrast for discrete dots (alphanumerics, grids, signals) printed on the border of
the black area.

C Extended dense areas may be printed for a long time without 1 losing the other
printouts due to heat build-up in the head.

The results obtained by this technique allow to take advantage today of an only
emerging technique--the individual dot control.

FUTURE TRENDS

3.1 Chart papers

Thermal chart papers will see dramatic improvements in sensitivity and archiveability
as the thermal technology is migrating to higher speed printing and CAD applications
(plotters). The solution will come from better coating, with both better thermal
conductivity and resistance to scratches.

Also, working on ink chemicals, chart paper manufacturers will be able to offer chart
papers with a linear response to temperature for grey scale printing or color, using new
heads with individual heater control.

3.2 Thermal head

Evolution is clearly toward individual heater control, for safer and better results, as well
as grey shade or color printing. Also, the protective layer of the heater will offer better
protection against harmful ion contaminants.

These evolutions will open an area for more sophisticated chart recorders.



Dot skipping technique used in facsimile machines
and other thermal array recorders.

Data is written into a shift register every 625µs (line
scan period). Individual dot heat control is done by
“dot skipping”. The result is a dotted line or
overheating. Thermal safety is global using a thermistor
modulating the strobe

Figure 1



Micropulsing ™ printing technique used in Gould TA4000
singlehead thermal array recorder

Data is written via multiple inputs into shift registers every 70µs.
Individual dots are controlled by 12% heat increments.  Thermal
safety is dynamically controlled every 70µs.

Figure 2



REINVENTING THE CHART RECORDER
FOR THE TWENTY-FIRST CENTURY

David M. Gaskill
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ABSTRACT

Rapid technological improvements in components and manufacturing techniques have set
the stage for a thorough renovation of chart recording concepts. Today, thermal array,
galvanometer, electrostatic, and lightbeam recorders co-exist for reasons both historical
and practical. At one time or another each has held a competitive advantage but now it is
time to synthesize a new recorder standard combining the strengths of each of today’s
technologies with a generous reserve for future enhancements.

OBJECTIVES

To propose a set of specifications and capabilities that will meet the needs of telemetrists
for the next twenty years and to describe a physical implementation that could be on-line
within two years.

AN HISTORICAL PERSPECTIVE

When the first modern telemetry stations were equipped more than thirty years ago there
wasn’t much choice in chart recorder sub-systems; they were all galvanometer based. The
typical chart recorder drew eight waveforms on eight separate pre-printed grids each
40mm wide for a paper width of about 15 inches - about the maximum width that can be
easily contained in a standard 19" rack.

Pressurized ink was the preferred marking method although a little later heated stylus types
started to become popular because they were generally less expensive. Both had similar
strengths and weaknesses. On the positive side, galvanometer based chart recorders
provided a reliable, easily readable, high speed, permanent test record at moderate cost.
On the negative side, the frequency response was limited by the large mass of the motor
required to move the marking pens, the recording formats were fixed by both the pre-
printed grids and the limited excursion of the galvanometers, and auxillary information was



limited to interchannel event markers mechanically activated by solenoids. About ten years
ago some galvanometer based recorders were fitted with interchannel alphanumeric
printers which allowed some messages to be recorded under Host Control - a useful
advance but only a partial solution to constantly growing recording requirements which
put more and more emphasis on centralized control.

The original solution to the frequency response limitations of the galvanometer systems
was the light-beam recorder. The light-beam recorder produces a record by directing light
onto photo-sensitive paper. Actually, light-beam recorders also used galvanometers but a
different type. The light-beam galvanometer can be very thin and light weight since it
doesn’t have to move the relatively large mass of the writing stylus - only a small, low
interia mirror. Consequently, a frequency response of several kilohertz was common with
high chart speeds to match - three meters per second or even faster.

The light-beam recorder had another advantage as well; unlike pens, light beams could
cross over each other without interfering so that overlapping waveforms could be drawn
for greater resolution. Unfortunately, there was a price for these features. First, the chart
width was limited to about 10 inches so that the traditional eight 40 mm channel format
was impossible and second, the recording paper was extraordinarily expensive, making
overall operating costs very high. In addition, there was some latency in the record due to
the fact that the paper was exposed internally and there was a small developing period
required before the traces were clearly visible. For a small group of users though, the
capabilities were worth the limitations, particularly for post-mission analysis when data of
particular interest could be screened to avoid unnecessary paper use. The light-beam
recorder didn’t make any advances in the Host Control area but, of course, this was not a
competitive disadvantage to pen recorders.

The next evolutionary step was the electrostatic array recorder which was introduced in
the late 1970’s. The electrostatic array represented a very important departure in recording
technology that greatly exceeded any specific performance improvements offered in the
first examples. They introduced the concept of digital recording in what had been a
completely analog field.

Generally, the physical format of the first electrostatic array recorders followed that of the
light-beam recorders. They used about the same paper width and used the same
overlapping channel format. The electrostatic array consequently retained the same
limitation in writing width which precluded the traditional eight channel, 40mm grid format.
Unfortunately, the array recording technique showed some digitizing effect in the
waveform traces which limited the top chart speed to about 500 mm/sec. This was
compounded by the fact that some of the first units had only about 100 dots per inch
resolution across the array. very soon, 200 dot per inch arrays became available however



resolution and clarity still became an issue since both pen and light-beam recorders had an
uninterrupted analog trace which looked better on paper - regardless of the fact that the
accuracy of the trace might be better on the array recorder. Pen recorders in particular
(because of their lower frequency response) are subject to printing distortions when
recording fast rising waveforms which can be masked by the smooth continuous
appearance of the trace.

In any case, the electrostatic array technology provided many advantages; mixed formats,
versatile alphanumeric capability, graphics and, of course, digital data handling and
storage. The electrostatic recorders soon became the premium product which featured
very high overall performance and commanded very high prices.

Shortly after the electrostatic array recorders were put into service, a new competitive
technology was introduced. Similar in concept, it used a thermal array to produce the
waveform image. The thermal array technology had the advantage of being slightly less
expensive and so generated a good deal of interest. The first commercial recorders
followed the form of the electrostatic and light-beam recorders but had slightly lower
performance. In the meanwhile there was a large scale development underway in the
commercial printer and facsimile markets to improve the thermal array printheads, making
them faster, less expensive, and more reliable. There was a parallel program in the
electostatic area but the result was narrowly focused on the sheet-fed office copier/printer
market and didn’t produce a product that was easily adaptable to high speed recorder
use. By the mid 1980’s however, thermal array printheads became fast enough and reliable
enough to form the heart of a wide chart recorder that combined many of the elements of
the pen recorder and electrostatic array recorder. With a 15" wide chart, it could use the
traditional 8 channel, 40 mm format and still provide many, but not all, of the features of
the electrostatic recorders such as overlapping channels, graphics, alphanumeric printing,
and Host Control through a variety of interfaces.

Right from the beginning, the thermal aray recorder was aimed at the pen recorder market
which has been somewhat price sensitive compared to the electrostatic recorder market.
Consequently, current thermal array units are designed to be cost effective and generally
lack some of the most demanding capabilities of the electrostatic units in the area of user
selectable formats and auxiliary displays. Thermal array technology is still advancing
rapidly however, and new high resolution printheads and faster control electronics should
make it possible to approximate the trace quality of the pen recorder and equal the
versatility of the high-end electrostatic recorder.



 Note that graphs represent the best performance of each recorder type in each category.
A single commercial example may not have all the capabilities detailed above.



A NEW SPECIFICATION

What parts of the existing recorders should be caried forward and what new capabilities
should be added to form a major new step in recorder subsystems. Here are my
suggestions:

1. Physical size and power requirements

The most common recorder format is 19" rack mountable and I think this should be
continued. Provision should be made, however, to package the recorder in a moveable,
free standing case mounted on casters to allow the floor arrangement commonly used
with electrostatic recorders. The panel height should be kept under 14" and 10.5" would
be preferable.

Weight is not a prime concern in rack-mounted installations but still, any system over 60
lbs. is a potential safety problem during installation and servicing. Fifty pounds would be
a good target but power supply requirements may make this difficult. The power supply
should be capable of operation at 100 - 260 VAC, 50 - 400 Hz with good EMI
characteristics both for emissions and susceptibility. In addition, 28 VDC capability
should be optional.

2. Chart size and format

The original pen recorders set the standard here and the wide 8 channel, 40 mm form
should be continued. Of course the new recorder should also provide the flexibility to
configure itself as a graphics printer, an X-Y recorder, and an overlapping channel
recorder that should be able to display up to 32 channels of waveform data. In addition,
the user should be able to intermix different channel sizes on the same chart and overlay
alphanumeric information and event data with a minimum of restrictions.

3. Printing method

The clarity of the pen recorder is very desirable but format flexibility really requires a
digital, array type, printing method. Either electrostatic or thermal techniques could be
used depending on cost and available resolution. In the array direction, greater density
printing elements can be used to approximate the smoothness and resolution of the pen
trace. 300 dots per inch produces a good looking record but serious consideration should
be given to 400 dots per inch or even more. At least 300 dots per inch are required to
display a full 12 bits (4096 points) on the chart so this should be the minimum acceptable
density.



In the time direction, any reasonable digital method will produce some trace
discontinuities at extremely high chart speeds so that the top speeds of the light-beam
recorders may never be equalled in real time. The best feasible answer to those
requirements is to maintain a high enough print rate, maybe 2000 dots per second, to
produce good quality at speeds up to 500 mm/sec and to use the high speed data capture
feature of the array recorder for expanded resolution playback in post-mission analysis.

4. Frequency response

Bandwidth requirements vary greatly in different applications. Two kilohertz may be
adequate for some users but others could use 1 MHz if it were available. Several
recorders now have bandwidths above 15 kHz which should be considered the absolute
minimum. What’s more important, I think, is to get away from the idea of a bandwidth per
channel and think about the system bandwidth. The idea of system bandwidth is more
compatible with digital data interfaces and even with analog interfaces a scheme that
would allow different bandwidths for different channels would be very useful. For
example, a structure that would allow a 4 MHz throughput could be used to record two
high speed channels at 1 MHz each (for a 100 kHz bandwidth) and 14 trending channels
at 100 kHz each. For special tests, one channel could be used at the full 4 MHz
throughput.

For data capture, the same bandwidths would apply but there should be more flexibility
for storage. Now, storage size is usually limited by semiconductor memory limitations to
about 64 - 128 Ksamples per channel. This is a reasonable size for most applications but
sometimes much more is required. Floppy disks are too slow to be useful in many
applications so the recorder should provide a SCSI or equivalent port to stream directly
to a hard disk. Of course, even this method wouldn’t be capable of the full system
bandwidth but the combination of methods should handle most test requirements.

5. Display capability

The main display should be able to list menu choices and set-ups in full alphanumeric
format at a minimum. A full graphics display would be an advantage at least as an optional
accessory. On optional 640 x 350 pixel CRT could be driven by the system controller to
provide waveform viewing either in real time or as a storage buffer review. If well enough
integrated, it could provide grids and alphanumerics as well as a wide range of sweep
speeds and would allow “paperless” monitoring capability for some types of tests. In
addition, there should be a quick reference display, such as a row of LED’s to indicate
waveform activity and zero position. Also desirable would be a separate display which
could by mounted near the paper output, perhaps on a writing table, which could label
each channel with alphanumerics and simple graphics for rapid identification.



6. Architecture

The capabilities reviewed so far require a much more open system design than is normal
in today’s recorders. Two or three expansion slots will not allow a system to develop
over the years to take advantage of new technology. The goal should be to find an
economical way to make the recorder more like a general purpose computer than a
dedicated embedded processor. This is not the current design direction for
cost/performance reasons but as systems grow more complex and as users demand more
special features, recorder manufacturers will have to provide the ability to add both
hardware and software upgrades that will be transparent to the basic operating system.

SUMMARY

“High Performance” is relative. Thirty tears ago a chart recorder was a stable product that
changed almost imperceptably from year to year. You bought one and used it until it wore
out. Now every year brings a new product which tops last years model. True, some
improvements may be illusory but many are real and threaten to make even relatively
recent purchases obsolete. There’s no reason to stop the innovation that comes from
trying to find competitive advantages, but there is every reason to make the changes as
painless as possible. The specification describes a recorder that could be built next year.
The system architecture describes a recorder that could last twenty years.

SPECIFICATION

Size . . . . . . . . . . . . . . . . . . . 10.5" high x 20" deep, rack mountable

Weight . . . . . . . . . . . . . . . . . Less than 60 lbs.

Power . . . . . . . . . . . . . . . . . . 115/230 VAC, 50/60/400 Hz, 600 VA.
optional 28 VDC

Chart Width . . . . . . . . . . . . . 15" minimum

Number of Channels . . . . . . . 32, each with 12 bit resolution - analog or
digital input

Number of Event Channels . . More than 32, user positionable

Number of Alphanumeric
Channels . . . . . . . . . . . . More than 32, user positionable



Waveform Channel Format . . 8, 40 mm channels or up to 32 individual or
overlapped channels intermixed.

Resolution . . . . . . . . . . . . . . At least 300 dots per inch
(>4096 points across chart)

Print Rate . . . . . . . . . . . . . . At least 2000 points per second

Chart Speed . . . . . . . . . . . . . 1 mm/hr to 500 mm/sec

Bandwidth . . . . . . . . . . . . . . At least 4 MHz system throughput

Data Capture Buffer . . . . . . . Up to 4 Megasamples internal with optional
streaming to hard disk

Display . . . . . . . . . . . . . . . . At least 80 character alphanumeric for basic
operation with LED array activity monitor

Optional graphics display for real time or
captured waveforms

Optional “overlay” display for identifying
waveforms on chart

Host Control . . . . . . . . . . . . . GPIB or Serial interface to control all
recorder functions including analog levels
and automatic calibration.

Copyright 1990 Astro-Med Inc.



A SMALL FORMAT ANALOG
RECORDING SYSTEM
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ABSTRACT

This paper describes the design and implementation of a low cost, analog, DC to 6 MHz
bandwidth instrumentation recorder based on an industrial grade SVHS transport
mechanism. The system is designed to meet all of it’s specifications utilizing standard off-
the-shelf SVHS media. Novel digital processing is described allowing a fully timebase
corrected recorder/reproducer to be housed in a one-half rack enclosure measuring
7"H x 8.5"W x 18"D and weighing less than 25 pounds.

INTRODUCTION

The DTR-6 is a wideband analog instrumentation recorder with a bandwidth of
DC-6MHz. The system combines state-of-the-art instrumentation electronics with an
industrial grade SVHS tape transport to provide high performance and reliability at a low
cost. The ability to use out-of-box SVHS cassettes provides an inexpensive source of
media the world over. The tape transport, being a mass produced industrial grade
product, is an inexpensive Line Replaceable Module that is replaced rather than repaired.

Only the transport mechanism is used with almost no modification while all the packaging
and electronics have been designed from “scratch” in order to optimize the recorder and
package for it’s intented market.



INITIAL DESIGN CRITERIA

I Use available SVHS transport

II Industrial Portable Chosen

1) Designed for ENG applications

2) Die cast transport

3) Separate motors

a) Capstan

b) Scanner

c) Reels

d) Threading

FINAL TRANSPORT MODIFICATIONS

I Physical changes

1) Rewire rotary transformer PCB to reduce crosstalk

2) Change capacitor on full width erase head

II Electrical changes

1) Increase scanner speed from 30 RPS to 68 RPS

2) Increase capstan speed from 1-5/16 to 3-15/16 IPS

RECORDER SPECIFICATIONS

The recorder has the following specifications:

o Format 1/2" SUPER VHS Cassette

o Track pitch 3 mils +/- 6E azimuth



o Bandwidth DC - 6 MHz

o SNR 38 dB pps/rmsn (interchange)

o Record Time 40 minutes

o Media ST-120 SVHS Cassette

o Aux Channels 2 ea Longitudinal 100Hz - 20 kHz
Response
45 dB S/N below 3% distortion

o NPR 18 dB minimum

o Timebase Error +/- 10 nanoseconds

o Size 7"H x 8.5"W x 18"D

o Weight 20 lbs

SIGNAL SYSTEM DESCRIPTION

Figure 1 is a simplified block diagram of the signal system. In broad terms the wide band
signal is first applied to an 8 bit A/D operating at 18 MHz and subsequently clocked into a
FIFO at this same rate. The system timing block generates an additional clock,
approximately 2.5% higher, which is used to clock the digitized signal out of the FIFO
into a D/A converter. This action has the effect of compressing the analog signal and
produces periodic “holes” or “dead zones” in the signal. Not coincidently, these “dead
zones” are aligned with the head switch intervals present in two headed VCRS.

The compressed, analog, signal is then applied to a conventional FM modulator with a
center frequency of 13 MHz. After the modulator, but prior to the record amplifiers, a low
level 2 MHz pilot is added to the FM signal to provide a timebase correction reference in
playback. This composite signal is then recorded on tape. In reproduce, the process in
essentially reversed. After preamplification and equalization, the pilot signal is extracted
and used to lock a VCO at the higher of the two clock frequencies. In parallel, the FM
signal is demodulated and applied to an A/D which is clocked by this higher frequency.

Since the VCO is following the recorder time base error, the A/D sampling of the
reproduce signal and subsequent clocking of the A/D output into the FIFO is also
following these errors. The FIFO output is then clocked by the same 18 MHz crystal



oscillator used in the record process which precisely removes the “dead zones” and after
reconstruction by the D/A provides a fully timebase corrected output signal.

Figure 2 depicts a more detailed block diagram of the input signal processing. The input
signal is applied to the A/D converter after passing through a 6.4 MHz anti-aliasing filter.
The A/D samples at 18 MHz and is clocked into the FIFO at the same rate. Data is
clocked out of the FIFO and into the D/A at 18.51 MHz. The 18.51 MHz clock is
precisely 36/35 times the 18 MHz crystal and is generated by the VCO loop. During the
“dead zone” information from the sync prom is transfered to the D/A to create the sync
interval. This sync signal will be used in playback to determine when sampling should
begin. After the D/A, the signal is filtered, buffered and sent on to the modulator.

As shown in Figure 3, the input signal is digitized, compressed, sync added and then
reconverted to analog. The sync signal provides an area for head switching to occur
without the typical transient contamination of data. It also provides the coarse timing
reference for start of sampling in reproduce as well as a “back porch” reference for DC
restoration.

Figure 4 is a block diagram of the FM/Pilot Record section. The preprocessed input is
applied through a buffer amplifier and preemphasis network to a conventional FM
modulator operating at 13 MHz. The 13 MHz carrier was chosen such that third order
folded sidebands will not demodulate as spurious signals in the final output of the
recorder. That is, these spurious signals will be beyond the output low pass filter cutoff.
An added benefit of the “dead zone” provides for the ability to utilize an AFC system on
the modulator center frequency. During the “back porch” of the “dead zone” the
modulator frequency is compared to a 13 MHz crystal oscillator and adjusted via a
feedback loop to equal the crystal frequency. This keeps all the FM side bands at their
design positions by preventing modulator drift. After the modulator, the FM signal is
band-stop-filter around 2 MHz to provide a clean space to insert the pilot. The pilot is
similarly low-pass-filtered to remove any components that may interfere with the FM
carrier and it’s sidebands. These two signals are then added together in a ratio of 20 to 1
and passed through a record current select circuit to the record amplifiers. The record
current required is a function of whether SVHS or VHS tape is used and is sensed by the
machine via a hole in the appropriate cassette.

Refering to Figure 5. In reproduce, the two head signals A & B are amplified in their
respective current mode preamps and switched together into a single channel during the
“dead zone”. At this point the signal splits into two paths.

In the upper path, the signal is band stop filtered to remove the pilot signal and then
amplitude equalized via a conventional cosine equalizer. After amplitude equalization, the



signal is passed through a straight line network which zeros at 20 MHz. 20 Mhz being the
highest upper sideband frequency of interest. Straight line filtering enchances the S/N by
removing noise components outside the channel design bandwidth. The equalized and
filtered FM signal is then limited, demodulated deemphasisized and filtered to produce a
compressed analog baseband signal. This signal, of course, contains the analog version of
the “dead zone” with its timing reference and “back porch” DC restoration area.

The timing reference is separated from the signal and fed off to the post processor as well
as being used to generate the DC restoration pulse which is used to establish the “back
porch” at zero volts. In the lower path, the RF signal is band pass filtered around 2.057
MHz and the resultant pilot tone divided by 4 and fed to one input of the VCO phase
comparator. The other phase comparator input is derived from the 18.51 MHz VCO
divided by 36. This 18.51 MHz VCO output is the write, or sample, clock which will be
used by the A/D and FIFO input of the post processor.

Because pilot and FM signal were frequency multiplexed onto the same channel, timing
errors in the analog data will be followed by the VCO and provide accurate sampling and
clocking into the FIFO.

In the Post Processor, Figure 6, The demodulated and DC restored data is further filtered
by the same 6.4 MHz anti-aliasing filter previously used by the preprocessor. The filter
output is then sampled by the A/D at the VCO’s 18.51 MHz rate and clocked into the
FIFO. The signal is clocked out of the FIFO by the 18 MHz crystal clock, D/A’ed,
filtered and buffered to the recorder output. This completes the wideband signal
processing.

Figure 7 shows scope photographs of the sweep and square wave response of the
wideband channel. The sweep is approximately 2 dB down @ 6.0 MHz. Notice the
symmetrical “ears” on the 100 kHz square wave indicative of the linear phase response of
the channel.

Figure 8 is a graph of the measured NPR performance as a function of frequency and also
relative to noise band limit filters of 5884 kHz and 2600 kHz.

This graph shows that the user can realize some improvement, in NPR, by switching to a
lower cutoff input filter if the applications particular frequencies of interest are significantly
less than the 6 MHz bandwidth capability of the machine. In other words, the user
basically has the ability to trade SNR for bandwidth by substituting optional input/output
filters.



AUXILIARY CHANNELS DESIGN GOALS

o Suitable for voice or bi-phase encoded data.

o Widest practical bandwidth.

o >45 dB signal-to-noise ratio.

o Linear phase response.

o Data reproduction at shuttle speeds.

o Use the existing SVHS longitudinal heads.

AUXILIARY CHANNELS DESIGN APPROACH

The basic design approach was to:

o Record constant current. No pre-emphasis.

o Utilize current mode preamps.

o Amplitude equalize with cosine equalizers.

o Roll-off HF noise with a linear phase low pass filter

The record amplifier, Figure 9, was designed to deliver constant current to the head with
100 kHz bias added resistively. Extremely simple.

Figure 10 is a block diagram of the auxiliary channel reproduce. In reproduce, the head is
fed into a current mode, or low input impedance, preamp which effectively “swamps out”
any head resonance and makes the preamplifier output level independent of head/tape
speed. Following the preamp, the head is compensated, at the low frequency end, for the
resistive component of the head winding. Then, using cosine equalizer techniques, the
head is compensated for the high frequency roll off typical of any recording channel. This
is all followed by a linear phase low pass filter with a cutoff around 50 kHz to remove
unwanted high frequency noise. Since the recorder search mode is a fixed 3X play speed,
the cosine equalizer boost is appropriately reduced in this mode.

Figure 11 shows the auxiliary channel performance. At the top is the unequalized auxiliary
channel response. The region below 1 kHz is rolled off due to the R/L component of the



head and the region above 1 kHz the typical high frequency roll off due to thickness loss,
gap length and separation losses. In the middle is the channels response after equalization
and the 2 kHz square wave shows the linear phase characteristics.

SERVO SYSTEM DESCRIPTION

The drum servo loop, Figure 12, is quite conventional with the 68.03 Hz drum reference,
derived from 18 MHz crystal, used to reset a ramp generator. The ramp, in turn, is
sampled by the drum once around tachometer thus phase locking the drum to reference
clock. To insure proper head position, relative to reference, an additional 40 dB of DC
gain is switched into the loop after lock is detected.

This insures that the head switch points do not drift outside the “dead zone” window. At
the same time, in record, the drum reference is recorded on the control track for later use
by the capstan servo during playback.

The capstan servo, Figure 13, in record, utilizes a VCO as a reference which when
divided by 48 is phase compared and locked to the drum reference by virtue of sampling
the drum rate ramp. This provides a constant tape speed in record. In playback the drum
rate ramp is sampled by control track pulses and the resultant error voltage slews the
VCO until the written tracks on the tape are in the precise same aligment with the drum as
they were in record. Small interchange differences are compensated by the tracking
control which introduces a DC offset into the loop resulting in a phase shift between
capstan and drum.

Although not shown in this diagram, in shuttle mode, the capstan error voltage is switched
to full high resulting in a tape speed about 3X play.

DTR-6 FEATURES

The DTR-6 incorporates the following features:

o Full record/ reproduce, including TBC,
in a 8.5" W x 7.0"H x 18.0"D package.

o Remote Control

o Parallel - HC-LOGIC or switch closure remote with tally.

o RS422



o IEEE-488

o Status for EOT “End-of-Tape”, BOT “Beginning-of-Tape” and NEOT “Near End-
of-Tape”.

o Auto rewind @ EOT

o Aux 2 Dub - Mic or line

o Search @ 3X Play

o Auto Stop @ counter zero

o Use of VHS Tape with only 2 dB SIN loss

o Highly Serviceable Packaging

Hopefully the DATATAPE DTR-6 can provide the instrumentation community a small,
high performance, low operating cost recorder suitable for their general analog recording
requirements.
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Figure 1 - Signal System Block Diagram



Figure 3 - Time Compression and Sync Insertion

Figure 4 - FM/Pilot record Block Diagram



Figure 5 - FM/Pilot Reproduce

Figure 6 - Post Processor Block Diagram



Figure 7 - Sweep & Square Wave Response



Figure 9 - Auxiliary Record Block Diagram

Figure 10 - Auxiliary Reproduce Block Diagram



Figure 11 - Auxiliary Channel Sweep & Square Wave Response

Figure 12 - Drum Servo Block Diagram
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Abstract

Interleaving is a simple and effective way to improve the performance of an error
correction scheme on a bursty channel. The interleaving of codewords will spread the
effects of a long burst error into short bursts over several encoded sequences instead of a
single codeword, and thus the chosen error correction scheme can correct them. This
paper addresses a recently developed method, called helical interleaving ([1]) and presents
some of its applications. The advantages of helical interleavers as compared with
traditional interleavers are discussed. A relationship between helical interleavers and
convolutional interleavers is also presented.

Introduction

A practical technique to cope with burst errors is that of using random-error-correcting
codes in connection with a suitable interleaver/deinterleaver pair. An interleaver is a device
that rearranges the ordering of a sequence of symbols in a deterministic manner. The
deinterleaver applies the inverse operation to restore the sequence to its original ordering.

Two types of interleavers ([2]) are commonly used. Block interleavers accept symbols in
blocks and perform identical permutations over each block of symbols. Convolutional
interleavers have no fixed block structure, but they perform a periodic permutation over a
sequence of coded symbols. More recently, Berlekamp and Tong developed a new class
of interleavers, the helical interleavers which have certain advantages over block
interleavers. We will briefly describe block interleavers and convolutional interleavers and
then concentrate on helical interleavers and burst-forecasting strategies. Finally, we will
present a relationship between the helical interleavers and the convolutional interleavers as
the main result of this paper.

1. Block Interleavers.

The typical case of an (N,I) block interleaver involves taking the coded symbols and
writing them by columns into a matrix with N rows and I columns. Their permutation



consists of reading these symbols out of the matrix by rows prior to transmission. The
deinterleaver simply performs the inverse operation. Symbols are written into the
deinterleaver by rows and read out by columns. Block interleavers are best suited for
block codes (especially for Reed-Solomon codes, see [3].). For example, a (n, k) cyclic
code, interleaved to depth I, can be obtained by arranging I code words of the original
code into I rows of a rectangular array that will be transmitted by columns. The parameter
I is called the interleaving depth of the code. If the original code corrects up to t random
errors, the interleaved code will have the same random-error-correction capability, but in
addition it will be able to correct all bursts of length about I x t.

In general, the depth of an interleaver is defined as one less than the shortest burst length
which can hit any codeword twice. The total interleaving delay, including transmitter’s
interleaver delay and receiver’s interleaving delay, is 2(N-1)(I-1) . 2NI and the memory
requirement is NI.

The use of a block interleaver introduces essentially the same synchronization problem
that the use of a block code presents. Synchronization of the interleaver/deinterleaver can
be accomplished by using standard frame synchronization techniques. In this case, a sync
word (or more than one) with good correlation properties is inserted periodically at the
interleaver. These sync words could be either outside the codeword or inside the
codeword. An alternate approach (which requires no additional overhead symbols) is to
watch the performance of the decoder. For block codes, consecutive cases of
undecodable codeblocks could be a good reason to start a synchronization search
process. The synchronization ambiguity of block interleavers is of degree NI.

2. Convolutional Interleavers.

Figure 1 depicts an example of a (M , MJ) convolutional interleaver with M=4 and J=l,
proposed by Ramsey ([4]) and Forney ([5]). The code symbols are shifted sequentially
into a bank of M-1 delay lines where the i-th delay line delays the input symbol i x J time
units (Figure 1). With each new code symbol coming, the wiper switches to the next delay
line. The input and output wipers should operate synchronously. The deinterleaver
performs the inverse operation.

M is chosen to be larger than the length of the burst errors. The total interleaving delay is
M(M-1)J and the memory required is M(M-1)J/2. The delay and memory requirement are
only half of that of a (M , MJ) block interleaver which can correct bursty errors of the
same length.

Another advantage of convolutional interleavers over block interleavers is the
deinterleaving synchronization ambiguity. The synchronization ambiguity for convolutional



interleavers is only of degree M while it is of degree M(M-1)J for the corresponding block
interleavers. Convolutional interleavers are best suited for convolutional codes. A (30,120)
convolutional interleaver is used by the Tracking and Data Relay satellite system (TDRSS)
which uses the followed Viterbi decoder to achieve deinterleaving synchronization. The
basic idea is that if the deinterleaver is out of sync, then all path metrics generated by the
Viterbi decoder will tend to remain relatively close together and this condition could easily
be detected([6]).

3. Helical Interleaving

We explain helical interleavers through the following example of interleaving a code with a
block length of four symbols. The numbering reflects the time ordering of the symbols at
the interleaver. The codewords are written down the columns of a helical array as shown
in Figure 2. When complete, the rows of the array are read out and transmitted. This is an
example of a code of length 4 with helical interleaving of depth 3. The interleaving depth 3
means that a burst must have length at least 4 in order to strike any code block more than
once. Note that consecutive symbols of a codeword are separated by precisely four
symbols. Thus the receiver only has to know synchronization modulo 4. The
deinterleaving process is the inverse operation of the interleaving process. In fact, the
entire interleaver and deinterleaver process is symmetric. The above helical interleaver
construction method can be generalized to any block length n with interleaving depth n-1.

The total interleaving delay is (N-2)(N-1)+2 . (N-2)(N-1) and the memory requirement is
N(N-1)/2; both are only about one half of the corresponding parameters for a block
interleaver of equal depth.

The conventional depth (n-1) block interleaver for a code with length n requires the
receiver to know the synchronization modulo n(n-1). One major advantage of the helical
interleaver is that, due to helical symmetry, it requires the receiver only to know
synchronization modulo n. Also, the helical interleaver has RAM size (n*(n-l)/2) which is
only about half the size (n*(n- 1)) of the corresponding block interleaver of the same
depth ([7]). We will refer to the above interleaving strategy as the N-order helical
interleaving of the first type.

3.1 Variable-depth Helical Interleaving

We start by giving a simple example ([8]). Figure 3 depicts the interleaver timing for a
code of length 8 helically interleaved to depth 5. (5 is not a devisor of 8 - 1 = 7.) Each of
the 8 x 5 = 40 squares in Figure 4 represents a location in the interleaver’s memory. The
lower number inside a square specifies the time during which data is read from the
location. Note that the upper numbers are just sequential across the rows. This means that



data is read from the memory row by row. The ordering of the lower set of numbers is
more involved. From time 0 to time 7, the first codeword is written into the 8 locations
specified by the numbers in column 0, starting at row 0. From time 8 to time 15, the
second codeword is written into the 8 locations specified in column 3, starting at row 1.
From time 15 to time 23, the third codeword is written into the 8 locations specified in
column 1, starting at row 3, and so on. The general rule is that the first character of a
codeword should be written in and read from the same location at the same time, thus
experiencing essentially zero delay. The second character of a codeword is delayed by 4
time units, the third one is delayed by 8 time units and so on. Note that any one of the 5
codewords in the 5 columns in Figure 3 has the same sequence of delay values, namely
0,4,8,...,24,28. This means that as far as the deinterleaver is concerned, all codewords are
symmetric. This in turn implies that it is only necessary to acquire synchronization
modulo 8 (the length of the code). This property is extremely useful for deinterleaving
synchronization if we replace, for example, the last symbol in every code by a fixed
synchronization symbol ([9]).

3.2 Restriction on Depth of Interleaving

In the above example, the first codeword is written in column 0, the second one in
column 8 modulo 5 = 3, the third in column 2 x 8 (modulo 5) = 1, and so on. In general,
for a codeword of length n helically interleaved to depth d, the k-th codeword is written in
column (k-1)n modulo d. In order to go through all the columns in the memory before
repetitions occur, d has to be relatively prime to n. This is the only restriction on the depth
of helical interleaving. We also note that the helical structure is no longer preserved under
this method. We will refer to this interleaving strategy as the helical interleaving of the
second type.

4. Burst forecasting:

Burst forecasting ([1],[7])becomes easy if we restrict the forecasting to the rather near
future and maintain a good record of recent past and the present. For example, predicting
the weather with rather high accuracy is not difficult if we only attempt to predict the
weather ten minutes from now. One simple prediction algorithm is to predict that it will be
equal to the current weather. Similarly, one burst forecasting algorithm would only predict
the channel behavior one symbol into the future.

We now describe a sophisticated helical interleaving-forecasting scheme for Reed-
solomon codes. The decoding scheme is recursive. Assuming all words to the i-th word
C  have been processed, the decoder first attempts to decode C  without reference to thei          i

previously decoded codewords. If the decoder succeeds in this “first pass,” it declares Ci

to be successfully decoded, and goes on to C . Otherwise, it goes back to C . If Ci+1       i-1   i-1



was not decoded successfully, the decoder gives up, declares C  to have beeni

unsuccessfully decoded, and goes on to C . However, if C  was decoded successfully,i+1    i-1

it tries again to decode C , as follows. For each symbol error corrected in C , thei          i-1

decoder assigns a numerical “reliability” to the corresponding symbol, i.e., the symbol
next transmitted over the channel, in C . The decoder makes several more attempts toi

decode C , by erasing various subsets of the potential erasure set[10]. If any one of thesei

attempts succeeds, the decoder accepts it, and declares C  to have been successfullyi

decoded. Otherwise, it declares C  to have been unsuccessfully decoded.i

Kodak’s model 888 decoder implements an 8-error correcting Reed-Solomon code
RS(254,238) over 8-bit symbols, helically interleaved to depth 8 and with or without
burst-forecasting strategies. When the bursts are relatively long (length=8), it shows that
the performance improves by a factor nearly 18,000 if the burst-forecasting strategies are
used.

Burst-forecasting algorithm can also be applied to block codes. Analysis results for the
above burst-forecasting strategies show that helical interleaving does not enjoy a
significant coding gain over block interleaving ([11]). Therefore, synchronization and
memory advantages seem to be the two areas for which the helical interleaved clearly
outperforms block interleavers.

5. A relationship between helical interleavers and convolutional interleavers.

We first present an input-output function for helical interleavers. Suppose the helical
interleaver works on N-bit and the k-th output of the helical interleaver is expressed as
H(k). The H(k) can be calculated as follows (see Figure 2):

step 1. We first count the index k as multiples of N(N-1):

Let K = qN(N-1) + m, where 0 < m # N(N+1).

step 2. We next count the index m as multiples of N-1:
Let m = r(N-1) + s, where 0 < s # N-1.

Then

if 0 < s < r+2,
H(k) = k+(s-1)N+r-m-s+2.

else,
H(k) = (q-1)N+(1+s-q)N-s+r+2.



For example let’s compute H(7) for the last example:

7 = 0 x 12+7, thus q=0 and m=7. Next, the index m, as found in step 1, can be expressed
as 7 = 2 x 3+1, thus r=2 and s=1. Now, s is less than r+2 and therefore, H(7) =
7+(1-1)*4+2-7-1+2 = 3.

We next present an input-output function for a M,MJ convolutional interleavers.The k-th
output C(k) can be calculated as follows:

step 1. Divide k by J:

Let k = qJ+m, where 0 < rn # J.

Then C(k) = k-(m-1)MJ.

If M=N-1 and J=1, then C(k) = k - (m-1)(N-1). (2)

With some algebraic manipulation, we can show that (1) can be simplified to

H(k) = k+N-m - (N-m)(N-1). (3)

Compare (3) with (2), if we replace k with k+N-1 in equation (3) and replace m with 
N-m+1 in (4); then H(k)=C(k) for all k. The replacement of k by k+N-1 means a simple
delay and the replacement of k by k+N-1 could be realized by a so-called periodic reverse
permutation circuit. For example, a periodic reverse permutation of order 4 will reverse
the ordering of a data stream in groups of 4 elements as follows:

. . ., a,b,c,d, e,f,g,h, . . .  ------------> . . . ,d,c,b,a, h,g,f,e . . .



Therefore, The helical interleaver can be implemented by convolutional interleaver and a
periodic reverse permutation. We summarize this relationship as follows:.

As an example, the sequence coming out of the convolutional interleaver in Figure 2 is

1 * * * 5 2 * * 9 6 3 * 13 10 7 4  ...

If we apply the periodic reverse permutation of order 4 to the above sequence starting
from the beginning, we would have:

* * * 1 * * 2 5 * 3 6 9 4 7 10 13 ...

which is exactly the same sequence as the output from the helical interleaver (of the first
type) in Figure 2 delayed by 3 symbols.

6. Conclusion

We have discussed two different types of helical interleavers and their advantages over
traditional block interleavers. We have also shown that the first one of the two types of
helical interleavers is equivalent to a convolutional interleaver followed by a periodic
reverse permutation circuit. Unfortunately, this relationship does not exist for helical
interleaving of the second type. Although helical interleaving of the second type aud
convolutional interleaving have about the same interleaving delay and memory



requirement, the helical interleaving of the second type has better synchronization
structure than that of the convolutional interleavers.
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input sequence : 1 2 3 4 5 6 7 8 9 10 11 12 13...
output sequence : 1 * * 2 5 * 3 6 9 4 7 10 13...

FIGURE 1. COVOLUTIONAL INTERLEAVER WITH M=4, J=1.

1   *    *
2   5    *
3   6    9
4   7   10

13   8   11
14  17   12
15  18   21
16  19   22
25  20   23
26  29   24
27  30   33
28  31   34
      32   35
             36

into helical interleaver 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 ....
interleaved data          1 * * 2 5 * 3 6 9 4 7 10 13 8 11 14 17 12 15 18 21 ...

FIGURE 2. HELICAL INTERLEAVER OF DEPTH 3.

 



FIGURE 3. HELICAL INTERLEAVING OF CODE LENGTH 8
WITH DEPTH 5.
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ABSTRACT

The goal of Word Selector hardware design is to place the selection and scaling of
displayed data parameters under the control of destination observers. An initial design,
discussed at the 1984 ITC, received its input telemetry data from a Compressor with
modest throughput. The proliferation of nontraditional formats has forced the adoption of
telemetry data preprocessors in place of simple Compressors. A new generation of Word
Selectors is being developed with greater speed (1 million parameters/second), a serial
data interface, and the equivalent scaling capability of traditional patch panel
demultiplexers. The number of nonvolatile local setup files has been increased by 40%.

INTRODUCTION

Digital data buses and Word Selectors have been added to the Naval Weapons Center
(NWC) Telemetry Ground Station to supplement an existing analog data distribution
system. The display of digital format data is an outgrowth of a requirement to supply
NWC’s Range Control Center with real-time data and appended identification tags. The
Word Selector effort has overcome the inherent growth limitations of analog patch panels
and made use of existing computer and compressor equipment,

Figure 1 is a ground station digital data flow diagram showing 34 existing Word Selectors
and two newly acquired EMR 8715 Preprocessors. The 8715s replaced EMR 714
Compressors which had no data processing ability other than tagging and pass/fail. While
it is acknowledged that these preprocessors do have the ability to manipulate data and
assign it to destinations, the intention is to operate with generalized setup files and
throughput all data of potential interest. Selection and scaling of specific parameters can
be accomplished in simple Word Selectors that individually are responsible for a small
fraction of data traffic. The Word Selector concept has grown from a way to realize
digital data distribution to a way to complement powerful preprocessors with hardware
that is easy to set up and modify.



MOTIVATIONS FOR REDESIGN

The initial Word Selector, introduced in 1984, has been refined to the extent of its
flexibility. Binary, offset binary, and 2’s complement formats can all be scaled by bit
deletion. Internal realization of most significant bit (MSB) alignment (variable word length
capability) has always been part of the design. Recently, a useful step in operability was
made by embedding three-step calibration data into live telemetry. This latest refinement
was in support of multiple simultaneous telemetry exercises. In general, the circuit design
was felt to be adequate for production and 40 units have been built.

Adoption of 8715 preprocessors has made it advisable to review the Word Selector
design for potential upgrades. Foremost, the preprocessors have a throughput capacity of
600K words/second with expansion capability. The design goal is to improve maximum
Word Selector throughput from 400K words/second to 1 million words/second.

Experience with using the existing Word Selector has shown that its inability to create
multiple displays from the same tag is a serious limitation. Similarly, the proliferation of
binary discrete data has shown arbitrary bit selection in the fashion of patch panel
demultiplexers to be a desirable feature. The combination of these two features—multiple
displays from same tag plus arbitrary bit manipulation—creates the ability to “unpack”
data in unlimited ways. The present ability to scale binary, offset binary, and 2’s
complement data is not sacrificed.

ADDITIONAL DESIGN GOALS

Serial Data Interface

The transparent asynchronous transceiver interface (TAXI) is available from Advanced
Micro Devices, Inc. for transmission and recovery of parallel data over a serial link. The
versatile chip set can operate in cascade mode for transmission of 32-bit words. The
synchronization overhead associated with TAXI makes serial data rate 50 Mb/s for a
parallel rate of 1 million 32-bit words/second. The serial data is emitter-coupled logic
(ECL) and can be transmitted over a pair of RG-58 cables. It will be necessary to
construct a tree of ECL buffers to ensure proper termination of the highly fanned-out
system.

RS-232 Remote Setup

The strictly manual setup control of the first Word Selector has proven somewhat
awkward when reconfiguring from one predefined format to another. Although only four
keystrokes art required to reconfigure each box, a bank of 20 Word Selectors can be a



burden on a busy schedule. A 9600-baud RS-232 interface is being prepared to make a
host computer setup possible,

PROCESSOR ORGANIZATION

A flow diagram of the new design (Figure 2) demonstrates its essential simplicity. As
soon as a 32-bit word is received, the tag value is used as an address to 32K-byte RAM.
The output byte assigns any combination of eight digital-to-analog converters (DACs) to
the corresponding data field. Only 15 out of 16 tag bits are used since the most significant
tag bit has been mandated to be logical “one.”

Simultaneously, the 16-bit data field is mapped into 9-bit DAC inputs. The bit mapping is
accomplished by an army of nine 16-input multiplexer (MUX) chips. Each MUX selects a
single DAC input bit. Associated with each MUX block is a gate that can invert the bit
(MSB only) or replace it with logical “zero.”

Each incoming data field is bit-mapped eight times for the eight DACs, regardless of how
many DACs have actually been assigned. In the majority of cases, the number of assigned
DACs will be zero or one. Figure 3 illustrates the timing sequence for each input
parameter. Bit mappings are executed at a 10-MHz rate. The Word Selector is ready to
accept a new input 0.9 microsecond after latching the last input.

MICROCOMPUTER CONTROLLER

Sixty-nine byres of information are required for a Word Selector setup—24 bytes are
used for TAG RAM and 45 bytes for multiplexer control. EEPROM memory with a
capacity of 8K bytes can store 118 setups. Creation, storage, and retrieval of this
information is performed manually with a keypad and 80-character IEE display (Figure 4).
The microcomputer controller is based on an MC 6809 microprocessor. TAG RAM
(32K x 8) and Bipolar RAM (8 x 45) are placed on the microprocessor bus by three-state
transceivers for setup.
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1.0  INTRODUCTION

Sensor slaying consists of pointing a secondary (slave) sensor to a target vehicle,
coordinates of which are defined by measurements from a primary (master) sensor or set
of master sensors. For typical range applications, the secondary sensor does not possess
an autonomous tracking capability; thus, pointing commands for the secondary sensors
must be derived from an external source, i.e., the primary sensor or system. A common
example of a range slaving system consists of an optical sensor (e.g., a cine- of video
theodolite) slaved to a tracking radar. In this instance, radar measurements (range,
azimuth, elevation) are typically converted into a cartesian set (x, y, z), followed by the
computation of the azimuth and elevation angles from the theodolite site to the designated
point. These angles define commands for theodolite pointing. Additional examples include
the following:

! pointing of an RF emitter (possessing no autonomous tracking capability),

! pointing an optical instrument in conditions where visual target acquisition is
extremely difficult due to small target size or distance,

! secondary sensor located within a range hazard area which cannot be occupied by
human operators.

Potential enhancements to this process include filtering of primary sensor data,
compensation for time delays in processing and data transmission, and the use of multiple
primary sensors (e.g., multiple radars) to point one or more secondary sensors.

Problem areas associated with sensor slaving are frequently encountered. One such
problem is pointing accuracy. Many test missions require high-quality photo
documentation, which imposes narrow field-of-view, high magnification lenses, and



stringent pointing accuracy requirements. A similar problem is encountered when pointing
a narrow beam RF emitter. Accuracy problems are aggravated by target dynamics. A
slaving system which works properly for benign targets (e.g., a non-accelerating
low-speed aircraft) may fail for a highly accelerating target vehicle. An additional problem
arises for low-altitude targets when the primary sensor(s) is radar, as radar performance is
seriously degraded with elevation angles below 3 degrees due to the multipath
phenomenon.

This paper describes a sophisticated approach to sensor slaving which minimizes the
aforementioned problems. This technique, called “model-aided tracking”, embodies the
following concepts:

! use of a Kalman filter (or other optimal estimator) to process measurements from
single or multiple primary sensors,

! inclusion of a mathematical model of the tracked vehicle’s trajectory within the
optimal estimator,

! generation of a continuous estimate of target velocity within the Kalman filter, and use
of this velocity estimate to compensate for data transmission and computational
delays,

! provision for real-time manual corrections, where real-time imaging of the target is
available from the slave tracking mount.

This paper presents simulation results which demonstrate the performance of the model-
aided tracker for test missions which pose difficulty for conventional slaving systems due
to stringent accuracy requirements, target dynamics, target size, multipath, etc.

2.0  MODEL-AIDED TRACKER CONCEPT

The basic model-aided tracker is illustrated in Figure 1. The heart of the system is the
optimal filter processor, which processes primary sensor measurements, producing target
position and velocity estimates. These estimates are then transformed into pointing
commands for the slave mount. The primary measurements can come from a single
source, as indicated in Figure 1, or from any combination of TSPI sensors such as radar,
laser tracker, multilateration, or GPS. Embedded within the Kalman filter is a mathematical
model, or simulation, of the target’s trajectory. This model takes the form of differential
equations, included within the filter structure, or a pre-computed nominal trajectory. After
each measurement, the filter adjusts the model’s position and velocity based on the most
current measurement information. This permits the filter to effectively deal with any



mismatch between the predetermined mathematical model and the actual vehicle trajectory.
The interaction of the measurements and the model within the filter are illustrated in
Figure 2.

In order to establish synchronization between the filter model and the test vehicle
trajectory, a timing signal must be obtained from the test vehicle. In most cases, this signal
would be obtained from telemetry, sent from a weapon or a launch vehicle. The Signal
could also be obtained from a ground sensor and relayed via ground communications.

An important feature of the model-aided tracker is the compensation for timing delays in
the filter processor and data transmission systems. As the optimal filter will produce a
real-time velocity estimate, this velocity estimate, together with the known time delay, can
be used to compensate the vehicle position estimate for known time delays.

An optional feature for the model-aided tracker is a manual input. If the slave mount can
be equipped with a TV camera, then the video image can be displayed in real time. The
operator can detect the position of the target within the TV field-of-view, and send
adjustment commands to the processor, as indicated in Figure 1. The target centroid
generally drifts from the center of the field-of-view, due to biases in primary sensors or
errors in the target trajectory model.

Many test missions require deployment of the slave sensor on a ship or aircraft (e.g., tests
at very high altitude, or at sea locations). The model-aided tracker can be extended to
such missions, as illustrated in Figure 3. In this instance, the test item and the mobile
platform must both be tracked in order to generate pointing commands for the slave
sensor. In addition, the mobile platform must provide attitude information to the model-
aided tracker. For most applications, attitude data could be obtained from an inertial
navigation system.

3.0  PERFORMANCE OF MODEL-AIDED TRACKER

Ball Systems Engineering Division has performed simulations of model-aided tracking for
two test missions requiring high-quality photo documentation of the test vehicle.
Simulated primary sensor measurements were used, where realistic sensor errors were
included in the simulated measurements. Measurements were then processed with
prototype versions of the model-aided tracker which included six-degree-of-freedom
vehicle trajectory models. Simulation examples are given below.



3.1  Submunition Tracking

The purpose of this study was to establish the feasibility of the model-aided tracker for in
this test was to collect high-quality photo-imagery of the test vehicle, requiring a long
focal length, narrow field-of-view lens, and introducing a difficult pointing requirement for
the slaving system. Visual acquisition of the submunition target by the cinetheodolite
operator would be impossible, due to the small target size. The first case examined
illustrates the difficulties encountered when using any primary sensor data for slaving.
Figure 4 depicts the motion of the target centroid as viewed by the slave sensor, when
slaving information is based solely on outputs of the radar. The horizontal lines in Figure 4
define the azimuthal field-of-view of the cinetheodolite. Similar behavior was seen in the
elevation components. The worsening slaving performance with time is due to the
increasing range from the tracking radar to the target. For this scenario, radar-derived
slaving information is unsuitable.

Figure 5 illustrates slaving performance achievable utilizing only the simulation model of
the vehicle trajectory. Use of the simulation model eliminates the noisy characteristic
introduced by the radar. However, because the model is imperfect (for example, due to
imperfect aerodynamic parameters or atmospheric parameters) pointing based solely on
the math model is also unsatisfactory.

Figure 5 demonstrates the improvements achieved when the radar data and the model are
combined in an optimal estimator. The model served as a low-pass filter on the noisy
radar data, while the radar information reduced errors introduced by model inaccuracies.
However, the target center did not remain within the cinetheodolite field-of-view. The
desired result was obtained with manual intervention, illustrated in Figure 6. This result
utilized two discrete operator corrections, which could be implemented via a joystick or a
keyboard. This manual intervention would not require any significant degree of operator
training or skill, as the migration of the target position relative to the sensor boresight
occurs slowly. These examples confirm the difficulty of obtaining optical photo-
documentation with conventional slaving, and illustrate the technical solution to this
problem available with the model-aided tracker.

3.2  Ballistic Missile Trajectory

The test vehicle for this example is a ballistic munition in a near-vertical downward
trajectory, experiencing high acceleration due to the deployment of a parachute. This test,
like that of the previous example, required high-quality photo-documentation of the test
vehicle, undergoing severe accelerations. The test occurred over water, and the vehicle
was located only a few thousand feet above the surface during the parachute deployment
phase for which photo-documentation was desired. This posed an additional difficulty for



radar tracking, due to the radar multipath phenomenon present at low altitudes. Because
of the small size of the test vehicle, manual visual target acquisition was not possible.
Thus, radar aiding was required. Multiple sensors, all high-quality tracking radars, were
used as the primary data source for this example. The optical sensor was slaved to a
trajectory formed within the optimal estimator that utilizes simultaneous measurements
from the multiple tracking radars. A timing flag, to synchronize the trajectory model and
the actual vehicle trajectory, was available from a telemetry discrete.

Results of this example are similar to those shown in Section 3.1. Figure 7 illustrates
slaving performance based on primary sensor data inputs only, with no model aiding. The
radar solution was adequate in the early portion of the flight, before the onset of radar
multipath. At low elevations, the radar multipath introduced unacceptable performance
degradation. Figure 8 illustrates the performance of a model-aided tracker utilizing only the
trajectory model, i.e., no radar data. In this case, the model error consisted of an incorrect
vehicle drag coefficient. For purposes of illustration (Figure 8), perfect position
initialization of the model-aided tracker was assumed. (To accomplish this would actually
require radar or other initialization data). Figure 9 shows the improvement resulting from
combining radar and model information. Figure 10 presents the result of combining all
available information: radar data, model information, and operator updates.

The optimal filter produced a continuous estimate of vehicle velocity which was used in
this investigation to compensate for time delays in the slaving commands due to data
accuracy is degraded by processing and transmission delays, for the highly dynamic
vehicle of this example, is shown in Table I.

Table I. Slave Pointing Accuracy Degradation due to
Processing/Data Transmission Delay (with Compensation)

Delay Degradation
0.2 sac 10%
0.6 sac 30%
1.0 sac 50%

As with the previous example, the model-aided tracker provides a technical solution which
is otherwise unavailable with the given range resources.

4.0  SUMMARY AND CONCLUSIONS

This paper presents a technical concept called a model-aided tracker, which addresses the
difficult problem of pointing a non-tracking sensor at a dynamic test vehicle under difficult
test conditions such as high target dynamics, low altitude, and small target size. The



model-aided tracker was evaluated via simulation studies and compared to alternative
and/or conventional slaving methods. The model-aided tracker was shown to provide
satisfactory results in test scenarios for which alternative/conventional techniques failed.

ACKNOWLEDGEMENT

Several individuals at Ball Systems Engineering Division supported the work described in
this paper. Key contributors were Mr. Nicholas Albahri, Dr. Paul Kemp and Mr. Kirk
Rozelle. The author appreciates the efforts of these and other individuals involved in the
project.

Figure 1. Model-Aided Tracker Concept



Figure 2. Role of Vehicle Trajectory Model in Model-Aided Tracker

Figure 3. Airborne Slave Platform



Figure 4. Raw Radar Input to Model-Aided Tracker

Figure 5. Model-Only Input to Model-Aided Tracker



Figure 6. Full Implementation of Model-Aided Tracker
(Measurements, Model, Manual Inputs)

Figure 7. Single Radar, No Model



Figure 8. Model Only (No Radar) with 20% Drag Error
(Assumes Perfect Initialization)

Figure 9. Single Radar Plus Modal, 20% Modal Drag Error



Figure 10. Single Radar Plus Model (20% Drag Error),
Two Operator Updates
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ABSTRACT
Trellis Coded Modulation [5] combines the Viterbi Algorithm [4] with PSK or

QAM signalling to achieve a coding gain, using signal set expansion as an alternative to
bandwidth expansion. Optimum detection of TCM requires the calculation of Euclidean
distances in the signal set space. Circular Quantization of received signal vectors as an
alternative to Euclidean distance calculation has been shown to result in minimal loss of
performance when used with a 4-state trellis codes [1, 2, 3]. This paper investigates the
effect of circular quantization on 2 different 8-state trellis codes. The 8-state codes
showed a modest gain over the 4-state code, while the effect of circular quantization on
the 8-state codes paralleled the effect on the 4-state code.

INTRODUCTION
In the decade of the 90’s, there will be a need for high quality, high data rate,

spectrally efficient telemetering systems. This is especially true for systems requiring
video instrumentation. The potential use of error correcting codes to improve the
performance of satellite channels, which are power limited, was recognized in the early
70’s [11]. The rapid increase in demand for satellite communications has created a need
for systems which are bandwidth efficient as well as power efficient [8]. Trellis Coded
Modulation, pioneered by Ungerboeck [5, 10] is an answer to this need. TCM obtains the
redundancy necessary for forward error correction by expanding the signal set, rather
than by increasing the bandwidth. Additionally, TCM with PSK modulation may be used
in applications requiring constant envelope signalling. The effectiveness of TCM is due to
the fact that the performance of the error correcting code more than makes up for the
increased density of the signal set, resulting in a net reduction of bit error rate.

TCM schemes employ a convolutional code, a type of code in which the current
output of the encoder depends on previous inputs, as well as the current input. The
encoding is accomplished by means of a shift register encoder, as shown in figures 1 & 2.
The output codebits, C  and C  are modulo-2 sums of the tapped shift register cells. With1  0

these encoders, two codebits are generated per input data bit. To generate TCM, the



outputs of the convolutional encoder, and optionally, other data bits which bypass the
convolutional encoder, select a vector from a PSK or QAM signal set, as shown in
figure 3. Either the 8-state or the 4-state encoder may be used in this configuration. In this
example, the signal vector is selected from the constellation of figure 4. For best results,
the codebit mapping is assigned according to Ungerboeck’s set partitioning rules [5]. The
8-PSK encoder which generates this mapping is shown in Figure 5.

Decoding is accomplished using the Viterbi Algorithm [4]. In applying the Viterbi
Algorithm, the convolutional encoder is considered to be a finite state machine, where the
state is defined by the previous inputs retained in the shift register. The trellis diagrams of
figures 6 & 7 show all possible state transitions of the 4 and 8-state encoders,
respectively, with the 8-PSK symbols assigned to the transitions by the 8-PSK encoder.
Either of two symbols may be associated with any transition, the choice depending on x ,0

the data bit which bypasses the convolutional encoder in figure 3. The trellis diagram may
be extended horizontally to any number of stages to depict the operation of the encoder
during a given period of time. The Viterbi algorithm selects, on the basis of the received
sequence, the path which the encoder is most likely to have taken through the trellis in
generating the transmitted sequence. This is done by finding the distance (Hamming
distance in the case of binary encoding, Euclidean distance in the case of TCM) between
the received symbol and the symbol attached to each branch of the trellis in the
corresponding stage. The associated distances along the various paths are summed, and
the path of least total distance, or metric, is ultimately selected. Only the most likely path
leading to each node of the trellis is retained by the decoder, thus the number of paths
which must be retained in memory is equal to the number of states of the encoder used to
generate the sequence.

CIRCULAR QUANTIZATION
The purpose of the Viterbi Algorithm is to maximize the probability of selecting the

correct sequence when the encoded sequence is transmitted over an imperfect channel.
The appropriate metric to use depends on the characteristics of the channel. For a two
dimensional memoryless channel with additive white Gaussian noise, the optimal metric is
the Euclidean distance. Because the metrics must be calculated for each incoming signal,
the use of Euclidean distances could hinder the real time implementation of TCM.

Quantization, restricting the input vector to a finite number of points (placed
between, and coincident with the signal set vectors) would allow the required metrics to
be obtained from lookup tables rather than calculated in real time. Circular quantization,
appropriate for use with PSK, places the quantization points on the circle outlined by the
signal set vectors, as shown in figure 8. In this illustration, 24 quantization points are
shown with the 8-PSK constellation, but the technique generalizes to other levels of M-ary
PSK and different numbers of quantization points. Previous studies [1, 2, 4] have
evaluated the performance of 16, 24, 32, & 48 sector quantization and shown positive
potential for circular quantization using 24 or more points with 4-state codes.



DESIGN CONSIDERATIONS
The code of figure 6 is the optimal 4-state code found by Ungerboeck [11]. The

8-state codes of figures 7 & 9 were found using Ungerboeck’s set partitioning rules [5].
The codes of figures 6 & 7 are generated using the convolutional encoders and the 8-PSK
encoder shown in figures 1, 2, 3, & 5. The Code of figure 9 was generated using the
configuration of figure 13. The top level system diagrams of figures 10, 11, & 12 show
the essential functions used in TCM decoding, and illustrate the slightly different
requirements imposed by the three codes.

Implementation of the Viterbi Algorthm requires the calculation of some kind of
metric, in this case, the Euclidean distance. In the parallel branch codes of figures 6 & 7
there are two symbols associated with each state transition, so that the more distant of
each pair may be discarded, before any further decision making is performed. This is
referred to as the outboard decision. This leaves only the four nearest symbols for metric
calculation. With the other 8-state code, the four symbols allowed at any state are
associated with transitions to four distinct states, which makes it necessary to calculate
metrics for all eight symbols. This also increases the complexity of the path decision and
path memory functions, so it is interesting to note that the performance of the two 8-state
codes is essentially the same.

The path decision maker must select the minimum metric path leading into each
node. In this function, the incremental metric for each branch is added to the cumulative
metric at the preceding node. At each node, the converging branch with the least total
metric is selected. The metric of the seleccted paths becomes the cumulative metric at that
node, for the next stage of operation. When a code with parallel branches is used, the
choice to be made is between the two branches left by the outboard decision. When the
code without parallel branches is used, there is no outboard decision, and the choice is
between four branches.

The information to be relayed from the path decision maker to the path memory
consists of the selection made at each node, as well as the identification of the node which
has the least cumulative metric. The memory operates in the pipeline fashion, whereby
data flows from one end of the memory to the next. The oldest data in the path which
currently has the least cumulative metric is assumed to be correct. In the 8-state systems,
what flows out of the memory is the maximum likelihood sequence of 8-PSK symbols, so
extra logic is needed to recover the original data bits. This depends on several
consecutive symbols, not on the current symbol alone. In the 4-state system, a different
approach was used, so that the data bits were obtained directly from the decoder memory
and the outboard decision maker.

SIMULATION PROCEDURE
Block diagram models of Euclidean Distance Viterbi decoders were designed and

simulated using the Block Oriented Systems Simulator, a commercially available software
package. Separate systems were designed to implement the trellis codes of figures 6, 7, &



9. The performance of 16, 24, 32 and 48 sector 8-PSK was compared to that of
unquantized 8-PSK for each of the 8-state codes. The two eight state codes were
compared to each other and to the four state code using unquantized 8-PSK. A decoder
path memory length of 32 was used for all systems, and results were based on trials of
250,000 8-PSK symbols. Optimal quadrature detection from a 2-dimensional channel is
assumed. To simulate the effect of noise, a random Gaussian vector is added to each
signal vector prior to quantization and Viterbi decoding. The required variance of the
noise vector, found in Carlson [12] is F  = Ac  v/2E where Ac is the carrier amplitude, v2  2

is the one sided spectral noise density and E is the symbol energy.

Without loss of generality, Ac may be taken to be 1, so that

RESULTS

The plots of figures 14, 15, & 16 show the actual number of data bits missed, after
complete decoding. Figure 14 shows the comparison of the 4-state and 8-state codes.
Using a trial of 250,000 symbols, a statistically significant difference between the
performance of the two 8-state codes was not found. At a bit error rate of 10 , the 8-state-3

codes begin to show a gain over the 4-state code, about 0.1dB. For the 8-state code
without parallel branches (figure 16), the losses due to 48, 32, 24, and 16 sector
quantization were approximately 0.45, 0.5, 0.6, & 0.85 dB, respectively. For the 8-state
code with parallel branches, the losses were 0.25, 0.4, 0.55 and 0.85 respectively. This
shows the practicality of circularly quantized 8-PSK systems employing 24 or 32
quantization points.
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ABSTRACT

Instrumentation for taking dynamic in-bore measurements during high accelerations
typically has been limited to accelerations under 20,000 g’s. In munition development and
testing, there is a need for telemetry instrumentation that can relay dynamic performance
data at 100,000 g’s. This paper describes the development and testing of a stable,
regulated, telemetry transmitter that has been successfully tested to 67,400 g’s.

Key Words: High-g transmitter, monolithic telemetry transmitter, high-g electronics,
munitions instrumentation.

INTRODUCTION

There is a growing class of munitions whose operational attributes are based in part on
kinetic energy imparted by accelerations in the 100,000-g range. Munitions such as the
Armor Piercing Fin-Stabilized Discarding Sabot (APFSDS) tank round rely on very high
accelerations to achieve their final operational velocities. In addition, future munitions
based on electromagnetic railgun launchers are also expected to experience accelerations
in the 100,000-g range. The development of instrumentation for testing these kinetic
energy weapons has been impeded by several problems; these must be overcome
simultaneously so that a measurement capability can be successfully developed to operate
under such harsh conditions.

The obvious problem is to develop components that will not crack under the strain
imposed by the acceleration. (Solid-state microelectronics are well suited to such an
environment due to the nature of their fabrication.) Once developed, the microelectronics



and their supporting components, such as crystals for stable oscillators, must be
packaged. A less obvious requirement of packaging is that the instrumentation be very
small and low power. At present, battery construction is not sufficiently advanced to meet
acceleration requirements, which means that capacitors are used to power the
instrumentation.

Honeywell, in support of the Army Research Development Engineering Center (ARDEC),
has developed a telemetry transmitter prototype to test concepts in high-g telemetry
transmitters. Two prototype transmitters that were compatible with standard IRIG
telemetry receivers were developed.  They were designed to use monolithic components(1)

and operate for several milliseconds from a capacitor power source with sufficient energy
to transmit through the gases of a gun firing. Secondary issues involved the antenna,
power regulation, and transmitter stabilization.

RF DESIGN

The transmitter was fabricated using monolithic microwave integrated circuit (MMIC)
technology and consisted of an 1100-MHz SAW stabilized oscillator, an x2 multiplier,
and a high-efficiency Class F power amplifier.  The transmitter is diagramed in Figure 1.(2)

Power was provided to the regulated transmitter during acceleration by twelve 50-µF
capacitors. A 0.015-in., 50-ohm coaxial cable carried the transmitter signal to a
conventional microstrip patch antenna mounted on the face of the test projectile, as
shown in Figure 2. The monolithic components were potted with a low-dielectric-constant
material and the remainder of the transmitter was potted with a low-shrinkage, room
temperature gel. The transmitter power output was estimated at ±20 dBm at 2280 MHz.

A multiplier approach was chosen that used a SAW device for frequency stabilization.
Although crystal packaging for high-g use has made great strides in recent years, the
SAW approach was felt to carry lower risk. The SAW was used to stabilize a MMIC
MESFET common source oscillator. The oscillator output was buffered prior to driving
the x2 multiplier, which has a harmonic reactively matched FET design. The final power
amplifier was a Class F high-efficiency amplifier that has demonstrated power added
efficiencies of 70% in the 2200- to 2300-MHz IRIG band. An LM7805 power regulator
controlled the power source droop of 15V to 7V to a constant 5V. A g-switch was
provided by ARDEC to provide a timing synchronization pulse at launch.

POWER SUPPLY DESIGN

A small power supply development program was conducted in the early stages of the
high-g transmitter design. Mepco/Centralab Inc. provided samples of a wet-slug-type
capacitor and Kemet Electronics Inc. provided samples of a solid tantalum type. This



study was conducted in the soft recovery gun facilities located at ARDEC and at the
Arnold Engineering Development Center (AEDC).

The first phase of this study was performed at ARDEC in the 5-in. air gun facility at a
calculated acceleration level of 55,000 g’s. A capacitor bank of twelve 50-µF capacitors
was used for the test. The test items were powered during acceleration testing and their
ballistic performance was monitored. The capacitors were externally powered until the
projectile was fired, at which time the power leads were severed. The solid tantalum
technology demonstrated better performance and a second study was conducted in the
soft recovery 2-in. gun.

The second test was a passive test at accelerations of 74,000 g’s. The tantalum
capacitor’s electrical performance was compared before and after acceleration testing
with no degradation. The decision was then made to use the tantalum capacitors to power
the transmitter for in-bore data in the high-acceleration environment.

TESTING

The testing and evaluation of the S-band telemetry transmitter was conducted at ARDEC.
The ARDEC Telemetry Section was tasked by the ARDEC Tank Munitions Branch to
develop and conduct test procedures to evaluate the in-bore performance of the unit. The
test plan was divided into two major test efforts.

The first test effort was conducted to acquire a preliminary understanding of the carrier
deviation during acceleration and also to g-harden the transmitter components. The test
was conducted using a 155-mm air gun at a calculated acceleration of 17,700 g’s. The set
forward forces experienced by the transmitters during deceleration were 10% of the
setback forces. Both transmitters functioned perfectly and the instrumentation recorded
the transmission during the acceleration. The transmitters were fully soft recovered after
firings with no measured degradation. During the post firing bench tests, one of the
transmitters ceased to operate due to a short circuit in the regulator circuitry.

The second test effort was conducted to determine whether the transmitter would work
during accelerations greater than 60,000 g’s, to measure the carrier frequency shift during
such accelerations and to study the internal ballistic performance. The test was performed
using a 105-mm tank gun and the transmitter tested in this gun was not recoverable. Thus,
it was critical to prepare a test setup that provided redundancy in the received signal. To
this end, five antennas were placed at different locations, as illustrated in Figure 3. The
transmitter produced an unmodulated CW signal of 2278.93 MHz. The receivers were
tuned to the 2278.93-MHz CW signal in the VFO mode; the video output from the
receiver was 0V dc. As the transmitter frequency shifted, the video output voltage



deflected positively or negatively following the carrier frequency shift, The ground station
receiving equipment is illustrated in Figure 4.

The second test was performed at a calculated acceleration of 67,400 g’s. The transmitter
traversed the gun barrel in 6.5 ms. The calculated velocity was 5000 ft/sec and the
calculated acceleration forces were 67,400 g’s setback and 5000 g’s lateral. The signals
received at all antennas were excellent. Figures 5 and 6 summarize the resulting receiver
video output. Figure 5 shows the transmitter carrier deviation of 318 kHz during maximum
acceleration. The T0 marker clearly indicates that the video signals shown in Figures 5 and
6 represent data collected during the gun acceleration. After exiting the gun, the video
signal dc voltage level returned to approximately the same corresponding carrier
frequency as before the firing. Excellent telemetry data was obtained for a total time of
33 ms, indicating a perfectly functional transmitter well beyond the point of gun barrel
exit.

CONCLUSION

Excellent in-bore data was transmitted and received at 67,400 g’s. This study was
significant because this is the first dynamic measurement of a stabilized, regulated
telemetry transmitter during such high accelerations. These tests proved that the following
risk factors can be overcome:

C Survivability of the electronics.
C Transmissibility through ionized gases.
C Frequency stability of the transmitter.
C Operation of the regulated transmitter under the capacitive power supply.

These significant breakthroughs will lead the way to the development and testing of a
stable, regulated, telemetry transmitter that can relay dynamic performance data at
100,000 g’s.
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A Parallel Computer Approach for
Processing Space Station Telemetry Packets

John T. Polson
New Mexico State University

ABSTRACT

In the Space Station Era, the amount of required telemetry data will be
enormous. NASA has proposed a space based network that may ultimately
have peak data rates up to 1.2 billion bits per second. There are several levels
of processing for the data once it is on the ground. The level zero processing
involves reordering of packets, error correction, on line storage, and simple
conversion to engineering units. Once the level zero processing is complete the
data will be routed over conventional networks to the end users for further
processing. The level zero processing will be done by the Data Handling
Service, DHS, in real time.

This paper discusses a research effort at New Mexico State University to design
and simulate the DHS function using a Global Memory Message Passing,
GMMP, parallel computer architecture under development in the Electrical and
Computer Engineering Department. This GMMP computer is capable of moving
data into and out of main memory at the peak rate. The processing is partitioned
by virtual channel number. This proposed implementation does not add much
latency to the network. It appears that the entire GMMP computer can be built by
cleverly using existing technology.

INTRODUCTION

The Electrical and Computer Engineering Department at New Mexico State
University in Las Cruces, New Mexico has been studying advanced space data
systems for NASA under the Advanced Telemetry Processing Pilot Program
since October 1988. The ATP  research project is examining many different3

aspects of NASA’s space based network. Commercially available simulation
packages are being used to model telemetry processing, to model network
protocols, and to verify some previous contract studies done for NASA by other



organizations. In 1989, Computer Sciences Corporation (CSC) suggested a set
of functional requirements for the Data Handling Service (2,3). This paper
implements CSC’s requirements using a Virtual Port Memory machine, and
thus, shows a design for the Data Handling Service using a parallel computer.

THE DATA HANDLING SERVICE IN NASA’S SPACE BASED NETWORK

The Data Handing Service is a small piece of a much larger system. The DHS
must be reliable and flexible. The Data Interface Facility produces the data
which is passed to the DHS. The DHS processes this data and passes it along
to the end users. The Virtual Port Memory machine can satisfy the requirements
of the DHS suggested by Computer Sciences Corporation.

NASA’s Spaced Based Network Requirements

All space communications are routed through the TDRSS, Tracking Data Relay
Satellite System. There will be two TDRS in the east and two in the west. All four
of the 300 Mbps channels are directed to NASA’s ground terminal at the White
Sands Test Facility near Las Cruces, New Mexico. The ground terminal feeds a
facility called the Data Interface Facility, DIF. The processing done at the DIF
has not been finalized. However, the data rate into and out of the DIF is
physically limited 1200 Mbps as 4 independent, serial 300 Mbps channels. That
is 3.33 ns between bits on each of the four links.

The data produced by the DIF is sent to the Data Handling Service, DHS. Level
zero processing is done at the DHS before the data is finally relayed over land
based networks or domestic satellite networks to the owners of the data. Level
zero processing involves reordering of packets, conversion of some data from
encoded form to engineering units, reversing the order of priority playback data,
and archiving data for up to two years(1). Figure 1 shows how the space based
network components are connected.

The three major data components are video, audio, and experimental data. The
video data is high priority and high rate. Audio data is low rate and high priority.
These two data types can tolerate some errors. The final data type is
experiment data. This data can tolerate very few errors but does not have to get
to the user immediately only correctly. This errorless requirement may mean
longer download times. However, there will probably be great pains taken to
ensure the data’s integrity



Virtual Channel Access Protocol Data Unit

The packets sent to the DHS are Virtual Channel Access Protocol Data Units,
VCA-PDU, that are encased in Channel Access Data Units, CADIJ, or Coded
Channel Access Data Units, CCADU. A CADU is a VCA-PDU with a 32 bit
synchronization header. The VCA-PDUs are the data exchanged between the
Data Link Layer of the ISO OSI mode, and there is a header and trailer
associated with each packet. One of the physical layers in the network is a RF
link between a Tracking Data Relay Satellite and the ground terminal. For ease
of synchronization, the length of the CADU and CCADU packets are fixed for a
given physical channel(1). Considering the 32 bit synchronization header, this
allows the length of a VCA-PDU to vary between 992 bits and 10200 bits for
different physical channels(1).

The header of the VCA-PDU is made up of 64 bits in 6 fields. In order, the
fields are version number 2 bits, spacecraft identification number 8 bits virtual
channel number 6 bits, virtual channel data unit counter 24 bits, reserved spares
8 bits, and VCDU header error control 16 bits. The VCDU header error control
field is optional. The version number indicates which kind of packet has been
encased in the CADU. Currently there are telemetry transfer frames and
CADUs. The spacecraft identification number is assigned by the Secretariat of
the CCSDS and is fixed for each spacecraft. There can only be 64 virtual
channels active at one time for a given spacecraft. The spacecraft identification
number and the virtual channel number make up the VCDU identifier. The
counter is simply the number of packets sent or the virtual channel modulo
16,277,216. The reserved spare field is set to all zeros until their function is
defined. The VCDU header error control field is used as a shortened Reed-
Solomon error correcting scheme for the header only. This will help ensure the
validity of the header(1).

The trailer in the CADU consists of three optional fields. They are the
operational control field 32 bits, the VCDU error control field 16 bits, and the
Reed-Solomon check symbol field variable size. The operational control field
will allow a mixture of CCSDS system packets along witth advanced orbiting
system packets by defining a command link control word. The VCDU error
control field is a 16 bit cyclic redundancy code used for error detection. The
Reed-Solomon check symbol is used in conjunction with the CCADU (1). The
VCA-PDU header and trailer are shown in Figure 2.



The last part of the VCA-PDU is the VCDU or data unit zone. This lies between
the header and trailer and is the place for the higher network layers to place their
data. There are many protocols that may be embedded in this field. However,
the format is set by the VCDU identifier, the spacecraft identification number
and the virtual channel number, when the virtual channel is established. The data
zone is often filled with CCSDS packets which are small, variable length pieces
of data created at the nodes of the space network by certain applications(1).

Data Handling Service Functional Requirements

The DHS performs two major procedures on a VCA-PDU. Packet processing is
done by levels 3-7 n the ISO OSI network model and the information is finally
passed on to the end users over land based or domestic satellite networks(2).
Computer Science Corporation specifies the transformations to be performed
by the DHS in a two part report. The titles of the reports are: Space Station Era
Telemetry Processing Identification Report and Space Station Era
Processing Function Architecture Matching Report(3,2).

The packet processing is broken up into 5 major steps. Sequentially, the steps
are accept input data, demultiplex by virtue channel number, demultiplex by
spacecraft identification number and application identification number,
reassemble packets, and select storage method. The packet reassembly is
monitored and statistics are kept for the DHS operators(2). The accept input
data step is simply taking the data from the transmission media or physical layer
and buffer it in memory for processing. The rate at which CADUs arrive is
enormous. A single processor can not handle all of the data. Thus, the
synchronization markers are removed and the VCA-PDUs are divided among
many processors by viritual channel number and spacecraft id number. This
reduces the rate at which VCA-PDUs must be processed by a single processor.
The VCA-PDUs are the product of the Data Link Layer encapsulation service,
They are smaller pieces of large blocks of information, or they are small blocks
of information with some filler. The pieces of large blocks must be ordered and
assembled. This is done by the reassemble packet function. Finally, some of
the data must be archived before being passed onto the end users. This is
done in the select storage phase.

There are two steps for distributing data. They are retrieve data from the
database and distribute data over the networks. This procedure is also
monitored and statistics kept for the operators(2). This seems very simple.



However, there will probably be a conversion between network protocols at this
step when the information is taken from the space based network and put on a
domestic network.

There are several functions at the DHS that are not in the data path. System
information is maintained for accounting purposes and user purposes. Also, the
throughput of the overall system is monitored. There are also commands which
the system operators can use to monitor the operations. These operator
commands have 3 steps: a validation transform, a request for services and an
accept response transform. These are not in the data path and can be
performed as low priority tasks(2).

In the architecture matching report, Computer Sciences Corporation suggests
five different models that satisfy the above requirements. Architecture 1 is
shown in Figure 3.

Virtual Port Memory Multiprocessor Architecture

A Virtual Port Memory Multiprocessor Architecture is a Global Memory Message
Passing, GMMP, machine. VPM machines are described by Johnson (4) and
are general purpose computing machines. The VPM machine is defined as
follows:

A virtual port memory multiprocessor architecture provides each process
of a computation or concurrent system with a private virtual address space
and pass by value message passing primitives, based upon an underlying
hardware structure consisting of a shared memory, equally accessible to
all processors, and a pass by reference message network.

The example machine which Johnson describes may have a total of 256
processing elements, I/O controllers, and user interface processors. A four
processor prototype of this machine is under development in the Electrical and
Computer Engineering Department, New Mexico State University in Las Cruces,
New Mexico.

The prototype of the VPM architecture at NMSU is shown in Figure 4. The
Interprocessor Message Bus, IMB, is a relatively low bandwidth bus that
messages are passed over. Messages are passed between processes. The
message unit at the Processing Element (PE), Input Output Controller (IOC), or
User Interface Processor (UIP) catches all messages intended for a process
that is running on the attached PE, IOC, or UIP. The global memory in the VPM
Prototype is a paged segmentation scheme, A pointer to a segment of memory



is a common message. The receiving processes’ segment table is updated to
show a new segment, and the page frames in the global memory are marked as
“copy on write which effectively gives both the sending process and the
receiving process its own copy of the data. If one of the processes writes to
one of the common pages a new copy is created for that process and the two
pages are not marked as copy on write. Similarly, multiple processes can see
the same physical pages of memory as long as the copy or write status is
maintained(4).

Each PE board is made up of a message unit, a processor, and a large cache
memory(4). The message unit is responsible for sending and receiving
messages over the IMB. The large cache memory is used so that the PE can
run as long as possible without using the shared Data Transfer Bus (DTB). The
width of the DTB is the same as the length of a line in the cache for ease of
implementation. The UIP boards run user’s interface programs such as UNIX-
like shells. The IOC boards handle all Input and Output devices such as line
printers, disk drives, and ethernet connections. There are many types of IOCs
that are required.

When a processor requests a memory reference that can not be handled by the
local cache, a request is made to the global memory for the appropriate
location. First, the Transaction Request Bus, TRB, is acquired for the request
and the appropriate address is placed on the bus. This reaches the Address
Translation cache, ATran, which performs the virtual to physical address
translation. This usually takes a single clock cycle to complete. However, if the
ATran cache can not handle the translation, a software exception is made to
update the ATran cache appropriately and then the translation is completed.
Finally, the memory request is queued up in a FIFO register at a memory bank,
and the memory cycle is performed. The data is passed back to the requesting
processor over the DTB.

DESIGN OF THE DATA HANDLING SERVICE USING THE VIRTUAL PORT
MEMORY ARCHITECTURE

Software and Process Communication

There are three pieces of hardware a packet, VCA-PDU, encounters on its way
through the Data Handling Service. In order they are an input IOC, one or more
PE, and an output IOC. An input IOC is the piece of hardware that will accept
input data, and demultiplex by spacecraft identification number and virtual



channel number. The spacecraft identification number and virtual channel
number make up a segmented address space for virtual channels. This
segmented address space, VCDU identifier in the VCA-PDU header, is used
for the demultiplexing operation. Data frames that consist of fill data are thrown
away at the input IOC. Specifically, fill frames are not put into main memory.
Once the VCA-PDU is in main memory, a message is sent over the IMB to the
process which is responsible for processing that frame. This message contains
the segment number where the VCA-PDU is located in memory. Once this
message is sent, the IOC releases the segment from its segment table. This
effectively gives ownership of the memory that holds the transfer frame to the
process that handles the frame. If there is no process responsible for handling
the newly arrived frame, a message is sent to an error handling process which
checks the header, if possible, and issues appropriate messages to a Data
Handling Service error process or to the Data Interface Facility.

The processes that are responsible for handling transfer frames execute on the
processing elements in the VPM architecture. There are many identical
processors. However, there are not as many processors as there are
segmented virtual channels. Thus, many processes may execute on a given
processor. Each process handles a specific virtual channel. These processes
are different for each virtual channel. However, there are some common
functions among processes. Each process will prepare the date for archiving
and distribution. However, some data may not be archived, and some data may
not be distributed. A few virtual channels will be devoted to priority playback
data, and these processes will have to reverse the order of the data bits. The
variety of functions performed at this stage is limited only by the number of
payloads. When processing is complete, a message is sent to an output IOC.
This message, in general, contains a segment that holds a list of segments that
have prepared data in them. These segments are given to the IOC as
described above.

An output IOC is responsible for archiving and distributing the transformed data.
The first segment is read into memory. This segment is examined for
instructions as to where to send the data, how to archive the data, and where the
data is located in memory. The data may be relayed to multiple users over
networks and could be archived in multiple locations. However, there should be
only one read of data from the VPM’s main memory. Just like the input IOC, the
output IOC does simple operations in the same manner each time.



Global Memory

The global memory in the VPM architecture will be used to hold packets as they
are processed, to hold all code, and to hold all operating system data
structures. This memory requires a very high bandwidth in and an equally high
bandwidth out.

The main memory in the Virtual Port Memory Multiprocessor Architecture is
made from VRAM, video random access memory. VRAM is a special type of
multi-ported, dynamic memory. The first port on the memory is identical to a
standard DRAM array. Each cell contains 4 bits. The other access port(s) are
serial in nature and have an enormous band width. There is a static ram shift
register that is the same length as a row in the DRAM array. This shift register
may be loaded from the DRAM array with an entire row in one memory cycle.
The contents may be removed from the shift register through four pins on the
chip. The column address is used as an index into the shift register for the
starting location. These shift registers can also be filled through the serial port,
and when full, an entire row of the DRAM array may be written in a single
memory cycle.

The currently available chips are usually arranged as a 512 X 512 X 4 array(5).
There is usually a single shift register, 4 bits wide and 512 long, that can be
used as an input or output shift register. VRAM with multiple serial ports are
produced. However, they are currently not in great demand and the shift
registers are shorter than a full row. The technology exists for creating the
VRAM with 2 serial ports shown in Figure 5 and a single random access port. In
the next few years, these parts will come into production.

Input IOC

Four input IOCs are required to put the transfer frames into the global memory
and pass a message to the process that is handling a particular frame’s virtual
channel number. The transfer frames arrive by a serial link. This link may be an
RF link or it may be a fiber optic link, but this data must be converted to a
parallel form for storage into memory, Also, a 16 bit CRC code must be
generated for each packet and stored after it in memory.

The conversion from serial to parallel form can be done by a pair of high speed
shift registers in a ping-pong configuration and a controller. Figure 6 shows
these shift registers and the CRC generation data paths. The first register is



filled from the 300 Mbps line until full. The second shift register is filled while the
first is emptied, in parallel, to the VRAM shift registers. When the second
register is filled the 300 Mbps line is directed at the first register and the second
shift register is emptied. A new bit arrives every 3.3 ns. The high speed shift
registers are the same length as the memory banks are wide. Specifically, they
are 128 bits in length. Thus, it requires 427 ns to fill a shift register. Data rates in
excess of 1000 Mbps can be handled by ECL shift registers.

When a packet has arrived the contents of the VRAM shift register must be
moved into the DRAM array. This takes one memory cycle or 80 ns. The 427 ns
required to fill up a high speed shift register provides plenty of time for this
memory cycle.

Output IOC

The Interface to the output IOC is not clearly defined. However, the second
serial port on the VRAM will be used to removed the data from main memory
when necessary. This data will be buffered locally in RAM by the IOC until two
functions are complete. These are the archive and distribute data functions
described earlier.

It is possible to build a disk drive that has an input and output bandwidth in
excess of 300 Mbps. This will be used to buffer the data because a disk drive’s
memory is non-volatile. Eventually, the data will be moved from this disk drive to
some other disk drive. This is very similar to the memory hierarchy used in
modern workstations. While the archiving is being performed, the data will be
put on the domestic networks destined for the end user.

Processing Time Models

CACI’s NETWORK II.5 simulation package is used to determine the significant
parameters for the Virtual Port Memory Multiprocessor Architecture. The width
of the DTB, the width of the IMB, the number of PEs, and the average
processing time are found. Figure 7 shows the basic block diagram of the
simulation. More detailed models are under development for examining the
specifics of the large system. An in depth description of the simulation can be
found in (6). A discussion of NETWORK II.5 can be found in (7) and (8).



NETWORK II.5 simulates processing elements, transfer devices and storage
devices. Modules represent processes executing on the processing elements.
Processing elements are defined by their instructions. Transfer devices are
described by their physical attributes and protocol. Storage devices are
described by their access time, resident files, size limitations, and number of
access ports. Modules can be triggered or started by sending a message to a
processing element

The simulation model provides the ability to thoroughly analyze the VPM design.
There are many design requirements that need to be evaluated. Analysis
indicated that the following criteria needed to be evaluated first to determine if
the VPM architecture was capable of meeting CSC’s functional requirements for
the Data Handling Service.

* Width of the Data Transfer Bus
* Width of the Interprocessor Message Bus
* Number of Processing Elements
* Average Processing Time per Packet
* Resident Time in Memory

Additional simulations will be constantly updated to reflect changes in DHS
requirements, hardware specifications, and software specifications.

The simulation was used to determine the width of the DTB The width of the
DTB was increased until its simulated utilization was less than 50%. Only
powers of 2 were used for the number of bits retrieved and the frequency of
operation was fixed at 16 MHz. The low frequency is a requirement because the
DTB runs across a backplane bus. It is important to note that on average 1.5
bytes of packet data is accessed for each byte of packet data. This simulates
the manipulation of pointers to data and writing them back to the global memory.
A DTB running at 16 MHz should be 128 bits wide.

Then the processing time simulation was used to determine the width of the
IMB. The messages passed over the IMB were simulated at 128 bits because
this is the required length of a message that passes a segment number. An IMB
running at 16 MHz should be 16 bits wide.

The simulation was used to determine the number of Processing Elements
required to perform a minimum average processing time of 300 microseconds, 



approximately 1 instruction per byte of data plus message overhead times using
a 25 MHz CISC processor. There should be 64 Processing Elements in the
DHS.

Finally, the average processing time was increased so that al PEs were near
100% utilized. This average processing time was found to be approximately
425 microseconds. For a 25 MHz CISC processor this is approximately 1625
instructions or 1.6 instructions per byte of data. Considering the quantity of
video data and how little processing is done to it, video data is simply passed on
to the output IOC by the PE, the average is very small. The experiment data will
have plenty of time for level zero processing. Also, when the data rate is not
running at its peak rate, each packet can take a little longer.

According to the simulation, the maximum time a single packet spent in memory
was 1200 microseconds. Each packet requires a whole page frame of memory
which is currently 2 Kbytes, and according to Little’s law the number of packets
in memory does not exceed 176. Thus, approximately 360 Kbytes of memory is
all that is required to buffer packets in memory.

The 128 bit wide DTB implies memory banks that are 128 bits wide. Using the
described VRAM chips, each bank has 4 Mbytes of memory. Thus, 8 banks of
memory are used to give the machine 32 Mbytes of global memory. This allows
each input IOC 2 banks to use for placing packets in memory. The remaining
memory is required for storing code and data structures for the VPM machine

CONCLUSIONS AND FUTURE EFFORTS

A VPM machine with 64 processors, a 128 bit DTB, and a 16 bit IMB can
implement the functional requirements for the DHS suggested by Computer
Sciences Corporation. All the technology required to implement the DHS with a
Virtual Port Memory Mutiprocessor machine is available today. This is an
efficient implementation. The PE boards are inexpensive to replace and
modular. If a new technology for transmitting serial data is chosen, the IOC
boards can be replaced with more modern parts. The software is flexible and
easily changed. The processing done to a virtual channel’s packets can be
specified by the experimenter.

There are many aspects of the space based network that have not been
finalized. The format for archiving the data passing through the DHS has not
been defined in any way. Defining this format will enable the output IOC



structure to be defined. Also, the type of domestic networks the DHS will route
data over has not been specified. This will also help define the structure of the
output IOCs. It is not clear how many output IOCs will be required or what they
will look like.

Failure analysis for the DHS requires further investigation. Possible points of
failure include a PE, a memory bank, an input IOC, an output IOC, power
source, and software failures. Some of these points are easily addressed. If a
PE fails, its processes will have to be re-started on a different PE. If a memory
bank fails, it’s page frames will be marked invalid until it can be replaced. If an
input IOC fails the packets sent to it will never arrive, and eventually a request
for retransmission will be made and the packet can arrive via a different link. If
an output IOC fails, a different IOC can be used for awhile. If the power fails, it
wiII be important to know how the machine will come back on line. If a software
process fails, the destination node will eventually complain about not getting any
data and the process can be restarted. It would be advantageous to know the
time required for these steps.
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Abstract:

The Packet Telemetry Ground Station which receives telemetry
data from the Space Station must be able to receive and
process various data types including high-rate video, audio,
instrumentation, electronic mail, telecommand, and
engineering. The Packet Telemetry Ground Station must also
be flexible to accommodate changing missions and payloads.
Computer simulations of the Packet Telemetry Ground Station
provide information about device specifications required to
achieve an acceptable level of performance under changing
telemetry data traffic configurations. This paper describes
a computer simulation model for a Packet Telemetry Ground
Station Architecture which was tested using ten different
traffic components randomly transmitting data. The Packet
Telemetry Ground Station Simulation status and utilization
plots are discussed in terms of interpreting the simulation
results.

Key Words: Packet Telemetry, Network Simulation 

Introduction:

The Space Station will accommodate many different missions
and payloads. Conventional telemetry systems were designed
using known payload data formats and operation schedules.
The Packet Telemetry Ground Station which will receive and
process telemetry data from the Space Station must be
flexible to support the various missions scheduled. The
Consultative Committee for Space Data Systems (1) has
developed a packet telemetry protocol standard which will be
used to develop the Space Station packet telemetry system.
The Packet Telemetry Ground Station Simulation Model
described in this paper was developed from the Ground Data
Handling System Functional Architecture proposed by Ford



Aerospace and Communications Corporation (2). The objective
in developing the simulation model for the Packet Telemetry
Ground Station is to determine design constraints for the
various processors, transfer devices, and storage devices in
the ground station architecture.

Discussion of the Ground Station Simulation Model:

The Packet Telemetry Ground Station Simulation Architecture
shown in Figure 1 receives the packet telemetry transfer
frames through the Front End. The Front End represents the
interface between the Space Channel Telemetry Link and the
Ground Station.

After the Front End, it is assumed that bit and frame
synchronization has been achieved so that the Interface
Process receives telemetry frames ready for processing. The
Packet Telemetry Ground Station Simulation Architecture was
developed assuming that the telemetry data will fall under
one of the following categories:

Real-Time Data:  Real-Time Data such as video and audio data
requires no processing other than removal from the packet
telemetry transfer frame and routing to the correct user.
Real-Time Data will be essentially expedited Astraight
through@ by the Real-Time Process.

Priority-Playback Data:  Priority-Playback Data consists of
payload data which has been preserved on flight recorders.
The Priority-Playback Process performs the bit reversal and
packet reconstruction required by Priority-Playback Data.

Storage Input Data:  The bulk of the packet telemetry data
will fall under this category. Storage Input Data consists
of payload data which will be stored on disk drives for
later distribution to the user. Pointers identify the user
and storage location of the packet telemetry data. The
Pointer Ingest Process receives the pointers from the Data
Stream Manager and stores them for retrieval by the Pointer
Sort Process. The Storage Input Process receives the packet
data segments from the Data Stream Manager and stores them
for retrieval by the Storage Output Process. The Delivery
Process coordinates the activities of the Pointer Sort 



Process and Storage Output Process to assemble complete user
data sets for delivery to the user through the Data
Distribution Buffer.

The header of each transfer frame received by the Interface
Process contains user identification and information
necessary to determine the type of data contained within the
data field. The Interface Process reads the header of each
received transfer frame and provides the required routing
information to the Data Stream Manager. The Data Stream
Manager determines the routing strategy required to
distribute the data to the user.

Discussion of the Ground Station Simulation:

The Packet Telemetry Ground Station Simulation Architecture
shown in Figure 1 was simulated using CACI Network II.5 (3)
software. Messages were used to represent the header
information required to route packets through the desired
processors. The processors were programmed to respond to
specific types of messages generated from information
contained within the simulated packets. The device
specifications for each processor, transfer device, and
storage device of the architecture shown in Figure 1 were
entered using the CACI Network II.5 software. In addition,
data processing instructions were entered in the form of
software modules which would direct host processors to
sequence through a list of instructions. These instructions
enabled hardware simulation of the internal devices within a
processor.

Use of Traffic Components to Simulate the Incoming Data
Stream:

The Traffic Components shown in Figure 2 generate the
incoming telemetry data stream for testing the Packet
Telemetry Ground Station Simulation Model. The Traffic
Components represent payloads similar to those anticipated
to be deployed when the Space Station becomes operational.

The mnemonics assigned in Figure 2 represent the following
payloads with their nominal data rates included in
parentheses:



SAR: Synthetic Aperture Radar (255 Mbps)
HIP: High Resolution Imaging Spectrometer (255 Mbps)
SEN: Sensor Lab (120 Mbps)
ASO: Advanced Solar Observatory (50 Mbps)
TIM: Thermal Imaging Spectrometer (30 Mbps)
STO: Solar Terrestrial Observatory (10 Mbps)
UVA: Ultraviolet Atmospheric (10 Mbps)
MOD: Moderate Resolution Imaging Spectrometer (8 Mbps)
LOW: Low Rate Payload (2 Mbps)

The payload designated by RTPPB in Figure 2 represents the
Real-Time/Priority-Playback Data Generator used to simulate
the transmission of Real-Time and Priority-Playback data to
the Packet Telemetry Ground Station. The Payload Select
Processor (not shown in Figure 2) randomly selects a payload
for transmission. An exponential statistical distribution
function randomly sets the duration of each telemetry
transmission. The statistics of the payloads can be altered
to determine the performance of the Packet Telemetry Ground
Station Simulation Model under different traffic load
conditions.

Status and Utilization Plots:

Once the Packet Telemetry Ground Station Simulation has been
performed, status plots and utilization plots can be created
to analyze the simulation results. The Packet Telemetry
Ground Station Simulation Processor Status Plots shown in
Figure 3 indicate the activity of each processor during the
simulation. An AX@ indicates that the processor was active
during the corresponding time interval indicated on the time
scale. In Figure 3, the status of the processors was plotted
over a 1600 microsecond time interval so each AX@ represents
a time duration of 40 microseconds To acquire more detailed
timing information, the simulation duration can be
shortened. The processor status plot provides a visual
indication of the simulation results. Notice that over the
1600 microsecond simulation all of the Traffic Components
were active. Observe that the Real-Time Process and
Priority-Playback Process were active only a fraction of the
time during which the other Ground Station processors were
active. If the simulation performance objectives were not
met due to processor Asaturation@, the problem could be
isolated to one of the Abusier@ processors, which would
exclude the Real-Time and Priority-Playback processors. If



necessary, the Traffic Component statistics can be altered
to direct more telemetry packets to the Real-Time and
Priority-Playback processors. The processor status plot can
be used in conjunction with the message status plot to
determine if processors are scheduled correctly without
excessive delay. Expanding the status plot and including
messages for timing information has proved to be an
effective technique for troubleshooting the Packet Telemetry
Ground Station Simulation Model.

Utilization plots provide a visual indication of processor
utilization during the Packet Telemetry Ground Station
Simulation. The Real-Time Process and Storage Input Process
Utilization Plots shown in Figure 4 indicate that over the
1600 microsecond simulation interval the Storage Input
Process was almost Asaturated@. The Real-Time Process was not
fully utilized during the simulation so that more Real-Time
data could be processed. Utilization plots can be deceiving
if interpreted without considering the ANoncurrent Execution
Errors@ which may have been introduced during the simulation.
A Nonconcurrent Execution Error indicates that a processor
has attempted to start a new task before it has completed
the task it is currently working on. Nonconcurrent Execution
Errors occur when a processor falls behind in completing its
scheduled tasks. Although the CACI Network II.5 software
will allow the ANoncurrent Execution Error@ to be suppressed
during the simulation, it is helpful to know which
processors in the simulation model are Asaturating@. The
Storage Input Process Utilization Plot shown in Figure 4 can
be analyzed in more detail by acquiring the simulation
output listing which will include the history of queued
messages sent to the processor. It is also helpful to
include special Aheartbeat@ messages in the simulation model
to indicate when specific tasks have been completed. These
messages can be plotted to indicate the actual data
throughput of a processor. A processor can appear to have
efficient utilization based soley on the utilization plot
even though it has practically zero data throughput.

Evaluating the Performance of the Simulation Model:

The importance of computer simulation of the Packet
Telemetry Ground Station becomes evident as you attempt to
alter the payload or processor specifications. A simulation
result which appears satisfactory for one payload or



processor configuration may fail for a different
configuration. The Space Station Telemetry Ground Station
must be able to adapt to payload configuration changes.
Computer simulation of the Packet Telemetry Ground Station
enables many different traffic load schemes to be tested.
The Space Station Packet Telemetry Ground Station must
maintain a 300 Megabit per second nominal data input rate at
the Front End (see Figure 1). One test for satisfactory
performance of the Packet Telemetry Ground Station
Simulation Model will be maintaining the 300 Mbps input data
rate at the Front End without Asaturating@ the ground station
processors. Processor saturation will be observed when a
ANonconcurrent Execution Error@ occurs during the simulation.
When it becomes evident that a processor tends to Asaturate@
during the simulation, it may be necessary to alter the
device specifications to achieve the desired performance. A
successful simulation of the Packet Telemetry Ground Station
will occur when the 300 Mbps input data rate at the Front
End can be sustained without introducing ANonconcurrent
Execution Errors@ by any of the processors.

Conclusions:

Computer simulations of the Packet Telemetry Ground Station
Architecture will be essential for identifying the model
which will not only satisfy the CCSDS packet telemetry
protocol standards, but will operate satisfactorily for the
numerous telemetry traffic lead configurations. This paper
has described in general terms one particular architecture
for the Packet Telemetry Ground Station and a method for
using the 300 Mbps input data rate performance constraint to
determine satisfactory ground station simulation. As the
specific details for the Space Station telemetry system
become finalized, the constraints for the simulation model
can be more accurately established.

1. CCSDS Advanced Orbiting Systems, Networks and Data Links:
Architectural Specification, Consultative Committee for
Space Data Systems, Jan. 1989.

2. Ground Data Handling System Simulation, Ford Aerospace &
Communications Corporation, June 1988.

3. CACI Network II.5 Network Simulation Software is
purchased under a licensing agreement with the CACI Corp.
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Abstract

The Loral Instrumentation System 500 configured as an Advanced
Commanding and Telemetry System (ACTS) supports the acquisition of
multiple telemetry downlink streams, and simultaneously supports multiple uplink
command streams for today’s satellite vehicles. By using industry and federal
standards, the system is able to support, without relying on a host computer, a
true distributed dataflow architecture that is complemented by state-of-the-art
RISC-based workstations and file servers.
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Introduction

With today’s satellite communications utilizing vehicles that are increasingly
complex and in need of increased data throughput and processing power, the
traditional approach of using mainframe processing for real-time vehicle
telemetry analysis and commanding is becoming less and less a viable solution.

By utilizing a parallel processing architecture that allows processing tasks to be
spread out over multiple channels, the system can support any processing
requirements for today’s and tomorrow’s satellites. The following discussion
describes how this architecture is used for typical command and telemetry
analysis Mission Control Complex (MCC) applications for networks such as the
Air Force Satellite Control Network (AFSCN).



The Data Flow Architecture

The ACTS utilizes a front-end processing subsystem(s) to perform all of the
real-time functions, with a local area network (LAN) connection to one or multiple
UNIX-based workstations. For larger applications where database information is
to be stored at a central location, a high-performance file server is added to the
system. A typical MCC configuration is shown in Figure 1.

The front-end subsystems are called the Acquisition (ACQ) 510 chassis. These
19-inch, rack-mountable chassis contain multi-layer printed circuit “modules” that
perform the real time, system-required tasks including PCM bit synchronization,
decommutation, satellite commanding, and interfacing with ground equipment
control links. Multiples of any module can be used in each ACQ 510 chassis. By
performing functions such as these using modules instead of separate chassis
(as with traditional approaches), the ACTS can be configured to have a
exceptionally small footprint. If desired, up to 8 PCM decommutators (up to
2 Mbits/sec) can reside in a single chassis.

All modules in the ACQ 510 share a common 16-MByte/second MUXbus. This
is the “data highway” of the front-end, and is a full duplex 32-bit wide data
channel used for passing data and tag pairs to the various modules. Each
module also communicates with a second channel, the Microprocessor bus, a
serial channel that is used to link the firmware available on each module to the
user(s) of the system at the engineering workstations. This architecture is shown
in Figure 2.

Each module that is required to perform real-time processing contains its own
dedicated microprocessor embedded onto the card. These microprocessors
range from hard-coded bit slice technology to fully user-programmable floating
point processors.

The user(s) programs the ACQ 510 modules by filling in high level menu
displays. For many applications, the user can program the system with no
knowledge of UNIX and can operate the system in a very short time. An
example screen showing the standard Bit Synchronizer setup is shown in
Figure 3.



User-Programmability

One of the modules available, the Field Programmable Processor (FPP),
contains a 3-processor chip set that allows users to create their own application-
unique algorithms in high-level languages, such as “C” and FORTRAN 77.

Weitek 8032 processors are used on the FPP[1]. Benchmark processing with
this chip set has resulted in throughputs of over 200K 5th order EU conversions
per second. The user creates the desired code at the workstation with the aid of
a development package supplied with the chip set that includes an assembler,
linker, simulator, and other utilities[2]. Users perform compiling with a cross
compiler. The object code is then transferred to the FPP residing in the ACQ
510 front end. Incoming data can then be processed in real time with the unique
code[3]. This process is shown in Figure 3. This feature is useful because of
the unorthodox processing requirements of satellite applications, as well as the
sensitivity of many programs where code generation must be performed on a
classified level.

The FPP module also contains over 25 industry standard telemetry filtering
algorithms. These are typically pass/no pass algorithms such as In Limits, Bit
Compression, Match Bit, etc. The processing power of the FPP allows these
algorithms to process data at approximately 300K operations/second.

Telemetry Downlink Analysis

The ACTS supports bit sync and decommutation capabilities at rates up to 15
mbits/second depending on the module sets chosen. The majority of today’s
satellite needs are satisfied with the High Speed Bit Sync and Multi-Format
Decom module sets, which allow the acquisition of data up to 8 Mbits/second.

The telemetry downlink analysis data flow is shown in Figure 5.

As data enters the ACQ 51 0 front-end subsystem, it is immediately bit
synchronized and fed to the Mufti-Format Decom. Many satellite PCM downlink
streams contain wavetrain definitions that switch in real time during the various
modes that the vehicle is in during a pass. The Multi-Format (MX)
Decommutator module set can switch between multiple formats without the loss
of any data at PCM rates up to 8 Mbits/second. The format switch is identified to
the decom via a trigger parameter in the PCM minor frame, and the MX decom
is able to switch to a new formal and decommutate the new wavetrain structure



in the minor frame following the trigger. Format switching can also take place in
the same minor frame as the trigger parameter if desired.

After the PCM data has been decommutated, it is placed on the ACQ 510
MUXbus in parallel form with associated identification tags. The data is then time
tagged by the IRIG Time Code Generator/Translator module, and then routed to
the one or more FPP modules for data processing.

The “parameters” (tag and data pairs) are processed by the FPP(s) and then
passed to the Ethernet Processor module for transmission over the Ethernet
network to the workstations and/or file server. One of the FPPs in each ACQ
510 contains the current value table (CVT) that the Ethernet Processor
accesses for display data transmission to the workstations. Depending on the
throughput requirements of the application, the data processing and CVT
functions can be performed by a single FPP.

The Engineering Workstations

The ACTS utilizes a UNIX operating system which allows the use of the latest
industry-wide high-performance workstations, that now approach 30 MIPS of
processing power at very reasonable costs. The setup and display software
supplied with the ACTS resides at the workstation (in local storage) or at the
central file server if diskless workstations are desired. A standard feature of the
ACTS is the ability to display data with either standard telemetry displays (such
as bar charts, scrolling strip charts, cross plots, data pages, etc.) or on user
generated screens that can be customized to the application. This function,
called the “Display Builder,” allows for the creation of displays such as vehicle
schematics and flow charts, and can be created very easily in a matter of hours.
The entire ACTS workstation software is built on the federal standard
XWindows.

XTerminals

By utilizing the industry standard XWindows, the ACTS supports the recently
Introduced line of low-cost terminals called XTerminals. These are platforms
that contain their own Xserver, and can log into workstations or file servers that
contain the executable system software, and utilize all functions of the software
in a client-server relationship.



XTerminals are offered by many vendors and are available in both monochrome
and color configurations. Screen sizes up to 19 inches (diagonal) are available
and can give resolution as good as any currently available workstations for much
less cost. Data display updates and communication response speeds depend
on the number of XTerminals that are linked over the Ethernet LAN and the
processing power of the workstation or file server acting as the server for the
XTerminal(s).

Application Software Communications

An additional feature of the ACTS is the ability to tie in user-developed or 3rd
party applications software with data received from the ACQ 510 chassis. A
software package called the “Data Gather Library” supplies “C” functions that
are used to specify which telemetry parameters are to be passed to the
appropriate applications code for analysis and processing[4]. This software can
reside at the workstations or at another node on the Ethernet LAN such as the
optional file server or larger mainframe. Direct memory access (DMA) interfaces
can also be supplied to pass filtered data from the front-end subsystems to the
file server or other destination. Various data gather routines are available
including the statistical gather (which passes minimum, maximum and average
values over a specified time slice), and the “gather all” routine which passes all
values for a specified parameter.

The ACTS is designed to be finely tuned to the application desired. This holds
true for the front end configuration, the workstations desired, and the actual data
flow throughout the system. Operators at workstations create screens and
specify the parameters to be displayed. This information is automatically sent to
the appropriate ACQ 510, is received by the Ethernet Processor and CVT FPP,
and the parameters associated with the display screen are sent to the
workstation in Ethernet TCP/IP packets. Thus, only the pertinent information
specified by the operator is sent to the workstation. This is a departure from the
traditional approach of broadcasting entire databases over networks, which
tends to saturate communications and reduce throughput efficiency. This default
can be overrided if the constant updating of display pages not being viewed is
desired for time history requirements.



Data Archiving

The ACTS supports the capability of storing data obtained from any ACQ 510
subsystem in user definable formats at the workstations or file servers [5]. This
data can be either raw telemetry and commanding Information, or data that has
been processed. The data is stored on media attached to the workstations or
file server. This is typically the standard Winchester type hard disk media. The
amount of storage available is dependent on the configuration of the
workstations or file server. After the desired data is stored, it can be
permanently archived to other media such as removable hard disk, digital tape,
or optical disk.

The ACTS includes software to allow the operator to select which data is to be
archived, the sample rate, the type of gather, and the size of the archive. These
inputs are selectable on high-level mouse-driven displays.

As the data is routed to the storage media, the displays at the workstations
dynamically show the buffer size available as it fills up. The operator can scroll
through the buffer to look at the stored data without interrupting the real-time
storage of data, which can be simultaneously displayed on the same screen.
When playing back previously archived data into the system, the operator
selects the file desired, and specifies parameters and/or the time slice required.
The file can then be scrolled through and analyzed. If desired, multiple archive
files can be viewed on the same screen depending on the display configuration.

Vehicle Commanding

A key feature of the ACTS is the ability to act in a command mode for uplink
purposes. This capability is also performed without any need of a host computer
as with traditional systems.

The real-time portion of commanding (transmission, echo checking and
verification) is performed in the ACQ 510 by using an independent FPP module.
Each FPP contains a 32-bit I/O port on the top of the card that can be
programmed as multiple serial or parallel channels. The ACTS uses this port to
interface directly with encryption and decryption devices for data transmission
and retrieval, and to control one or multiple KGs.



The data flow of a typical command sequence is shown in Figure 6. A command
string is chosen by an operator and the information (residing in storage on the
network at either the file server or workstation) is transferred via Ethernet to the
appropriate ACQ 510 commanding FPP. This command is then held in memory
in the FPP until the appropriate trigger (manual, time, or parameter occurrence)
is received. The command is then transmitted out of the FPP port to the KG.
Echo check data is received from the KG as the data is sent out and validated in
the commanding FPP Data received by the vehicle is returned to the ACTS via
PCM and is decommutated by the MX decommutator residing in the same ACQ
510.  The data is then transferred to the commanding FPP for comparison
(verification that what was sent is what was received).

Housing the command output processor (the commanding FPP) and the PCM
decommutator in the same ACQ 510 means data can reach the commanding
FPP in less than a microsecond after being decommutated, since the modules
share the 16 MByte/second MUXbus. Thus, extremely efficient verification
processing is available.

Redundancy

Each ACQ 510 subsystem contains its own subsystem controller and power
supply. For systems that require redundancy, multiple ACQ 510s are used to
ensure that data will always be received even in the unlikely event of a failure.
(Typical ACQ 510 configurations have MTBFs in excess of 7,000 hours.)

If an ACQ 510 chassis does fail, no other front-end in the system is affected.
The same holds true for the workstations in the system.

For archiving redundancy, the ACTS is configured with two file servers. Data
from each ACQ 510 is sent to each file server and is archived. Systems
configured with two file servers support a single physical Ethernet network, but
two logical networks. By splitting up the logic of the network, a system software
server can fail in one file server while the other still remains functional. The file
servers basically “shadow” each other.

Thus, the ACTS can be configured to be fully redundant in all areas of the
system.



Industry and Federal Standards

The ACTS is built on industry and federal standards that add to the system’s
open architecture. The main standards found in the ACTS are as follows:

A UNIX Operating System

UNIX has become the industry standard for an operating system and is
supported by almost all workstation and computer manufacturers. UNIX meets
the requirements of the POSIX (Portable Operating System Interface for
Computer Environments) Federal Information Processing Standard (FIPS151).

An X Windows display package

This is the Federal Information Processing Standard 303 and is public domain
software that was developed over many years at the Massachusetts Institute of
Technology (MIT). XWindows is supported by most computer vendors.

Programmability in the high level language “C”

The language “C” is becoming standardized as FIPS 290. C Is regarded in the
programming world as one of the most “user-friendly” languages to program in
and is in use in most major commercial and government programs. With the
ACTS, users can program any unique processing algorithms in C, and all of the
user interface software is written in C.

The Network File System (NFS)

This is an industry standard that allows a user at a workstation to access a file at
a different node on the network, without any knowledge of where the file resides
(if classification permits). NFS is supported by most computer vendors and
allows data residing on workstations and file servers produced by different
manufacturers to share data.

An Ethernet Local Area Network

Ethernet is the IEEE-488 industry standard for networking workstations, file
servers, and other nodes on a common communication link. The protocol used 



for the LAN is the Industry Standard TCP/lP Almost all computer manufacturers
use TCP/IR. TCP/IP for UNIX was developed under a DARPA contract.

A Unify Logging Capability

Unify is a relational database product that supports the industry standard
Structured Query Language (SQL) for all database accesses. Unify is a
standard used in the ACTS workstations and file servers for error logging,
alarms, and operator history. SQL is a language that allows interactive users and
programmers to access database information. Unify is currently in use in a large
number of commercial and government agency programs.

By utilizing these and other standards throughout, the system is much easier to
manage and expand. By not being tied to a proprietary computer manufacturer
or operating system, and by adhering to industry standards, the ACTS is able to
support all of the required MCC tasks in a very cost-effective manner.

Artificial Intelligence with the ACTS

The architecture of the ACTS supports system requirements that dictate the
need to support Artificial Intelligence (Al) features.

By performing all real-time functions of the ACTS in the ACQ 510 subsystems,
the powerful UNIX workstations utilize only a small portion of their processing
power for the standard ACTS needs. This allows Al software packages that
require extensive processing to be mated with the system for a complete
package.

Three such packages, produced by Ford Aerospace Corporation, Talarian
Corporation, and Gensym Corporation, have been successfully demonstrated
with the ACTS for many satellite applications using a variety of vehicle data
bases [4]. The Data Gather Library mentioned previously allows real-time data
packets to be routed to the Al software from the ACQ 510 subsystem; and the
uplink capability used for commanding allows data to be passed from the Al
package to the ACQ 510.



Conclusion

The ACTS uses a proven distributed telemetry processing architecture to
support the needs of today’s and tomorrow’s satellites. By offloading real-time
processing requirements from mainframes in an efficient manner, operators can
now experience downlink and uplink response times that are required of the
upcoming complex vehicles. The system uses a modular and flexible
architecture as well as industry-wide standards to allow full growth without the
obsoleting of current equipment. This architecture supports both smaller unique
applications to the large complex system needs of entire Mission Control
Centers.
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Figure 1. Typical MCC SyStem 500 ACTS



Figure 2. ACQ 510 MUXbus Architecture

Figure 3. Create Bit Sync Setup Page



Figure 4.  User created algorithms with the System 500 ACTS

Figure 5. Telemetry Downlink data flow In the ACQ 510 subsystem



Figure 6. Data flow for the commanding process In the ACTS
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ABSTRACT

Asynchronous data sources such as those associated with Space Based Radar create a
unique problem for Time Division Multiplexed (TDM) Pulse Code Modulation (PCM)
frame formats. The problem consists of data arrival based on external occurrences such
as target tracking, and not due to sampling polls from internal sequencers. Reserved time
slots for asynchronous data must be provided within the synchronous TDM telemetry
stream. This increases the required bandwidth to transfer collected data to ground sites
proportional to the worst case arrival rate of asynchronous data and the maximum latency
allowed for the application.

Asynchronous data is readily handled by the Consultative Committee for Space Data
Systems (CCSDS) recommended formats without the need to increase the bandwidth
disproportionately. The recommendation maintains the ability to provide synchronous
telemetry data collection and transmission provided by the TDM PCM frame formats.

This paper provides an implementation of CCSDS recommendations and addresses the
methodology of merging asynchronous and synchronous data sources without the
prerequisite increase in bandwidth associated with purely synchronous TDM approaches.
Additional implementation details are provided for the implementation of a Telemetry
Operation Procedure (TOP) to downlink error free telemetry frames. The TOP is not
currently supported within the CCSDS recommendation. The implementation is provided
through the Micro Packaged Data Acquisition and Control Systems developed by SCI
Technology in Huntsville, Alabama.



INTRODUCTION

This paper discusses asynchronous data sources and the method whereby they can be
multiplexed into a synchronous telemetry stream without an adverse increase in
bandwidth. The discussion proceeds from a typical flight system application where one
telemetry processor generates a telemetry stream which is multiplexed by a second
telemetry processor into a final output telemetry stream. The output telemetry stream is
transmitted to the ground where it is decommutated and telemetry points are time
correlated. Figure 1 illustrates the system configuration. Contrasting approaches to the
implementation of PCM formats and CCSDS formats are provided to demonstrate the
benefits of packet telemetry for asynchronous applications with asynchronous data
sources.

BACKGROUND

TDM PCM formats for telemetry transmission requires data be sampled and inserted into
known and fixed time slots within the downlink format. The perceived gain in TDM PCM
formatting and transmission is the ground system ability to determine the sample time of
each and every telemetry point based on its arrival time at ground decommutators. The
resolution and accuracy of time correlation of telemetry points multiplexed via TDM is
dependent on several factors. These factors are illustrated in Figure 1.

Within the TDM PCM system of Figure 1 a sequencer sample table in TP2 identifies
when data should be read from the input interfaces. The frequency of reads for a
particular interface whether it be synchronous or asynchronous is fixed due to the cyclic
nature of the sequencer. TP1 provides an asynchronous input to TP2. The frequency of
reads of the TP1 interface within the sequencer sample table is selected to meet the
maximum input data rate of the asynchronous data source balanced by the average rate of
arrival over a major frame time period and the maximum allowable latency of
asynchronous data words. To simplify the discussion, we will assume the asynchronous
data arrives in packet format (minor frames), and the output PCM multiplexing occurs in
submultiple frames.

If TP2 generates submultiple frames at the maximum arrival rate of asynchronous packets,
then bandwidth requirements are maximized and arrival time uncertainty of asynchronous
data is minimized. If submultiple frame generation is balanced across a major frame to
meet the average asynchronous packet arrival rate, then bandwidth utilization is enhanced,
transfer latency of asynchronous packets is increased and arrival time resolution is
decreased. Arrival Time resolution can be offset through time stamps at the asynchronous
interface. Latency of asynchronous data on the other hand cannot be offset by
synchronous PCM multiplexing implementations without wasting bandwidth. The CCSDS



implementation on the other hand can decrease the required bandwidth, increase the
arrival time resolution, while minimizing the latency of asynchronous data arrival at the
ground system.

It is also interesting to note that for TP2, while the asynchronous packets are multiplexed
into a submultiple frame by the TP2 synchronous sequencer, no other telemetry data is
collected. Ground processing can determine quite accurately when a packet arrived, but
within a telemetry processor, no data is taken at the exact same time. CCSDS affords
concurrent data sampling as well.

THE CCSDS SOLUTION

CCSDS is a packet telemetry format built around four layers of telemetry processing.
Packet layer sequencers feed a segment layer sequencer which in turn feeds a channel and
transport layer sequencer (5). This approach is similar to the PCM telemetry
implementation discussed previously (TP1 is a distributed telemetry processor generating
packets to TP2, which in turn provides transport layer multiplexing).

The CCSDS Implementation

With CCSDS the implementation can be synchronous or asynchronous. Under the
synchronous implementation operating on asynchronous data sources the CCSDS suffers
the same ineffective utilization of bandwidth as PCM as it requires a packet for a group of
data sources be generated on fixed intervals. The fixed interval packets are multiplexed
into segments at fixed interval, and the fixed interval segments are multiplexed into fixed
interval channels for transportation to the ground. With asynchronous implementation, the
bandwidth utilization is determined from the maximum latency requirements for all data
types and the average arrival rate of asynchronous data. The latency requirement traded
against the bandwidth utilization requirement determines the amount of buffering required
on the spacecraft between multiplexing layers of CCSDS.

To offset the latent arrival of data at the ground processing facility, and to facilitate time
space correlation of data points, everything in CCSDS is block time stamped with a 32 bit
time code (6) providing a resolution of about 60 nsec for blocks of data at the data
collection point. The ground is always able to correlate the data in time space regardless
of the latency of arrival created by spacecraft buffering since all data words within a block
are synchronously collected from the time stamp forward in time.



THE CCSDS ARCHITECTURE

The CCSDS architecture shown in Figure 2 provides a distributed telemetry sequencer
architecture. This approach does not deviate from distributed telemetry processing under
the PCM case. It does deviate from the PCM case in the method for interconnecting the
distributed telemetry sequencers for data flow management. The interconnect controls
implemented is the method whereby bandwidth utilization is maximized.

The architecture consists of smart I/O interface cards providing packets of data from
asynchronous and synchronous data sources. The packet data from synchronous data
sources are time stamped by the CCSDS sequencer card. The packets from
asynchronous data sources are time stamped by the asynchronous data interface cards.
Correlation of clocks between CCSDS sequencer and asynchronous data interface cards
is provided through uplink command, onboard software and preflight simulations.

The Remote Interface Unit (RIU) of Figure 1 is implemented with identical CCSDS
architecture up to the segment layer, however the chassis and number of cards are
reduced. Within TP2, the interface to the RIU is through a synchronous serial interface
card providing transmission rates up to 4 MHz.

The CCSDS Sequencer card provides dual sequencers which can be programmed to
perform multiple multiplexing functions. CCSDS is just one format. Arbitration for bus
access for the dual sequencers is performed by an I/O ASIC. When both sequencers are
configured as synchronous sequencers, the card supports output of real time and stored
mode telemetry in packet or TDM-PCM formats on two data links without software
intervention. To support encryption under this mode, the card must be placed back to
back with the KG Interface card, and be cross-strapped to the KG Interface card to avoid
latency in transmission associated with bus access arbitration (4 bus cycles or 2
microseconds).

when the card is configured as shown in Figure 2, one sequencer is configured as a
segment sequencer, and the other is configured as a channel sequencer. The segment
sequencer operates on fixed sample and format tables identically to a TDM-PCM
sequencer. However, to avoid single byte reads on the backplane, the collection of
analogs, and serial digital data words is distributed to the interface cards. The analog to
digital and serial I/O interface cards are downloaded with sampling tables. The segment
sequencer starts an interface card sampling sequence through a sample poll command. A
single sample poll command consists of a 32 bit time tag, and a sample sequence
identifier. The 32 bit time tag is used as a time tag by the interface card to mark the start
of a sample sequence. The buffer generated by the interface card as a result of a sample
sequence is returned to the segment sequencer as a positive acknowledgement of the



receipt of the next poll command. The time stamp is embedded in the returned buffer.
Segments returned are stored in segment format with segment header information filled.

Discrete data points are retrieved by the segment sequencer through a block memory
read. The time stamp is appended by the I/O ASIC on receipt of the first 32 bit wide
discrete pattern at the backplane interface. Likewise the time tag is appended to every
response received by the I/O ASIC and is available for insertion in the formatted segment
buffers. Most spacecraft applications require less than 2048 discrete data points, therefore
discrete segments consist of multiple fixed length discrete packets delimited by a 32 bit
time stamp.

The channel sequencer builds transport frames through polls to the asynchronous data
interface card and the segment sequencer at two times the maximum input packet rate.
Polls to the asynchronous interface card are at a lower priority than the segment
sequencer sampling polls, and are arbitrated by the I/O ASIC. When at least one full
packet of data is available at the asynchronous interface, the channel sequencer, through
the I/O ASIC retrieves as many of the packets of data possible without interference with
the segment sequencer sampling. It requires 64 bus cycles (32 microseconds) to poll and
retrieve a single 256 byte asynchronous data packet.

The channel sequencer concurrently generates up to 8 virtual channel CCSDS formatted
transport frames. Multiplexing of segment sequencer output and asynchronous segments
is performed according to segment maps downloaded to its control memory. Secondary
headers within the transport frame (5) are supported, however the secondary header data
field must be written to the channel sequencer by an external process such as a CPU or
1553 interface. When a virtual channel transport frame is complete, or a time out value has
been reached for any segment of data within the virtual channel, the channel sequencer
raises transport frame available flags for the KG interface card. Transport frames
consisting of 4-256 byte segments are generated at a maximum rate of 1953 per second.
This rate far exceeds the capability of current RF space/ground links, therefore the
channel sequencer provides extended memory storage for generated transport frames.
The extended memory is managed as a FIFO.

The channel sequencer implements a Frame Operation Procedure (FOP) through the
FIFO buffer management and by assigning and tracking frame sequence numbers (virtual
and physical). Through uplink command and on-board software, transport frames can be
re-queued for transmission as long as they reside in the channel sequencer FIFO. The
transport frames, minus the Command Link Control Word are retrieved by the KG
Interface Card for real (9024 bits). When CCSDS transport frames require storage prior
to transmission, the transport frames are retrieved from the FIFO by a mass storage
interface controller.



Optional configurations allow for separate channel/transport and sequencer cards which
are interfaced through the backplane. Under this configuration the segment sequencer card
provides dual sequencers and the channel sequencer provides separate channel and a
transport sequencers. This configuration provides an additional synchronous sequencer
to generate transport layer secondary header data fields as a part of the CCSDS card set.

A KG Interface Card performs the encryption and final transport layer processing
required to transport the channel data to ground CCSDS decommutators consistent with
the Command Operation Procedure (COP) of CCSDS (7). The KG interface card
provides the ability to retrieve transport frames from the channel sequencer FIFO or if
directed can retrieve transport frames from mass storage.

The result of the layered multiplexing and the FIFO memory prior to the KG interface is
the bandwidth is dynamically allocated to transport asynchronous frames or high priority
synchronous frames. Bursts of asynchronous data are transmitted as fast as the KG
interface data rate allows. When asynchronous data is not present, the bandwidth is
utilized to transfer previously generated asynchronous and synchronous virtual channel
data until the FIFO is empty. When the FIFO is empty, fill transport packets are generated
until a new transport frame enters the FIFO.

TELEMETRY OPERATION PROCEDURE (TOP)

The buffered CCSDS implementation affords a flexible method for retransmission of
transport frames which are received in error at the ground CCSDS decommutator.
Retransmission requires additional bandwidth for error retries and additional buffering
between the channel sequencer and KG interface. The added bandwidth under the
synchronous implementation is wasted unless there is an error. Under the asynchronous
application the bandwidth is dynamically allocated for retransmission.

The condition for error reporting is provided through the CCSDS Frame Access
Reporting Mechanism (FARM) (7) which must be implemented on the ground at the
receiving end of the transmission and reported to the FOP (7) within the transport layer
(the transmitting end). The FOP within the channel sequencer provides the required
storage for retransmission.

The first and second levels, FARM-0 and FARM-1 each lock out reception of transport
frames when a frame is received in error. The FOP for these applications will go-back
n-frames transfer a TYPE-B frame to unlock the FARM at the receiving end and initiate
transmission of the transport frames over again. FOP-0 and FOP-1 are not the
recommended approach for real time CCSDS transmission since everything backs up
during retransmission and the buffering required can become extensive. They can be



implemented for stored mode playback as the data is already in storage and can be
retrieved without extra buffering.

The third level of error recovery, FARM-2 continues to receive transmission from the
FOP even after error. For each frame received with error an error report is issued to the
ground based command processor. The command processor generates retransmit
commands through the uplink to the FOP. The FOP in the channel sequencer retransmits
frames which are reported as received in error. The frames are stored for a programmed
FIFO of n-deep frames for error retransmission. If the frame does not reside within the
n-deep FIFO, a fill transport buffer is issued with the frame sequence number inserted to
clear the FARM error for that frame. The FOP-2 is the preferred solution for real-time
transmission of CCSDS frames.

CONCLUSION

While Time Division Multiplexed-Pulse Code Modulation (TDM-PCM) provides a highly
capable method for correlation of telemetry sampling in time space for completely
synchronous application, it has short falls for applications involving asynchronous data
sources. CCSDS formats provide equally capable methods for time correlation under the
synchronous and asynchronous applications without the shortfalls of TDM-PCM.

TDM-PCM requires extra bandwidth in the downlink to handle asynchronous data
sources. The extra bandwidth is directly proportional to the worst case burst arrival rate
of asynchronous data. CCSDS requires extra bandwidth in the downlink for
asynchronous data sources. The extra bandwidth is less than that for the TDM-PCM
system and is directly proportional to the average data rate of asynchronous data and the
maximum latency allowed for arrival of asynchronous and synchronous data.

TDM-PCM is limited in time space correlation to many factors dealing with the
transmission of the downlink telemetry, and the ground system relay of the transmitted
data. CCSDS is limited in time space correlation to an equivalent of a 166.66 Mbps (60 ns
resolution) link directly connected to a decommutator. Time reference accuracy with the
CCSDS implementation is dependent on the ability of the ground to set the FDACS
internal time stamp clocks to ground truth.

TDM-PCM provides no mechanism for retransmission of frames received in error.
CCSDS provides retransmission capability however the Telemetry Operation Procedure
(TOP) has not been defined and the uplink Command Frame format does not provide the
equivalent Command Link Control Word involved with the Command operation
Procedure (COP). The error frame retransmission must be commanded by the ground
Command Processor.



TDM-PCM decommutated data is at the telemetry point, ID, Time tag level. Ground
processing at the interface to the decommutator is limited to the input processing
capability of a CPU to accept these data points. CCSDS is at the packet level thereby
simplifying ground processing equipment since the CPU operates on buffered data rather
than paired data points.
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ABSTRACT

Global Positioning System (GPS) translator signals have been used to track U.S Navy
Trident missile test launches for the past 15 years. Absolute position accuracies of better
than 20 meters in real-time and 8 meters in post mission have been consistently
demonstrated. Flight qualified GPS translators 40 cubic inches in size have been
developed for the U.S. Army Exoatmospheric Re-entry Vehicle Interceptor Subsystem
(ERIS) program and are currently available for use by U.S. and allied government test
ranges.

More widespread use of GPS translators is constrained, however, by the great expense
and size of the custom ground equipment currently used to acquire GPS translator signals
and compute the position and velocity of the vehicle. To address this problem, the U.S.
Air Force Western Space and Missile Center (WSMC) placed 3S under contract to
design a lower-cost GPS translator processor based mainly on using commercial
telemetry equipment.

This paper describes how a working prototype was constructed to demonstrate the
feasibility of the Translator Record and Interface System (TRIS). This prototype shows
that TRIS can be built from a combination of commercially-available telemetry equipment,
GPS equipment developed for the U.S. Air Force Range Applications Joint Program
Office (RAJPO), and a few elements of custom equipment.

Key words: translator, transdigitizer, TSPI, GPS, tracking, navigation, TRIS.

VEHICLE TRACKING USING GPS

GPS navigation systems will offer considerable advantages for determining time, space,
position information (TSPI) for flight vehicles at US and allied government test and



training ranges. When the full GPS constellation becomes operational in the early 1990’s,
GPS will offer practically 24 hour world-wide coverage, provide rapid access to
estimated trajectory, and allow trajectory estimating accuracy that does not degrade with
elapsed time or distance from the vehicle to the tracking site. The benefits of GPS can be
further enhanced when a ground transmitter (GT) is used to broadcast GPS-like signals to
reduce periods when the geometry of the GPS satellites results in decreased trajectory
estimation accuracy [1].

On-board GPS receiver.  There are two distinct ways to use GPS to track flight test
vehicles. The obvious way is to use an on-board GPS receiver to acquire GPS signals
and estimate the position and velocity of the vehicle (Figure 1). The position and velocity
values are then either transmitted to the ground via a telemetry link or stored on-board a
recoverable vehicle for later readout. The raw pseudo-range and range-rate measurements
made by the on-board GPS receiver can also be stored and later used for post-mission
computation of the vehicle trajectory, as is done in the RAJPO Method 3 software
developed by 3S for Interstate Electronics Corporation (IEC).

Translated GPS.  Translated GPS is a fundamentally different way to use GPS signals
to estimate the position and velocity of a flight vehicle [2]. In this case, a GPS translator is
carried on the vehicle to be tracked. The translator receives the GPS coarse acquisition
(C/A) code spread spectrum signals, adds in a pilot carrier. translates these signals to a
frequency in S-band (2200 to 2400 MHz) and transmits the resulting signal (Figure 2). A
GPS translator processor receives the translated GPS C/A code signal in S-band and
estimates the position of the vehicle. It is the design of a low-cost GPS translator
processor that is the topic of this paper.

The advantages of translated GPS as compared to an on-board GPS receiver have been
described elsewhere and are briefly summarized here [2, 3]. First, an on-board GPS
translator is considerably simpler than an on-board GPS receiver. Second, translated GPS
has a 6 dB signal-to-noise advantage due to the “data wipe” of telemetry data within the
GPS translator processor. Third, more powerful tracking and navigation methods are
possible when computations are not done on-board the vehicle. Finally, the GPS
translator processor can record the GPS C/A code spread spectrum signals prior to
detection and thus allow post-mission computation of the estimated vehicle trajectory
using truly raw data.

Translated GPS has the disadvantage of more frequent signal dropouts as the GPS signal
passes through both receive and transmit vehicle-mounted antennas. A second problem is
that the available GPS translator does not provide downlink of inertial aiding data. This
paper shows how these problems are mitigated in the design of a low-cost GPS translator
processor. Also, this design will support future GPS translators that provide inertial data



downlink. A third disadvantage is the 2.5 MHz bandwidth used to downlink the translated
GPS signal. This frequency allocation issue is not discussed herein. A final disadvantage
is the perception that the GPS C/A code used in translated GPS provides lower accuracy
than the GPS precision (P) code. There is no real disadvantage here: a coherent carrier
tracking C/A code receiver can achieve accuracy comparable to a P code receiver.

Transdigitized GPS.  Transdigitized GPS is a variation of translated GPS [4, 5], In this.
case, a vehicle-borne GPS transdigitizer converts the GPS C/A code spread spectrum
signals to baseband and performs in-phase and quadrature-phase (I&Q) sampling at a rate
of about 2 MHz. Inertial measurements are multiplexed with the I&Q samples, and the
combined data are transmitted to a GPS transdigitizer processor. A GPS transdigitizer
was developed for the Deep Ocean Transponder/Sonobuoy Missile Impact Location
System [DOT/SMILS), but it is not suitable for flight use [6]. Processing transdigitized
GPS signals is similar to processing translated GPS signals. Both types of signals will be
supported by the system described in this paper.

THE TRANSLATOR RECORD AND INTERFACE SYSTEM (TRIS)

Origin of TRIS.  IEC developed the Flight Test Support System (FTSS), which was
first used to track GPS translator signals from U.S. Navy Trident missile test flights in
1974 (7). An assessment of more than fifty flights shows a consistent post-mission root
sum square (RSS) accuracy of better than 8 meters in position and 0.09 feet per second
in velocity [8]. A 40 cubic inch GPS Ballistic Missile Translator (BMT) has been
developed by IEC for the RAJPO at Eglin AFB. IEC has also developed a Translator
Processing System (TPS) for real-time and post-mission vehicle trajectory calculation
[2,9]. The BMT and TPS will be used to track U.S. Army Exoatmospheric Re-entry
Vehicle Interceptor Subsystem (ERIS) interceptors and targets in the 1990’s [10].

The U.S. Air Force Western Space and Missile Center (WSMC) at Vandenberg AFB
recognized that recent advances in technology have made possible a reduction in the
complexity and cost of the equipment required to receive and process GPS translator
signals [11]. 3S was placed under contract by WSMC in June 1989 to study to the
feasibility of using commercially-available equipment to provide these improvements. The
remainder of this paper describes the 3S design for a Translator Record and Interface
System (TRIS) that offers a simpler, lower-cost alternative for processing GPS translator
signals.

TRIS architecture.  TRIS consists of commercial, custom and RAJPO equipment
(Figure 3). The RAJPO BMT mounted in the vehicle receives all signals in a 2 MHz wide
GPS C/A code pass band centered at 1575.42 MHz. Signals in this pass band are
translated to a pre-flight selected S-band frequency in the range of 2200 to 2400 MHz. A



pure-tone pilot carrier is added at 1.92 MHz below the translated center of the GPS C/A
code pass band and the combined signal is transmitted to TRIS.

Ideally, L-band receive and S-band transmit antennas on a vehicle would exhibit a flat
phase response, provide omnidirectional coverage, have fixed polarization, and not
introduce nulls. Practical antennas do not approach these goals, thus there are dropouts in
the GPS signal received by TRIS. These dropouts are the reason for the TRIS diversity
combiner and fast reacquisition features.

The S-band signals transmitted by the BMT are received by a dual polarization autotrack
antenna that is locked to the pilot carrier. Typically, both right and left hand circular
polarization are used. The dual polarization signals are input to two standard commercial
S-band telemetry receivers, tuned 1.5 MHz above the pilot carrier frequency. A 20 MHz
second IF is used with a bandwidth of 3 MHz, which is wide enough to encompass both
the pilot carrier and the GPS pass band.

Signal conditioning unit (SCU).  The 20 MHz IF output from the dual S-band telemetry
receivers is processed by a signal conditioning unit (SCU) that performs diversity
combining, signal delay, and GPS carrier doppler correction functions. The SCU
diversity combining function performs phase alignment of the pilot carrier in the dual
polarization inputs and selects the signal with the stronger pilot carrier. Hysteresis in
reacting to differences in pilot carrier levels prevents unnecessary switching. Optimal ratio
combining is not used because it provides little practical benefit over switched combining.

The SCU signal delay function serves three purposes. First, in some configurations,
multiple receive locations are connected to a centralized navigation processor, as shown
in Figure 4. In this case, each SCU applies a fixed signal delay to cause the total ground
signal delay to be the same for all ground stations, The second purpose of the SCU signal
delay function is to remove most of the C/A code range rate variation caused by the
S-band downlink. Third, the GPS signal is delayed so that it can be aligned with inertial
measurements taken from a separate telemetry stream.

Remote signal combiner (RSC).  The TRIS architecture supports real-time reception of
Translated GPS at multiple tracking sites, as shown in Figure 4. The remote signal
combiner (RSC) at the TRIS master station is a network of SCU’s that perform
hierarchical switching of pairs of signals until the strongest signal is selected. Hysteresis is
used to prevent unnecessary switching.

Airborne TRIS.  TRIS can also be used for airborne reception of Translated GPS
signals. A minimal airborne configuration consists of dual S-band telemetry receivers, an
SCU, a pre-detect recorder, and a local GPS receiver that computes the tracking aircraft



trajectory. For real-time tracking, either all of the equipment shown in Figure 3 can be
carried on board the tracking aircraft or the SCU output can be transmitted to the ground
via a wideband communications link. The second alternative is somewhat similar to the
proposed Airborne Platform/Telemetry Relay (AP/TM) [12].

GPS C/A code receiver.  The SCU output is a baseband GPS C/A code signal as it
would appear inside a GPS receiver aboard the vehicle. A GPS C/A code receiver must
overcome frequent GPS signal dropouts to track this signal. TRIS has two mechanisms
to aid in bridging GPS signal dropouts. When inertial data are available, the TRIS SCU
delays the GPS signal so that it can be aligned with the inertial data. In this case, a
standard inertial-aided GPS receiver can be used. When inertial data are not available, the
selected GPS receiver must be capable of rapidly reacquiring the GPS signal. This
reacquisition can be quite difficult, because TRIS is intended for use in vehicles that can
accelerate at up to 200 meters per second squared.

The RAJPO High Dynamics Instrumentation Set (HDIS) GPS receiver has been selected
for TRIS use when inertial data are available [13]. For the case where no inertial data are
available, we found no existing GPS C/A code receiver that could reacquire the GPS
signal fast enough. We did, however, determine that the fast acquisition tracker (FAT)
board within the RAJPO TPS performs the rapid C/A code reacquisition required.
WSMC has accepted the 3S proposal to develop a Fast Acquisition HDIS (FA-HDIS)
that would integrate the FAT board with the RAJPO HDIS receiver. The resulting
FA-HDIS will both resolve the difficulty of tracking the translated GPS signal without
inertial data and will effectively use inertial data in the navigation solution when such data
are available.

Pre-detection record/playback alternatives.  An important advantage of the TRIS
architecture is that commercially-available hardware is used to perform pre-detection
recording of the GPS signal. The playback of the recorded GPS signal through TRlS
provides a signal for post-mission analysis and for TRIS functional testing. For highly
accurate post-mission analysis, pre-detection recordings can be processed outside of
TRIS. By using computationally intensive filters and all available sources of position and
velocity measurements, a considerable improvement in the estimated vehicle trajectory can
be accomplished post-mission [3, 8]. Table I summarizes the recorder requirements for
each of the three points in TRIS where pre-detection recording of the spread-spectrum
GPS C/A code signal can be performed.

TRIS PHASE I PROTOTYPE

3S developed a working prototype of TRIS under a Phase I Small Business Innovation
Research (SBIR) contract with WSMC. The TRIS Phase I prototype consisted of the



equipment shown in Figure 5. The purpose of the prototype was to demonstrate that
commercial off-the-shelf equipment can be used for processing GPS translator signals.

In real-time operation of the TRIS Phase I prototype, live GPS satellite signals were
received by an antenna at a fixed location and translated to S-band by a RAJPO BMT.
The resulting S-band signal was the input to a commercial S-band telemetry receiver. The
receiver’s 20 MHz intermediate frequency (IF) output was converted back to L-band.
This L-band GPS signal was then input by a GPS C/A code receiver, which estimated the
position of the GPS antenna on the roof of the 3S facility.

The fixed location BMT provided an S-band signal similar to that expected during an
operational mission in terms of signal bandwidth and relative strength of the pilot carrier
vs. translated GPS signals. This allowed realistic tests of the ability of commercial S-band
telemetry receivers to handle the BMT signal. Successful real-time GPS navigation was
achieved with both telemetry receiver models that were tried (Scientific Atlanta SA-930
and Microdyne 1400). The three different GPS receivers (IEC Astrolabe II, IEC
Astrolabe III, and Magellan GPS-NAV-1000) were successfully used in the prototype.
These are all one-channel C/A code receivers oriented toward static or low dynamic
navigation. This was adequate for the Phase I prototype because a stationary BMT was
being “tracked”.

The combination of a SA-930 telemetry receiver, a GPS-NAV-1000 GPS receiver, and a
Kodak/DataTape DTR-70 wideband (8 MHz bandwidth) analog recorder were used for
quantitative measurements of TRIS Phase I prototype performance. The 169 real-time
measurements that exceeded minimum thresholds for signal strength and dilution of
precision are summarized in Table II. Simultaneous with the real-time measurements, a
pre-detection recording was made. Later playback resulted in the 26 measurements
summarized in the first part of Table III. The final test setup involved simulation of digital
recording and playback with 1-bit samples at a 9 MHz sampling rate, which resulted in the
17 digital playback measurements in the second part of Table III. A plot of the data
(Figure 6) demonstrates good agreement in results across a number of different test
setups. Thus the TRIS Phase I prototype demonstrated that effective navigation using
GPS C/A code signals received by commercial S-band telemetry receivers and recorded
in both analog and digital formats. This validated the fundamental TRIS concept of using
standard telemetry processing equipment to handle translated GPS signals.

TRIS PHASE II

The next stage in the development of TRIS is to demonstrate its use in tracking moving
vehicles. This will require two pieces of equipment are not available off-the-shelf. First, a
prototype SCU must be built to perform dual polarization channel combining and removal



of downlink effects. Second, a prototype FA-HDIS must be developed to provide both
rapid GPS signal reacquisition as well as effective use of any available inertial data. These
developments will be performed by 3S during 1991 under contract to WSMC. This TRIS
Phase II contract also includes use of a TRIS prototype to track signals from simulated
and actual moving vehicles carrying BMTs. By early 1992 we expect TRIS to be ready
for a trial field installation.
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Figure 1. On-board GPS Receiver. Figure 2. Translated GPS.



Figure 3. TRIS architecture.



Figure 4. Multiple TRIS Receive Sites



Figure 5. TRIS Phase I Prototype

Figure 6. TRIS Phase I hardware prototype results.



Table I. TRIS Pre-detection Recorder Requirements.

signal source channels

analog digital

bandwidth total
per channel bits/sample bits/sec

(MHz) (x 10 )

samples/sec
(x 10 )6

6

receiver pre-D 2 4.0 2 10.0 40.0

SCU pre-combiner 4 2.0 2 5.0 40.0

SCU combined 2 1.3 2 2.5 10.0

Table II. Real-time Tests. Table III. Playback Tests.

2nd IF # Pre-D 2nd IF #
b/w 2D/3D of setup freq. b/w 2D/3D of

(MHz) meas (MHz) (MHz) meas.

A 1.0 2D 12 I analog 0.9 1.0 2D 6
B 1.0 3D 12 J analog 0.9 1.0 3D 4
C 1.5 2D 81 K analog 2.4 1.5 3D 11
D 1.5 3D 19 L analog 3.6 4.0 2D 5
E 4.0 2D 16
F 4.0 3D 12
G 12.0 2D 10
H 12.0 3D   7

M digital 0.9 1.0 2D 2
N digital 2.4 1.5 3D 9
O digital 3.6 4.0 2D 8



A New Method for Refinning Orbit of CPS
Satellite Using Phase Measurement

Liu Dong Sheng
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ABSTRACT

This paper developed a new method of refinning GPS satellite orbit using phase
measurement without knowing the GPS codes. Because this approach have no
connection with any particular physical model, avoiding introducing any dynamic error,
this method make it possible to get high precision GPS satellite orbit.

A simulation computation has been conducted and gave an encouraging result.

INTRODUCTION

Although only partially developed, the Global Positioning System is already being
exploited for precise geodetic surveys. However, the geodesist using GPS for long
baeline, high precision surveys may not be able to assume that the GPS orbits are known
to sufficiently high accuracy. For instance, we may wish to obtain a relative accuracy of
0.01ppm in the baseline, the maximum permissble orbit error is 0.25m. The orbit accuracy
required for sureveying depends highly on the length of the baselines to be measured.
Ephemer is accuracy provided by GPS system do not satisfy. Therefore, improving GPS
ephemeris is very important, especially for long baseline surveying.

This paper investigated an approach to use phase measurement in refinning ephemeris of
GPS satellites. By means of it make a simulation and computation and get an encouraging
result.

PHASE MEASUREMENT AND LEAST SQUARES

Suppose we make a signal measurement at t. The value of the phase depends on the
transmitted signal phase, received phase, the ambiguity and transmit time which is directly
determinged by distance between GPS satellite and earth station:



M  (t)=M  (t-t )-M  (t)+Nob s d r

where
M : the phase observation valueob

M : the transmitted phases

M : the received phaser

t : the propagated delayd

N : ambiguity

The coordinates of the earth stations are well known, so the positions of the GPS satellite
could be obtained, if we have enough observations. In fact there are many factors which
affect accuracy of the result. Such as clock errors, site location errors, measurement
noise, iono and tropesheric effects etc. Several defferences techniques have been used for
dealing with these factors.

No matter what processing technique being used, we must establish more equations than
unknown parameters by means of making observations. After getting more data enough,
the least square can be used for solution. First of all, suppose a satisfactory model is G
(x,t). The observations can be approximately computed, when x and t are specified. Here
x is vector of scalar variables to be adjusted.

The linearizing the model

dG(x,t)
A= -------------

dx

 The best estimate is
^
x=A R A) A R Y (1)T -1 -1 T -1

where:
R:  the noise convariance matrix
Y:  the difference between the actual observations and the computed values
^
x: the estimate of the difference between the adjustment parameters x and their

prior values

THE EXPRESSION OF THE SATELLITE ORBIT

In order to use the phase measurement of GPS satellite orbit. An efficient expression for
the GPS satellite positions must be found with which the positions of the GPS satellite
could be predicted exactly during certain period required for phase measurement working.



A satellite could be predicted by six quantites: a, e, w, I, S and t.

Where:

a: semi-major axis
e: the eccentricity

w: the argument of the perigee
S: the longitude of the ascending node
i: the inclination
t: the time at which the satellite flies through the ascending node

As we know the satellite position in Cartesian system r can be analytically expressed by

-
r=sq

+ ,

*cosi sinu-sin cosi sinu *

=a(1 ecosE) *sini cosu+cos cosi sinu *

*        sini sinu *

. -

where:
s:  the rotation matrix
q:  the coordinates of satellite in orbit plane coordinate system
u=v+w: the argument latitude
v: the true anomaly
E: the eccentric anomaly

Suppose there isn’t any perturbation and e=0. Then the appearance of r , r , r  are sinex  y  z

with different initial phases respectively which are depend on i. r=a. If we express r , r , rx  y  z

in polynomial with 10 orders,, the cutoff errors are less than a (2 t /T) /11!, where T isp
11

orbit period, t  is called the polynomial duration in which the polynomials are valid withp

certain errors. Because the cutoff errors increase rapidly with expending t , thisp

expression is not efficient. The interpolation polynomial has been developed to extend the
polynomial duration. Introducing a extending matrix ToG  the polynomial duration can be1

enlarged to four times as many as for given error and the order of polynomial. In other
had, with increasing the the order the polynomial duration will be also expanded. For
example, if a=26500000m, e=0, the errors are less than 2mm. The orders of the polynomial
and ratios of the polynomial duration to the orbit as follows:



order    5     6      7     8      9     10    11   13    15   17
t /T 0.04 0.09 0.13 0.22 0.29 0.36 0.45 0.63 0.83   1p

This expression is efficient for using phase measurement in determination of satellite orbit
for the polynomial duration increases quicker than order. The GPS satellite orbits are
almost circular with few perturbations, therefor this expression is available,

DETERMINATION OF SATELLITE POSITION USING PHASE
MEASUREMENT

By means of the interpolation polynomial, the dertermination of a GPS satellite orbit can
be made using phase measurement. Let’s sue three interpolation polynomials to
approximate the coordinates of the GPS satellite X  Y  Z  at t.GPS GPS GPS

X =TToG XGPS
1

Y =TToG YGPS
1

Z =TToG ZGPS
1

where:
T=[1,t ,@@@t ]1 n

X=[x ,x ,@@@x ]1 2 n+1
T

Y=[y ,y ,@@@y ]1 2 n+1
T

Z=[z ,z ,@@@z ]1 2 n+1
T

ToG  is an extending matrix composed of sampling times. x , @@@x  y , @@@ y , z ,@@@z  are1
1  n+1 1   n+1  1 n+1

the corresponding coordinates of the GPS satellite. n is order of the polynomials.
According to differences technique being used, the computed model G(S,t) could be
found.

dG(S,t)
A=&&&&&&

dS
where

S=[X ,Y ,Z ,W ]T T Y T

W=[w ,w ,@@@]1 2

S is the adjust vector. w , w ,@@@ are other adjusted parameters. The I-the row of the matrix1  2

A is
A=[A ,A ,A ,A ]X Y Z W

I I I I

where
dG(S,t)

A =&&&&&&&X
I

dX



=COX(I) TToG1

dG(S,t)
A =&&&&&&&Y

I

dY
=COY(I) TToG1

dG(S,t)
A =&&&&&&&Z

I

dZ
=COZ(I) TtoG1

dG(S,t)
A =&&&&&&&W

I

COX(I),COY(I),COZ(I) depends on different types.

The best estimate of S could be obtained from (1). Then we can acquire precise positions
of the GPS satellite.

THE SIMULATION COMPUTATION

A three dimensions simulation has been made for a theoretical GPS satellite orbit with 12
hour period and 20200 km altitude based on the most complex geopotential model at
present. Four sites whose locations are exactly well known were deployed on two sides
of GPS satellite orbit plane. 244 phase measurements were acquired from these staions
within 2 hours. Suppose total measurement mean error of 0.05 cycle and r. m. s of 0.05
cycle. By means of the method described above high precision GPS ephemer is could be
derived from these measurements. The differences between theoretical values and derived
values of GPS satellite orbit DX (with smybol + ), DY (with X) , DZ (with [] ), DR were
showed in Figue 1. Fingue 2 also shows computation with no measurement errors. These
results are summarized in Table 1.

CONCLUSION

The verification of this method mentioned above has been made by the simulation
computation for refinning a GPS satellite orbit. For two hours the interpolation polynomial
with 10 orders can express the coordinates of the GPS satellite (period of 12 hours, high
of 20200 km) with errors r. m. s less than 8 cm under toral measurement errors: mean of
0.05 cycle and r. m. s of 0.05 cycle. This result could satisfy precision demand for 0.003
ppm relative baseline errors. The shorter polynomial duration will have better accuracy,
but that means reqiring more sites to be involved. We can choice the duration and order
of the interpolation polynomial according to precision requirement of the GPS satellite
orbit for surveying or positioning.



Table 1. Two Hours Simulation Results

measurement errors no errors mean: 0.05
(cycle) r.m.s: 0.05

DX mean 0.4 -0.6
(mm)

r.m.s 1.74 25.44

DY mean -0.8 -22.6
(mm)

r.m.s 2.73 14.30

DZ mean -0.1 61.4
(mm)

r.m.s 0.63 16.26

DR mean 2.9 71.7
(mm)

r.m.s 1.86 16.16
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Optical Communication in Space -
A Challenge to Microwave Links
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Abstract:

Laser communications offer a viable alternative to microwave
communications for intersatellite and interplanetary links.
Main characteristics are higher data rates, small size
antenna telescopes with narrow beamwidths, but the drawback
of the necessity for complex pointing, acquisition and
tracking systems.
After a review of some important technology aspects and
modulation / detection schemes the optospecific link
parameters axe discussed. An experimental coherent optical
system set-up at DLR is described.

1.   Introduction

Today, space communication is exclusively based on microwave
links. Under the stress of RF spectrum management and the
increasing demand for a data transfer at higher data rates
it became evident that the potential of data transmission in
the optical frequency range by lasers must be considered. An
additional advantage in space projects is the smaller
antenna size onboard a spacecraft requiring less additional
weight and volume. Blockage of the field of view for
satellite sensors and momentum disturbances are diminished.
Fewer on-board consumables for attitude control will be
required.
The diameter of the Voyager antenna, e.g. is 3.7 meters.
During the Saturn encounter the footprint in the plane of
the earth of the X-band signal was 2000 times the earth’s
diameter. A laser at Saturn transmitting visible light of
say 0.5 µm wavelength through a 10 cm telescope would
produce a footprint like the diameter of the earth only.
A considerable drawback of those kind of systems is the
demand for a high-precision acquisition and tracking system
and the raised degree of system complexity.



2. Applications of optical space communication systems

The potential use of optical communication systems can be
divided in three main applications (Fig. 1):
C Interorbit link:  Of great interest is the data

transmission from a low earth orbit (LEO), such as earth
ressources satellites, manned spaced stations, polar
platforms or Hermes to a geostationary earth orbit
(GEO), or a data relay satellite (DRS). This data link
requires high data rates in the order of 500 Mb/s in the
return link (LEO-GEO), while the forward link (GEO -
LEO) only demands telemetry data rates of about 25 Mb/s.

C Intersatellite link:  A second important application
especially for commercial voice, television and data
transmission is an intersatellite link between two
geostationary telecommunication satellites. This link
prevents double hopping arising from the use of an
additional third earth station if two participants
living on opposite sides on the earth like to
communicate. Moreover interferences with microwave links
will be avoided.
Deep space missions:  A third application of prime
importance is the high capacity data transmission from
planets such as Mars (78 to 400 million kilometers from
earth) or Saturn (1197 to 1654 million kilometers from
earth) to a geostationary earth DRS.

Fig. 1:  Potential optical Space Communication Links



3.  Technology Aspects

3.1 Laser Transmitters

Because of the requirement for both high efficiency and high
beam quality many lasers which are suitable in terrestric
applications are unsuitable for long-distance space
communications. The most common solid-state lasers employ
optical pumping of a host crystal or glass dopped with an
appropriate ion. The best developed materials are ruby,
Nd : glass and Nd : YAG (Y  A  0 ).3+    +3

3 15 12

The Neodym-doped:Yttrium-Aluminium Garnet (Nd: YAG) Laser is
the most commonly used solid-state type at present, which
possesses a combination of properties uniquely favorable for
laser operation.

The YAG host is hard, of good optical quality and has a high
thermal conductivity. The cubic structure favours a narrow
fluorescent linewidth, resulting in high gain and low
threshold. Its structure is stable in a wide operational
temperature range. Strength and hardness are lower than ruby
but still good enough for normal fabrication procedures.

Approximately 2W continuous operation have been achieved
from a diode pumped Nd: YAG rod laser in a single
fundamental coherent node of 1.06 µm with a conversion
efficiency of 13 % /l/.

Further development efforts being made to obtain 10 W c.w.
output. In some applications the frequency is doubled in a
nonlinear crystal (e.g. KTiOPO ) with more than 50 %4

efficiency, resulting in a quantum detection efficiency of
higher than 30 %. Furthermore the doubled frequency
experiences only 1/2 the diffractive spreading of the
fundamental frequency.

3.2 Detector Features

For communication links based on semiconductor laser diodes
or Nd: YAG lasers the detector of choice is an avalanche
photodiode, which is operated in the photoconductive mode
with internal gain by virtue of the avalanche multiplication
process. They show best response at shorter wavelengths, but 



at longer wavelengths InGaAs and Ge-avalanche diodes are the
favoured materials.

Fig. 2 demonstrates the quantum efficiency of different
photodiodes where the incident photons are converted to
electrons. The mean output current is proportional to the
quantum efficiency. The output of the detector is input to a
preamplifier which converts the detector signal current into
a voltage for further signal processing. The preamplifier
noise effects the systems sensitivity, of course. It is
typically specified as a noise current spectral density at
the preamp input in A/%Hz.

Fig. 2:  Quantum Efficiency of Photodiodes

The angular sensitivity for a tracking detector is a
function of the physical size, the field of view, the
received signal spot size and its intensity distribution.

3.3 Modulation and Demodulation Techniques

Pulse modulation is the most commonly used format to
transmit digital data in direct detection systems. The
simplest way is to intensity-modulate between 2 levels
corresponding to 0 and 1. Realized pulse modulation formats
use on-off keying (OOK), Pulse Position Modulation (2-PPM,
4-PPM, 8-PPM) and bipolar polarisation modulation (BPM). In



the M-ary timeslot PPM formats (M=2, 4, 8...) the bit stream
is coded in each data word. This technique leads to a very
low duty-cycle, e.g. with a 8-PPM format the laser is on for
less than 0.4 % of time. Minimum turn-on time can be as low
as 1 ns. The laser source may operate in a multiple
longitudinal incoherent mode with typical spectral widths
from 1 to 10 nm.

The received energy is collected and focused on the
photodetector, responding only to the carrier intensity
changes. Sensitivity limitations are the signal-to quantum
noise ratio and the background noise. The signal is
amplified so that the output is far over the thermal noise.

In a heterodyne digital transmission system, information is
encoded as amplitude, frequency or phase shifts (ASK, FSK or
PSK) of the coherent carrier (single longitudinal mode) with
typical spectral widths of the order of 10 KHz to 10 MHz.

Frequency modulation (FSK) can be obtained by direct
modulation of the laser diode bias current whereas ASK and
PSK need an external modulator.

Fig. 3: Quantum-Limited Receiver Sensitivity

In the heterodyne receiver the information-bearing input
signal is mixed within an optical fiber coupler with a
strong local oscillator (LO)laser and the combined wave is



detected using a photodiode. The intermediate frequency
signal (IF), the difference between the input signal and the
LO is typically arranged to be in the 1 to 10 GHz range. The
linewidth of the laser frequency finally limits the
efficiency of digital modulation schemes. As can be seen
from Fig. 3, coherent PSK gives best performance as long as
the linewidth is not greater than 1/1000 of the bit rate,
otherwise the sensitivity advantage over DPSK, FSK or even
OOK is lost /3/. FSK and OOK can be detected even at a
linewidth-to-bitrate ratio of 1, as they are less (FSK) or
not (OOK) sensitive to phase noise.

4.  Link Analysis

The link budget of a laser communication link may be
calculated in a similar way like in microwave links. The
free space attenuation for various distances up to
interplanetary dimensions is compared with microwave
frequencies in Fig. 4. The increase in attenuation is more
than compensated by the higher beam directivity in the
optical range, as the beam divergence is proportional to the
square of the ratio operating wavelength to aperture
diameter (D/8). Note, that the wavelength ratio of a 1 cm
(30 GHz) microwave source to a 1 µm (300 THz) laser is in
the order of 10 !4

Fig. 4:  Free Space Attenuation between Isotropic Radiators



The laser beamwidth is restricted by the diffraction limit
of the optics to

2  # 1.278  / D  [rad] (1)i  L  A

where  stands for the laser wavelength and D  for theL       A

diameter of the aperture.

The far-field on-axis antenna gain for a Gaussian feed beam
is given by

G(2 ) = 32 / 2 (2)L     L
2

where 2  is defined as the 1/e  beamwidth (see Fig. 5).L
2

Fig. 5:  Angular Resolution and Gain of Antenna Telescopes

Noise characteristics at optical frequencies are
significantly different than those at radio frequencies
(RF). Fig. 6 demonstrates that thermal noise predominates at
RF and quantum noise is unimportant since h@f is much smaller
than k@T. The quantum noise is the statistical fluctuation of
photons. It increases linearly and is the limiting factor at
optical frequencies.



Fig. 6:  Quantum- and Thermal Noise

Analogous to microwave systems, instead of the thermal noise
k@T the inherent quantum noise may be calculated:

N = h@f@B (3)
h = 6.62@10  [Js] Planck’s constant-34

In direct detection receivers with avalanche photodiodes the
detection process does not approach the quantum-limit
performance. Therefore the thermal noise due to the
preamplifier is a significant contributor to the total noise
power.

A potential limitation is imposed by any background source
like the sun, planets, star clusters, sunlit clouds and
scattered sunlight. That kind of noise is reduced by making
both the field of view and the spectral width as narrow as
possible. The optical width of filters must be compatible
with the linewidth of the laser source and of the expected
doppler shift, of course.

Receiving stations on ground will be problematic from the
operational standpoint, though the opacity of the clear
atmosphere in the optical range, especially at the UV-end is
fair.



Heterodyne receiving is more challenging because the
turbulent atmosphere corrupts the coherence of the signal.
In order to overcome obscurations by clouds a multiple-site
diversity is under study by selecting several sites
separated by a few hundreds kilometers. Such sites with
anticorrelated weather patterns are known to exist e.g. in
the US (Kitt Peak National Observatory/Arizona and Mt.
Wilson/California) /2/.

Future Data Relay Satellites will be equiped with optical
systems to allow continuous communications of interplanetary
spacecrafts with the earth.

Fig. 7:  Mars Communication Concept

The Mars Communication Concept aims for an optional 140 Mb/s
optical telemetry link at a wavelength of 0.532 µm. The Mars
orbiter will feed 12W into a 0.5 m diameter telescope, the
Mars ground station under study will generate 6W into 1 m
telescope (Fig. 7).

The earth ground station will use a 10 m-Telescope and a
heterodyne receiver /4/. A link estimate is added in Tab. 1.



5. Drawbacks and Problems of Realization

Unfortunately, the small beamwidth as the main advantage of
optical space communication systems is also responsible for
the main disadvantage. The very small beamwidth complicates
acquisition and tracking. Therefore, in addition to the
optical communication packet, high accuracy and high speed
pointing, acquisition and tracking subsystems (PAT) are
required to reduce the influence of satellite vibrations to
avoid a total optical link break. The main problem of
realizing the communication subsystem is based on the
nonexistent optical components for the low optical
wavelengths desired in space. Whereas in optical fiber
communication systems higher wavelengths are preferred
(e.g.: 1500 nm), optical space systems prefer lower
wavelengths (e.g.; 532 nm; visible). Note, that the fiber
attenuation loss (due to material effects) decreases with
higher wavelengths, whereas the free space beam spread loss
(due to geometrical effects) decreases with lower
wavelengths. Today, most available commercial optical
components, as optical phase modulators, optical isolators
and copplers are available for wavelengths, which are
typical for optical fiber applications, as 850 nm, 1300 nm
or 1500 nm. Against that, nearly no optical components are
available for the Nd: YAG laser wavelength of 1.064
respectively 0.532 (doubled frequency) µm (except high-cost
single fabricates) at this time.

The doppler frequency as a result of the relative motion of
two linked satellites is another problem in realizing a
coherent optical space communication system. Considering an
optical LEO-GEO link, the maximum doppler frequency shift is
in the order of 10 GHz. During one earth circulation of LEO
the intermediate frequency (IF) of the heterodyne receiver
changes from f  + 10 GHz to f  - 10 GHz, where f  denotesIF     IF     IF

the average IF. To solve this problem, the coherent optical
receiver must include a tunable local laser with a tunable
frequency span of 20 GHz and a powerful automatice frequency
control (AFC). In fiber optics, doppler effects are non
existent.

6. Experimental Coherent Optical System Set-up at DLR

At DLR’s Institute for Communications Technologies an
experimental 565 Mb/s optical DPSK system including a high



power solid-state transmitter laser and an optical
heterodyne receiver is under test.

The diode pumped Nd: YAG single mode laser with a present
output of 600 mW (development goal: 1 W) provides a
linewidth less than 100 KHz, thus allowing coherent
modulation schemes as DPSK and PSK.

The high power laser is locked to a low power solid state
monolithic Nd: YAG ring laser, which is commercially
available. A pigtailed LiNbO  travelling wave modulator is3

used for phase modulation.

The frontend of the receiver includes 2 balanced InGaAS PIN
photodiodes and a transimpedance amplifier (average power
density 14 pA/%Hz). A ring laser is used as LO.
The IF of 1130 MHz is AFC-stabilized by a thermoelectric
heater and a piezo element to control the local laser
frequency. The IF filter bandwidth is 1000 MHz. A double
balanced ring mixer is used as DPSK demodulator. The
baseband signal is filtered by a 325 MHz 10-pole Bessel
low-pass filter.
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ABSTRACT

An innovative digital approach to analog noise synthesis is
described. This method can be used to test bit synchronizers
and other communications equipment over a wide range of data
rates. A generator has been built which has a constant RMS
output voltage and a well-defined, closely Gaussian
amplitude distribution. Its frequency spectrum is flat
within 0.3 dB from dc to an upper limit which can be varied
from 1 Hz to over 100 MHz. Both simulation and practical
measurement have confirmed that this generator can verify
the performance of bit synchronizers with respect to the
standard error rate curve.

KEYWORDS: NOISE, BIT SYNCHRONIZER, GAUSSIAN, PSEUDORANDOM

INTRODUCTION

In the real world, baseband digital signals arrive
contaminated by noise. This noise is generally modeled as a
Gaussian distribution around the nominal data levels as
shown in Figure 1. If the bit decision threshold is midway
between the nominal data levels, a bit error will be
generated whenever the amplitude of the noise exceeds the
peak signal amplitude. A bit synchronizer filters and
samples the noisy signal to extract the binary data and a
clock. The performance of a bit synchronizer is specified in
terms of its output bit error rate when presented with an
input signal having a known signal-to-noise ratio. The
theoretical bit error rate performance of an ideal bit
synchronizer is used as a reference. A good bit synchronizer
will perform within 1 dB of the ideal curve.



BIT SYNCHRONIZER TESTING

Testing a bit synchronizer requires a test signal with a
known data pattern and a controllable signal-to-noise ratio.1

A typical test configuration is shown in Figure 2.
Generating a pseudorandom data pattern with a controlled
amplitude is straightforward; however, mixing the correct
level of noise with this data and producing repeatable
results is much more difficult.

NOISE REQUIREMENTS

The noise source is required to have a uniform frequency
distribution over a bandwidth several times larger than that
of the matched filter in the bit synchronizer. If the test
results are to be directly compared with the performance of
an ideal bit synchronizer, the noise should have a Gaussian
amplitude distribution and its RMS power level needs to be
known to within a fraction of a decibel. When the data rate
under test is changed, the amplitude and bandwidth of the
noise source should change correspondingly so that the noise
energy per bit remains constant. This requires a noise
source which retains a constant RMS output power as its
bandwidth is changed.

THERMAL NOISE GENERATORS

Commercial noise sources depend on the statistics of
electron flow across PN junctions to generate noise which
has a Gaussian amplitude distribution and a flat frequency
spectrum. Generally, the noise power level is known only
approximately and it will vary with time and the ambient
temperature. Measurements at high bit rates require a wide
band noise source. To match a lower data rate the noise can
be filtered to reduce its bandwidth. However this reduces
the noise amplitude and requires amplification to restore
the noise to its original level. At low bit rates the
effective noise source becomes the undefined amplifier noise
rather than the calibrated noise generator. The alternative
is to use a number of noise generators with different
bandwidths to cover the desired bit rate range. An accurate
noise power meter is needed to ensure that the amplifier
gain is set correctly.



A truly Gaussian noise source has no theoretical limit to
its maximum output voltage level. All practical generators
have some finite level beyond which they cannot go. This
sets a limit to bit error rate measurement, since the rare
noise excursions which would create rare errors are not
present in the input to a bit synchronizer. A noise signal
with its peak excursions specified at five times the RMS
noise level (a typical commercial specification) is not
capable of generating predictable errors beyond a 10-7 rate.

Some noise generators fail in the opposite direction and
generate too many rare errors. Figure 3 shows bit error rate
measurements made using three apparently identical
commercial noise generators. Only one, curve 1, gave results
approximating the true performance of the bit synchronizer
while the other two showed an excess of errors at low noise
levels.

ALTERNATIVE NOISE SOURCE

When Aydin Computer and Monitor Division’s Model 3852 Bit
Synchronizer Tester was being developed we needed a source
of noise which could be tuned over a wide range of
bandwidths. To avoid the complication, expense and
uncertainty of thermal noise sources we developed a
synthetic noise generator. The output of this generator has
been shown to have the desirable properties of a thermal
noise source yet it can be set to match any bit rate and
signal-to-noise ratio without using a tunable low pass
filter, a variable gain amplifier or a noise meter.

SYNTHETIC NOISE

An approximation to flat, Gaussian noise can be generated
from a binary pseudorandom sequence. The use of pseudorandom
sequence generators as analog noise sources has a venerable
history. They were first available in commercial instruments
in the 1960s. A shift register with feedback is used to
generate a seemingly random bi-level output signal which has
a (sine X)/X spectrum with its first null at the shift clock
frequency.

Analog noise can be generated from this binary output by
severely limiting its bandwidth, either with an analog low
pass filter or by using a weighted sum of the binary levels



at various points on the shift register to synthesize a
digital filter.  This generates an approximately Gaussian2

amplitude distribution and also flattens the output
frequency spectrum. Typically the resulting noise bandwidth
is a twentieth of the shift clock frequency. If a digital
filter is used, the noise bandwidth varies directly with the
shift clock frequency while the noise amplitude remains
constant. To test the Aydin Model 3335, a 40 Mbps bit
synchronizer, using this approach would have required a
pseudorandom generator with a shift clock tunable up to
2 GHz.

Other workers computer-generate noise samples and then
generate an analog output with a digital-to-analog converter
(DAC).  If the processing is done in real time the noise3

bandwidth is limited by the processor speed. If pre-stored
values are used, the requirement for some values to occur
with low probability makes the memory size prohibitive.

Another approach uses a digital filter to generate a
Gaussian amplitude distribution but with the same (sine X)/X
bandwidth as the input sequence.  This did not meet the4

requirement for a flat noise spectrum. We finally decided to
separate the function of generating a flat frequency
spectrum from that of generating a Gaussian amplitude
distribution. Later we discovered that this idea had been
anticipated though it had not been applied to the real-time
generation of wide bandwidth noise.

SPECTRUM FLATTENING

Since the spectrum of a binary pseudorandom sequence is
continuous out to the shift clock frequency it can be made
flat from dc to some large fraction of the clock frequency
by passing the binary sequence through a suitable filter.
Since this filter must track the shift clock rate it is
implemented digitally by summing weighted outputs from the
generating shift register. In our design the weights were
constrained to be powers of two. This has slightly
compromised the flatness of the noise and the maximum noise
bandwidth, but it has two important benefits; firstly, the
filter output has a uniform amplitude distribution, and
secondly, the filter can be built with commercial digital-
to-analog converters.



FILTER PERFORMANCE

Simulation using binary weighting (Figures 4 and 5) shows
that the noise spectrum generated is flat within 0.32 dB to
46% of the shift clock rate and that it has a -3 dB
bandwidth of 59% of the clock rate. Measurements on the
prototype confirm the flatness of the spectrum (Figure 6).
The window property of the pseudorandom sequence guarantees
that all eight-bit binary codes appear in the output with
equal frequency. This means that on average the DAC output
spends equal time at each of its 256 output levels. This is
far from the Gaussian distribution desired, but it is a more
convenient starting point than would have been generated
from an unconstrained filter.

GAUSSIAN AMPLITUDE GENERATION

By the Central Limit Theorem an approximately Gaussian
output can be generated by summing a sufficient number of
uncorrelated, band-limited, uniformly-distributed signals
and this is the method used here. A number of uncorrelated
signals are generated and mixed together. This gives a
Gaussian output signal which is bit rate invariant and whose
RMS level can be set with an accuracy limited only by
resistor tolerances.

The number of generators used was chosen to give a maximum
peak excursion of six times the RMS level. This output
closely matches a true Gaussian distribution. It passes the
chi-squared test at the 1% level of significance and its
kurtosis is 2.900. The latter is sufficiently different from
3.0 to give the output, when compared to a Gaussian
distribution, a visible deficiency at the center of the
distribution (Figure 7) and a steadily increasing deficiency
beyond two standard deviations from the mean (Figures 8
and 9).

PRACTICAL APPLICATION

For most applications this source would be regarded as truly
Gaussian, but when characterizing a bit synchronizer, rare
bit errors are generated by correspondingly rare peaks in
the noise. The measured error rate of a bit synchronizer is
thus very sensitive to the density of the tails of the input
noise distribution. A thermal noise source with a deficiency



or excess in its noise peaks would be useless for evaluating
a bit synchronizer; however, the deficiency in the synthetic
noise source can be exactly predicted. The relationship
between the input signal to noise ratio and the expected
number of errors is exactly known. If any errors are
detected the true error rate can be calculated.

When tested under identical conditions, the synthetic noise
generator gave more consistent results than the best of the
thermal noise sources tested (Figure 10). It will be
possible to calculate, from the statistics of the synthetic
noise, the theoretical error rate of an ideal bit
synchronizer. This can then be compared with the Standard
bit error rate curve which assumes Gaussian statistics. We
have shown that at all error rates greater than 10  the-7

difference in performance is within a fraction of a dB. This
performance difference can be automatically compensated for
in a microprocessor controlled bit sync tester such as the
Aydin Model 3852.

IMPLEMENTATION

The noise generator is built from twelve identical shift
register and digital-to-analog converter (DAC) sections, the
whole being driven by two pseudorandom sequence generators.
The DACs are rated to operate at an update rate of 250
Mwords per second and during testing output noise flat to
120 MHz has been measured. Each of the twelve individual
DACs is driven by an eight bit shift register whose output
bits are connected to the DAC in the correct configuration
to implement the required digital filter.

Ideally, the inputs to the twelve shift registers would come
from twelve different, uncorrelated, pseudorandom binary
generators. In practice, only two generators are used and
the twelve uncorrelated sequences to drive the filter shift
registers are generated from these by delaying the binary
sequence by a different number of clock times before sending
it to the filters. The delays are chosen to be large
fractions of the maximum length of the sequences and to have
no common divisors. At a clock rate of 200 MHz the final
noise output will repeat itself every 91 years.

In the Model 3852 tester the noise generator clock is phase-
coherent with the internal bit rate clock used to generate



the dummy data pattern. This results in a noise spectrum
which contains components at high multiples of the bit rate
clock. Since these are far outside the pass band of the bit
synchronizer input, they do not have any measurable effect
on the bit error rae.

Since both the data and the noise sequences can be reset to
start from the same point, the Model 3852 can compare
different bit synchronizers by exposing the units under test
to exactly the same input signal, noise and all. Any
differences in their error rates thus reflect genuine
differences in performance rather than statistical
fluctuations in the noise.

CONCLUSIONS

This noise generator is uniquely suited to the accurate
testing of bit synchronizers at bit rates up to 50 Mbps;
however, its tunability over a wide frequency range, its
flatness and its close conformity to a Gaussian distribution
make it an excellent noise source for general base-band test
applications.
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FIGURE 1. AMPLITUDE DISTRIBUTION OF NOISY DATA
SHADED AREA INDICATES PROBABILITY OF A DATA 1

BEING RECEIVED AS A 0



FIGURE 2. BIT SYNC TESTER



FIGURE 3. BIT SYNCHRONIZER PERFORMANCE MEASURED WITH THREE
IDENTICAL NOISE GENERATORS



FIGURE 4. THEORETICAL FREQUENCY SPECTRUM
OF NOISE SYNTHESIZER

FIGURE 5. DETAIL OF AAWHITE@@ PART OF NOISE SPECTRUM



FIGURE 6. MEASURED FREQUENCY SPECTRUM OF NOISE SYNTHESIZER
WITH 50 MHz CLOCK INPUT 

FREQUENCY SCALE 0 TO 50 MHz LINEAR
AMPLITUDE SCALE 2 dB PER DIVISION

FIGURE 7. COMPARISON OF NOISE GENERATOR AMPLTUDE
DISTRIBUTION WITH TRUE GAUSSIAN



FIGURE 8. DETAIL OF NOISE GENERATOR AMPLITUDE DISTRIBUTION

FIGURE 9. TAIL OF NOISE GENERATOR AMPLITUDE DISTRIBUTION



FIGURE 10. BIT SYNCHRONIZER PERFORMANCE MEASURES WITH
THERMAL AND SYNTHETIC NOISE
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Abstract

Telemetry encoders commonly use programmable memory devices
for the storage of data used to control the multiplexed
output format. The manual generation of this program control
information is tedious and error prone. A telemetry format
compiler has been developed to automate this process. A high
level definition of the format information is processed to
result in a binary object file which is programmed into the
memory of the encoder and executed by the state machine
controlling the encoding.

Introduction

Programming a telemetry encoder using a high level source
instead of manually generating the binary information
provides the same advantages that a high-level language
provides over assembly or machine language programming of a
computer: Rapid development, superior form of documentation,
simplified maintenance, and fewer errors.

The telemetry format compiler processes a text file which
describes the format information using the syntax and
statements of the compiler language. The objective is to
create an object file representing the intended sequence of
the program control lines (the hardware signals which
control all activity within the encoder). The compiler
outputs an object file used for programing the encoder PROMs
and a listing used to program the decom equipment. Existing
UV-EPROM or EEPROM programming equipment is used to transfer
the file to the encoders memory devices.

Creation of the telemetry format source is done on a
personal computer using a common text editor. The compiler



is invoked from the operating system command line with the
source filename and other options specified as arguments.
While processing the source file, the compiler displays
status information on the screen to show progress.

In order to program the encoder, the frame structure and the
target hardware configuration must be known. The frame
structure is created from the sampling requirements of the
telemetry data. The hardware configuration is based on the
signal conditioning requirements of the telemetered signals.
Both the frame structure and the hardware configuration are
generally determined well in advance of the time the encoder
is programmed.

Target Encoder

The telemetry format compiler was developed to take
advantage of the features of the Loral Conic PCM-440B
encoder. The resulting object code is programed into the
UV-EPROMs or EEPROMs on the program control board contained
in the encoder. The EEPROM version of the program control
board allows downloading of the format programing via an
external connector.

Multiplexer option boards are selected for installation in
the encoder to satisfy the specific signal conditioning and
interfacing requirements of each job. A variety of option
boards are available: high level and low level analog,
bi-level digital, accelerometer signal conditioning,
resistive temperature device (RTD) signal conditioning,
MIL-STD-1553 bus interface, switch closure, digital bus
interfaces, and many others. Each board has its own
addressing requirements. The channel density can range from
one to 96 per board. Some boards have pipelined addressing
to allow for settling of the excitation signals and analog
multiplexers over several word periods.

The PCM-440B is capable of generating a minor frame with a
length of up to 2048 words and up to 2048 subcommutated
words. A 32 bit wide program control word is placed on the
encoder bus during each minor frame word period. The
multiplexer boards decode the signals and respond by
supplying the data requested to either an analog or digital
bus on the encoder mother board.



There are numerous hardware requirements that are considered
during generation of the program control code. Some of the
control signals have reserved functions, for example board
enables, frame sync, bits per word, coding, and word type.
Certain program control bits need to be shifted for proper
alignment due to the pipelined nature of the encoder
multiplexing.

The compiler is programmed with default values that are
specific to the PCM-440B, but most characteristics of the
target encoder can be specified in the source file created
for each application. Features which are not user definable
can be accommodated by making changes to the low level code
generation routines in the compiler, thus allowing the
compiler to be adapted to other encoders.

Requirements

Functions have been incorporated into the compiler program
to satisfy the requirements of existing and foreseeable
encoder applications. Telemetry standards imposed by IRIG
106 also dictated certain functions.

Some elements are common to almost all telemetry formats. A
fixed length frame structure is usually used with a frame
synchronization pattern marking the boundaries of each
frame. Many formats have subcommutated words (a single word
location which contains a different parameter in each minor
frame). In these cases a sub-frame identifier (SFID) is
needed to allow extracting each unique word during telemetry
processing. Unused locations in the format are filled with a
specific binary pattern using a constant value parameter.

Other less common requirements are: a user defined
synchronization pattern, sub-frame synchronization not using
the common SFID counter, pipelined multiplexer addressing,
and scrambled channel addressing. The compiler language was
developed to support all of these requirements.

Board type definitions are needed to allow specifying of
hardware characteristics of the multiplexer boards installed
in the encoder: address signals, linear or non-linear
channel addressing, and attributes common to all channels on
that board. A parameter definition then references a board 



type in addition to other characteristics unique to a
particular channel.

Source File Structure

The source file is broken down into several sections. Each
section contains a related group of information which
controls the format code generation. Table 1 summarizes the
section names and purpose. Comments may be inserted anywhere
in the source file. The sample listing in the appendix shows
the use of each section.

Table 1. Section names and purpose

Section Purpose

Version User defined version string
Prom Program control characteristics
Filename Output filenames
Majorframe Defaults for entire format
Attrib ute User defined attributes
Boardtype Multiplexer board characteristic
Parameter Definition of parameters
Const Definition of constant words
Subframe Minor frame depth
Subcom Subcom word contents
Format Minor frame format

Implementation

The development environment using the compiler is similar to
most high level computer languages. The compiler processes a
source file created by a separate text editor. This is
sometimes referred to as Abatch@ mode or command-line
execution. Error and warning message are written to the
computer screen. Errors are corrected in the source using
the text editor and then the compiler is executed again.
This process repeats until satisfactory results are
achieved. Just as with a computer language, this method has
advantages over menu driven or interactive operation for
large or complex jobs. For example, comments may be used to
enhance the documentation, and a complete record of the
design may be printed and maintained.



The language of the telemetry format compiler is a mix
between a declarative and a procedural language. Certain
operations are described and the compiler computes the
sequence of program control signals necessary to perform the
task. In the case of the FORMAT code section, the exact
sequence of words in the output stream is listed. The
compiler integrates both operations. The syntax of the
language is similar to Pascal which, not coincidentally, is
the programing language used to develop the format compiler.

The source file is scanned and broken down into tokens which
are compared to a command list to direct processing.
Delimiters, symbols and arguments are analyzed to create a
database containing all information about the hardware,
telemetry frame structure, and parameters.

The heart of the compiler is the database containing the
parameter records, subcom word records, and format records.
Most operations either read from or write to these records.
This database is transient; it is generated from the source
file and after being used to generate the object file it is
lost when the program exits. The database may be written to
a disk file by a simple code change if other programs are
developed which need this information, such as automatic
decom programming.

Parameter records consist of the items used to describe the
words in the format: name, word type (analog or digital),
parity, associated board type, word length, and other
attributes which come directly from the parameter definition
or are derived. Refer to Table 2.

A subcom record contains the subcom symbol name, its depth,
word position, and a pointer to the parameters in the
subcom. Additionally, a flag indicates whether it contains
more than one word type, which requires special processing.



Table 2. Parameter Record Items

Item Description

symbol name of parameter
value control word for parameter
mask bits expressly specified in parameter
bitsperword bits per word
coding parity/forcing
board board number
wordtype sync,analog,digital,spare
channel channel # on board
size size relative to common word length
wordloc where its located, first time
adswordloc location in frame on ads-100
subframe minor frame number
occurrence number of times it was seen
period major frame words between samples
adsperiod period on ads-100, used for increment
latchgroup group number, for pipelined addressing
boardtype board type definition to use if any

The format array is a representation of the minor frame
structure. A record representing each word has an item to
hold the parameter or subcom name and an item specifies if
any strobe line is asserted. The format section of the
source file fills the format array to provide a memory image
of the format structure which can be read and processed
faster than the disk file. The array is sequentially read
and interpreted, once for each minor frame. The binary
information is generated during this process and stored in
another array which corresponds exactly to the program
control words to be programmed into the encoder. The program
control array is then read and converted to a hex file
according to the hardware configuration specified in the
PROM section.

Several automatic features have been implemented.
Synchronization patterns, from IRIG 106, are stored in the
program and are generated by indicating the length of the
pattern desired in the output format. An SFID counter is
generated for use as the sub-frame synchronization method. A
user defined sync pattern or other SFID methods can be
generated by defining constants.



Strobes are external signals which pulse at a specific point
in the frame. They are commonly used to synchronize an
external or internal event to the telemetry frame. Any
number of program control lines nay be defined as strobe
signals. External strobes are routed to an interface
connector. Internal strobes are available on the encoder
motherboard for use by the multiplexer boards.

To aid in programming the decom equipment a table is
generated which contains the word and frame number for each
parameter, and the word and frame increment for supercom and
subcom words. The programming must be done manually while
reading a printout of this file. The appendix shows the
table generated by the example format.

Conclusion

The telemetry format compiler discussed in this paper was
developed to speed the programming of the PCM-440B encoder.
By using it, an encoder can be programmed in several hours
depending on the complexity of the frame structure.
Modifications to programs can be accomplished in minutes.
When the encoder is configured with UV-EPROM memory devices,
factory and field reprogramming is greatly simplified.
Encoders configured with EEPROM program control boards can
be re-programmed without removing the unit from its
installation.

Appendix

Telemetry Format Source File Example

(Example format, very simple)

version:’Version 0.3 04/26/90';

prom {specify characteristics of prom}
  size:$2000; {size in hex}
  subcomstart:$1001; {starting location of subcom information, in hex}
  width:2; {width of each prom in bytes}
  number:2; {number of proms}
end;

filename {specify output filenames}
  0: 'testv6.hex’; {0 = low word prom, u6}
  1: 'testv7.hex’; {1 = high word prom, u7}
  map:@testv.map'; {word location map file}
end;



majorframe {defaults and frame characteristics}
  word:8;    {word width in bits}
  length:10; {minor frame length in words)}
  fault:    011XXXXl 1XXXXXXX XXXXXXXX XXXXXXXX;
  boardenable;[a7..a9]; { board enable field for standard PCM-440}
  channel:[a0,.a5]; {channel # range and location}
  shiftbits:b11,b12,b4,b5,b6,b7,b8,b9; {default}
  clock:b0:0:1:1; {bitpos, startlevel, hiperiod, loperiod}
end;

attribute {user defined attributes, specified lines are asserted}
 st1:a15=0:a14=1:shift; {strobe signal}
 st2:al3=0;
end;

boardtype
  accel: order:a0,a1,a2,a3,a4,a5;  a:f:b9=0;  end;
  highlevel:
    channels:      {map channels to create linear addressing}
      ch[1..16]=[48..63];
      ch[17..32]=[64..79];
      ch[33..48]=[80..95];
    end;
    a:p; { all words on this baord are analog, apply parity bit}
  end;
end;

parameter {definition of each parameter in the format}
  acc1 :accel:ch0;
  acc2 :a:f:ch1;
  a1   :a:f:be0:ch0; {analog, forcing bit, board enable 0, channel 0}
  a2   :a:f:be0:ch1; {channel 1}
  a3   :a:f:be0:ch2; {channel 2}
  a4   :a:f:be0:ch3; {channel 3}
  hl1:highlevel:chl;  {uses high level board definition}
  hl2:highlevel:ch2;  {the only thing else needed is channel #}
  hl3:highlevel:ch3;
  hl4:highlevel:st2:ch4; { assert strobe 2 along with this channel}
  hl5:highlevel:ch5;
end;

const
 x=$55;    {unused word constants}
end;

subframe
  sfid:8,$10; {sub frame variable and depth and start count}
end;

subcom {definition of sub cam contents}
  subcom1:a3,a4,acc2,x; {automatically duplicated to fill depth of 8}
  subcom2:acc1,a1,acc1,a2,acc1,hl1,acc1,hl2;
end;

format {the input is free form so spaces and tabs may be used to group}
  {word #} {name}
  {1,2}  sync(16), {16 bit IRIG sync pattern}



  {3}    sfid,
  {4}    hl3,
  {5}    hl4,
  {6}    hl5-st1, {assert strobe 1 here}
  {7}    subcom2,
  {8}    subcom1,
  {9}    hl3,
  {10}   hl4;
end;

 Parameter Map Table

Version 0.3 04/26/90 (PCM440 Compiler Ver 36) Run:06/01/90 19:57:01
Number of PCM-440 words per minor frame= 10
Sync pattern: 1110101110010000
parameters

PCM-44- Word Frame
Name Occurs Period Word # Frame # Inc Inc
ACC1 2 20 7 0 0 2
ACC2 2 40 8 2 0 4
A1 1 80 7 1 0 0
A2 1 80 7 3 0 0
A3 2 40 8 0 0 4

A4 2 40 8 1 0 4
HL1 1 80 7 5 0 0
HL2 1 80 7 7 0 0
HL3 16 5 4 0 5 1
HL4 16 5 5 0 5 1

HL5 8 10 6 0 0 1
x 2 40 8 3 0 4

SYNC1 8 10 1 0 0 1
SYNC2 8 10 2 0 0 1

subcoms
        SFID loc:  3 depth:  8
     SUBCOM1 loc:  8 depth:  4
     SUBCOM2 loc:  7 depth:  8



INVESTIGATION OF CHIRP INTERFERENCE ON M-FSK
DEMODULATION USING RAC
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ABSTRACT

Recently, many satellite systems started to employ reflective-array compressor
(RAC) to demodulate their M-FSK communication signals. Because the RAC’s
time delay varies with the temperature, pilot-tones are usually introduced as the
operational reference. In this paper, the basic chirp Fourier transform (CFT) is
briefly reviewed. Then, investigation into possible pilot-tone interference caused
by various chirp signals with RAC’s dispersive delay properties is presented
and discussed.

CFT AND M-FSK DEMODULATION

In modern digital communications, it is desirable to demodulate simultaneously
many incoming M-FSK signals. Since it is often infeasible to implement a big
bank of analog filters or a very complicated digital processor in the receiver,
RAC becomes an attractive light-weight, low-power, and high-speed M-FSK
demodulator.

During each chip period, the M-FSK user transmits one of the assigned M
frequencies. In general, the value of M is selected as M = 2 , where k is ak

positive integer and is less than or equal to 3, and the received signals are
incoherently demodulated from chip to chip. When such a system involves N
users, the demodulator must determine which N frequencies out of a total of
M x IN possible frequencies are being transmitted. If frequency hopping is also
adopted, the occupied bandwidth will be much wider, though the hopping can be
removed by mixing the received signal with the output of a synchronized
hopped-frequency synthesizer at the receiving end. At the present time, FDM
M-FSK with slow and/or fast frequency hopping is considered the best choice
for jam-resistance applications.



In M-FSK communications, the purpose of RAC CFT is to convert the signal
variation from the frequency domain into the time domain [1-3]. To simplify the
exposition we shall assume that the three component RACs (RAC-1, RAC-2
and RAC-3) have similar properties (i.e., they are all down-chirp and with equal
slope). Fig. 1 and Fig.2a will describe the operational diagram and its related
frequency versus timing relationship.

Let us refer to an N-user M-FSK CFT configuration described in Fig.l. There are
N frequency tones inputting to the differential delay RAC-1 at point A, and the
duration time is one chirp period. These tones are delayed in such a manner
that the highest frequency is delayed the least and the lowest frequency is
delayed the most, as showed at point B. Now, a short pulse is applied to the
expander RAC-2 at point C, and produces a down-chirp at point D. As shown in
Fig.1, the lowest frequency of the input tones is designed to be higher than the
highest frequency in the down-chirp. Thus, mixing an input tone with the down-
chirp will produce an up-chirp, and mixing a set of input tones with the down-
chirp will produce a set of up-chirps, as showed at point E. This effect can be
further explained by the basic mixer function.

Consider that two input signals, a constant frequency tone f , and a down-chirptone

f , are sent to the mixer, and it produces two outputs, (f  + f ) and (f  - f ).dc            tone  dc   tone  dc

However, the frequency of the former output, the sum of two input frequencies,
is too high and will be filtered out. Therefore, the only mixer output is the
difference of the two signals, an up-chirp signal. If the input f , is a set oftone

frequency tones, the mixer output will be a series of up-chirps, one for each
input tone. This set of up-chirps is then input to the down-chirp compressor
RAC-3, and the compressed output becomes a series of short pulses, or a
series of signals. At this stage, the RAC has converted the variation of the
received M-FSK signals from the frequency-domain into the time-domain, and
the CFT operation is completed.

PILOT-TONES, JAM-PROOF PROTECTION, AND POSSIBLE ECM
PROBLEM

The basic RAC material, such as LiNbO , is highly temperature dependent,3

which causes RAC chirp, bandwidth, CFT output pulse and relative time of
compression and expansion to vary [4]. In this study, we are only concerned with
the dependence of propagation delay on temperature variation, as shown in
Fig.3. To solve the timing uncertainty problem, two pilot-tones are customarily



introduced. One pilot tone is higher than the highest incoming frequency tone
and the other is lower than the lowest frequency tone. After accurately acquiring
the pilot-tones, they are used as the timing reference for demodulating the
received signals.

At the present time, various advanced digital communication techniques,
including correction/detection coding, encryption, frequency hopping, spread
spectrum, etc., are used to protect the FDM M-FSK communication signals. The
jam protection of the two pilot-tones (PT1 and PT2) is achieved with the
following manner. First, RAC-1 is designed to operate as both the bandpass
filter and the dispersive delay line. That is to say, its bandwidth must be large
enough to accommodate the set of M-FSK signals, uncertainty timing and
frequency drift due to the physical operational environment but small enough to
provide the jammer rejection at the two pilot tone frequencies. In other words,
the frequency characteristics of RAC-1 will only band pass the incoming M-FSK
signals, but reject the signal in both pilot-tone frequencies. Therefore, the
jammer cannot directly interfere the two pilot-tones. Second, the two pilot-tones
are injected at Point B after RAC-1 performing its differential delay operation.
With this implementation, one would assume that the two pilot tones could
secure their jam-proof protection.

However, our study indicates that the possibility of pilot-tone interference still
exists. Consider two up-chirp signals showed in Fig.2b. These two signals are
received at point A and are compressed into two short pulses by RAC-1's
down-chirp characteristics. Both of these short pulses and the down-chirp from
RAC-2 are input to the mixer. Since the duration time of these short pulses is
significantly shorter than one chip-time, their corresponding f  in this shortdc

duration time is a very narrow frequency band, or may be simply considered as
a single frequency, f . Therefore, the mixer outputs at point E, (f  - f ) .0         pulse  dc

(f  - f ), are still two short pulses but containing lower frequencies. These newpulse  0

short pulses pass the down-chirp RAC-3 and become two down-chirp signals.
For this reason, although up chirp singals cannot directly jam the pilot-tones, the
CFT of the RAC changes these up-chirps into pilot-tone interference.

It is also interesting to learn that different interference effects can be obtained
by varying the slope of the up-chirp signal, as illustrated in Fig.2c. In addition,
similar effects are shown from either up-chirp or down-chirp signals. For easy to
reference, examples of down-chirp interference and their slope effects are
illustrated in Fig.2d.



SUMMARY AND DISCUSSIONS

In this paper, possibility of pilot-tone jamming caused by chirp signals and CFT
properties occurring in RAC demodulation is presented and illustrated. One way
to avoid this kind of interference is to increase the guard space between the
pilot-tones and the communication signals. Further investigation in this area is
strongly recommended.
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Figure 1  RAC M-FSK demodulation diagram



Figure 2   RAC CFT for various input signals



Figure 3   RACs timing uncertainty due to temperature
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ABSTRACT

The 90’s will be a challenge to many industries, but in
particular to airframe manufacturers like EMBRAER that wish
to grow up on a solid basis not only for this decade, but
also for the next one. This paper describes the requirements
of the on-board data acquisition system and alternatives
proposed for the EMBRAER’s new 19-seat, twin engine turbo
prop commuter aircraft, the CBA-123.

PUTTING IDEAS ON PAPER

EMBRAER’s previous experience with on-board data acquisition
systems dictated the search for a better design and more
advanced technology. Requirements were small size, light
weight, modular design, reduced cabling and Aeasy-to-install@
connectors, easy programming and reprogramming by an
inexpensive tool (like a PC-computer), in a few words,
something that would suit an already-crowded test aircraft
in a very tight flight test program.

Basically, the on-board data acquisition system should be
capable of:

1. being modular installed in the aircraft, as close as
possible to transducers.

2. Alistening@ to ARINC 429 and CSDB avionic buses.

3. accommodating a high number of analog channels with
programmable gain, offset and (maybe) excitation voltage
settings.



4. acquiring data from digital sources (such as switches,
digital counters, BCD outputs, etc).

5. handling bit rates up to 1 Megabit per second.

6. local programming through connection to a PC computer.

Besides that, a requirement of monitoring engineering data
was added to the on-board system, that should additionally
provide display and hardcopy of real-tine engineering data
(not raw data), to assist flight test engineers aboard the
aircraft in analysing and validating test maneuvers (their
Aown ground station@).

All this, if possible, should speed up the certification of
the aircraft, allowing the company to reach the actual
production phase as soon as possible, reducing development
cycle (time) and nonrecurring costs (money).

The next paragraphs shall illustrate in more detail some
requirements of the on-board data acquisition system and for
its new aggregate, the on-board data display system.
Starting from a more general requirement, a specific
Afeature@ is addressed and an alternative to its
implementation proposed. All these Afeatures@ were part of
the on-board systems specification and will be available
when the systems are delivered.

REQUIREMENTS OF THE ON-BOARD DATA ACQUISITION SYSTEM

o LISTENING TO AVIONIC BUS DATA

The ARINC 429 and CSDB avionic buses presented a Asmall@
problem regarding the length in bits required by some of
their Alabels@ or Aaddresses@:

1. the ARINC bus delivers up to 20 bits of usable data.

2. the CSDB bus delivers up to 32 bits of usable data.

Instead of increasing the PCM word length to 16 bit,
which would also increase the overall bandwidth, bus
listener cards should allow extracting variable length
Abit fields@ from anywhere inside a valid range (1 to 32
for the ARINC 429 bus, 1 to 64 for the CSDB bus), and



encoding them into a number of Afixed-length@ 10 or 12
bit-long PCM word (see Figure 1).

The process of getting those Abit fields@ back in the
right order (something that EMBRAER Ground Station
software already does) should be transferred to the data
acquisition software module running in the on-board data
display system.

o THE ALEFT-RIGHT@ BIT-DECISION ON ARINC 429 BUS

Some ARINC labels use a two-bit field addressed as
ASource Destination Information (SDI)@ bits to separate
two different sources of data (such as Aleft engine data@
from Aright engine data@).

selection of bus data according to its ASDI@ bit
configuration, separating data sources right inside the
data acquisition system, should avoid the use of software
(in on-board or in ground station systems) to performing
data Adecommutation@ based on this 2-bit field.

Therefore, the ARINC 429 bus listener card should allow
the engineer to enter the desired SDI-bit-combination, so
that only labels containing the pattern match should be
encoded into the PCM stream.

o INCREASING CHANNEL CAPACITY

To reducing as much as possible the overhead on
Areprogramming@ the on-board data acquisition was a great
concern: such an operation might reduce the speed at
which changes could be introduced in the airborne
instrumentation.

On the other hand, the so-called Amerged@ systems offered
a very comfortable and modular solution, but normally
required extra attention to major frame design and
channel distribution on each system to be merged.

The on-board data acquisition system programming software
should provide for transparent word sequencing only by
their system (box, slot, etc) and their word/frame
location, even when data is to be encoded in different
systems.



Figure 1 - Bus Data Extraction



Therefore, total system capacity in terms of Anumber of
channels@ could be increased without proportionally
increasing programming complexity: the whole system
should look as being Aone system@ to the Aoutside world@
(see Figure 2).

Figure 2 - An alternate merging

o THE ON-BOARD DATA ACQUISITION SYSTEM PROGRAMMING

The preferred type of hardware performing this function
should be based on a PC computer that would Atolerate@ the
environment.

The PC-computer and the data acquisition system should be
connected through serial communication (RS-232). With
this Aunsophisticated@ hardware, the complexity of
programming the on-board data acquisition system should
be transferred to the supporting software.



The requirements of the on-board data acquisition system
programing software should stick to simple rules:

1. as little number of keystrokes as possible should be
used when entering or modifying data (edit Aold@,
modify, save Anew@).

2. menus should allow for fast access to a specific
channel programming for a small change and for
immediate reprogramming.

3. Apop-up windows@, from which an user should pick up an
entry, and a mouse should be strongly recommended
features for the man-machine-interface (MMI) design.

4. keeping track of modifications (Aconfiguration
control@) in a database.

5. Alisting@ the database through printed reports.

MORE ABOUT THE ON-BOARD DATA ACQUISITION SYSTEM

One major concern in EMBRAER’s specification for the new
on-board data acquisition system for the CBA-123 was clearly
toward the Adigital world@, basically represented by the
ARINC 429 and the COLLINS CSDB digital avionic buses.

Requirements and capabilities of analog signal acquisition
modules were not even mentioned, and that for a good reason:
most of the features of such a module are already settled
and completely exhausted, except (maybe) size and weight.

Data acquisition modules for digital sources can be more
easily designed to meet specific requirements, such as ARINC
data fragment extraction and ARINC data selection by looking
specific SDI-bit pattern match, as defined by EMBRAER for
the CBA-123 program.

Following the same principle, there are also future plans
for a Atotalizer@ nodule specification that shall take
information such as Afuel flow@ from the ARINC 429 bus and
integrate it along the time.



Another major concern was to adapt ourselves to Amerged
systems@, since we were accustomed to Amaster and slave@
system design.

Basically, the engineer should only worry about correlation
between word/frame location and subsystem/ box/slot/...
location, the rest should be taken care of automatically.
The actual solution is generally made at the merged system
programming software level, where the actual Asampling
sequence@ is encoded.

Using a PC-computer to running the system programming
software was derived from previous experience with Aspecial
programming boxes@, in general uniquely designed and very
expensive, and still requiring some sort of Acompiler@ run in
a ground station computer.

Inexpensive equipment, such as a lap-top PC, cuts hardware
costs at once. The remaining software costs shall be shaped
around user (engineer or other technical people) needs, but
the benefits of a PC platform are evident: it is
programmable in a number of high level languages, has a
great number of support software in the market, and can
easily be connected to other computers, such as the VAX.

All these new features shall greatly improve the daily
operation required in a flight test program from technical
personnel involved with the on-board instrumentation, after
all, the whole system shall use a total of 21 data
acquisition boxes connected together in 4 subsystems merged
into a special merging box, making a total of 900
instrumented channels from 7 ARINC buses, 13 CSDB buses, 90
thermocouples, 40 discrete inputs, 7 scanivalves and 320
high and low analog inputs.

REQUIREMENTS OF THE ON-BOARD DATA DISPLAY SYSTEM

o SINGLE HARDWARE PLATFORM

The same PC-computer used for programming the on-board
data acquisition system should be used for the on-board
data display system.



o INTERFACING WITH THE GROUND STATION DATABASE

EMBRAER keeps track of modifications in the airborne
instrumentation configuration in a large database
residing in the Ground Station cluster of VAX computers.
The database management software should be redesigned to
supporting the new instrumentation equipment and to
providing an interface to the remote database located
on-board the aircraft.

A removable media (cartridge, floppy disk) loaded in our
Ground Station with all necessary information to
programming the on-board data acquisition system and
displaying real-time engineering data should be taken to
the test aircraft and used for loading a Aremote@ database
in the PC-computer.

o SPECIAL FEATURES

REASSEMBLING DATA FRAGMENTS

Once the on-board data acquisition system had Asplit@
data words acquired from ARINC 429 and CSDB buses, and
encoded then into the PCM stream, a data acquisition
software module should provide for the Areassembling@ of
the original bus data word transparently to the
engineer before scaling and displaying it.

DIRECT TEMPERATURE TRANSFORMATION FOR THERMOCOUPLES

Due to the number of temperature readings,
instrumentation technicians chose using thermocouples
connected to a single reference junction in order to
keep a low Adollar-per-channel@ ratio.

Therefore, the data acquisition software module should
provide reference junction compensation for at least
two different thermocouple types (AK@ and AE@), so that
engineers could directly monitor temperatures in
Adegrees C@ (or Adegrees F@).

EMBEDDED TIME SUPPORT

Time correlation is essential to an engineer in most
circumstances (such as a following aircraft behavior



after a Arudder kick@), so that Amission time@ should
always be available with other displayed data.

Since BCD output is normally available in airborne time
code generator units, so, Acopying" time digits from it
should fall strictly under normal on-board data
acquisition hardware requirements concerning digital
signal sources.

There should be support for defining Asyllables" inside
the PCM stream containing time information (hours,
minutes, seconds and miliseconds) to be assembled
together and interpreted by the data display system as
the source for Amission time@.

o WORKING WITH ENGINEERING UNITS

Engineers should monitor data in engineering units,
therefore raw data should be scaled before being
displayed using basically two different types of
algebraic transformations

1. Polynomial - from first (Alinear@) to the third degree,
at least.

2. Linear Interpolation - using data pairs taken from a
lookup-table.

The last one is very important because it provides an
alternative to Apolynomial fit" when calibration data is
not a Asmooth@ line (such as from position reading
potentiometers connected to mechanic systems), and also
an easy way of Ascaling@ weighted sign-magnitude or two’s-
complement data from the avionic buses.

o REAL-TIME DISPLAYING TEST DATA

Display styles should be defined according to the nature
of the data monitored:

1. alphanumeric displays of the Abar-chart@ type for up to
8 different channels at the same time, for slow
changing data.



2. status displays (AON/OFF@, AUP/DOWN@, etc) for up to 16
discrete outputs at the same time.

3. scrolling graphics for up to 4 different analog
channels at the same time, for fast changing data.

In all displays, Amission time@ should be displayed at the
top, and there should be support for quickly redefining
which data should be displayed, so that the engineer
could select whatever suits him at any moment during a
test.

o HARD-COPYING TIME HISTORY DATA

Engineers would appreciate if data monitored on-board the
aircraft could be hard-copied on paper and included in
their flight test reports.

The most popular hard-copy produced at EMBRAER’s Ground
station is called the AEU Strip Chart@, a simulation in
engineering units of a standard strip-chart recorder,
only done with a VAX computer on a VERSATEC printer.

Advantages are obvious, and an alternative to the AEU
Strip Chart@ (at low cost of CPU power) could be achieved
on-board by using a D-to-A card connected to a strip-
chart recorder using a scaling feature which would allow
the engineer to associate EU values to the full range of
the D-to-A card (for instance, +5 to -5 Volts).

Installing a laboratory rack-mount type of strip-chart
recorder was investigated, and with no surprise EMBRAER
was not the first company using one aboard a test
aircraft without any special mechanical design, besides
shock-mounts.

o RECORDING TEST DATA

The need for having records of flight test data is
unquestionable, so, displayed data should also, as much
as possible, be recorded for quick reviewing, specially
if a data analysis program is at hand.

There should be support to record engineering data during
small portions of a test flight (Atime-slices@) in disk



files. The data to be recorded should be selected by the
engineer among those of interest for a specific test.

The format of the disk file should be compatible with a
known data analysis program for quick Aimporting@ of test
data.

MORE ABOUT THE ON-BOARD DATA DISPLAY SYSTEM

The major concern in the specification for the data display
system was mainly Aclosing the loop@, that is, once the data
acquisition system is programed, the PCM data generated can
also be monitored inside the aircraft, preferably in the
same computer used for the data acquisition system
programming.

Advantages are obvious, specially if the data acquisition
and display software have features available in the past
only at EMBRAER’s ground station systems, such as
engineering data display and recording, reference
compensation for thermocouples and time history plots, a
great benefit to technical personnel involved in preparing
and checking the on-board instrumentation, so scaled data
can be checked immediately without involving the ground
station.

For flight test engineers, test evaluation shall be
facilitated, since one may look at engineering data in real-
time, record test data during portions of a flight and look
at time history data in hard-copy.

For the CBA-123 flight test program a COMPAQ 386/25 shall be
used for both on-board data acquisition system programming
and on-board engineering data display system. It shall be
equipped with a Math co-processor, enhanced graphics
adapter, fast graphics co-processor, data acquisition
hardware and serial communication ports. An 8-channel D-to-A
converter card shall be used connected to a thermal-array
type strip recorder for hard-copying time history data.

The data display system shall be completed when a data
analysis software package is available for analysing flight
test data, and when more automated instrumentation checkout
procedures are developed.



The current system design provides an Aopen door@ to these
future enhancements.

A FINAL WORD

Since the beginning of the EMB-120 ABRASTLIA@ flight test
program EMBRAER has invested a great deal seeking out new
technology to supporting the Flight Test Division in its
continuously growing needs for more and more efficiency in
conducting flight test programs. The CBA-123 project
demanded again new investments in flight test
instrumentation and ground station equipment, but that shall
revert to the company in production cost savings and higher
competitivity.



Figure 3 - System Block Diagram



A NEW 1553 ALL-BUS INSTRUMENTATION MONITOR

Albert Berdugo William G. Ricker
Senior Design Engineer Engineering Manager
Aydin Vector Division Aydin Vector Division

47 Friends Lane 47 Friends Lane
Newtown, PA 18940 Newtown, PA 18940

ABSTRACT

Increased data throughput demands in military and avionics
systems has led to the development of an advanced, All-Bus
MIL-STD-1553 Instrumentation Monitor. This paper discusses
an airborne unit which acquires the information from up to 8
dual-redundant buses, and formats the data for telemetry,
recording or real-time analysis according to the
requirements of IRIG-106-86, Chapter 8.

The ALBUS-1553 acquires all or selected 1553 messages which
are formatted into IRIG-compatible serial data stream
outputs. Data is time tagged to microsecond resolution. The
unit selectively transmits entire or partial 1553 messages
under program control. This results in reduced transmission
bandwidth if prior knowledge of 1553 traffic is known.

The ALBUS also encodes analog voice inputs, discrete user-
word inputs and multiplexed analog (overhead) inputs. The
unit is provided in a ruggedized airborne housing utilizing
standard ATR packaging,

Keywords: MIL-STD-1553, Telemetry, Pulse Code Modulation
PCM), Real-Time Data Analysis

INTRODUCTION

Since the first application of the 1553 Bus in the early
1970’s, use of the Bus reached not only airborne vehicles
(which was the primary intent), but ground systems as well.
This wide acceptance of the Bus dictated the need, as well
as the level of sophistication required from testing and



monitoring equipments. With today’s complex vehicles,
coupled with the increase of processed data, it is not
uncommon to find three to eight buses per vehicle.

The asynchronous nature of the 1553 data does not lend
itself well to straight forward conditioning. This in turn
forced many engineers to develop various Bus Monitors to
solve specific requirements. Most Bus monitors required
preknowledge of 1553 data in order to preselect the
information of interest. These 1553 Bus Monitors were not
intended to cover unpredictable events on the bus, or to
diagnose avionics system problems.

IRIG has recognized the need for a AOne Hundred Percent@ 1553
Bus acquisition standard. However, formatting the 1553 data
into PCM for RF and recording is still required, IRIG-106,
Chapter 8 was a byproduct of this recognition. AYDIN
VECTOR’s ALBUS-1553 was developed to comply with chapter 8,
as well as to keep the selected data feature of the common
Bus Monitors.

This paper presents an overview of the general requirements
of IRIG-106, Chapter 8 and describes how the ALBUS-1553
handles specific Chapter 8 requirements. Also presented are
specific requirements beyond those presented in chapter 8.
and how the ALBUS addresses these.

IRIG-106, CHAPTER 8 OVERVIEW

IRIG-106-86, Chapter 8 addresses the acquisition of all the
traffic flowing an MIL-STD-1553 A or B data buses. The data
is formatted on a first-in / first-out basis so that all Bus
activity is captured. The formats described allow for up to
eight data buses to be handled by a single bus monitor.
Standards for both telemetry and tape recorder formats are
presented. The standard provides unique labeling for each
bus word (data, status, and command), provides
identification of each information source, and provides
extensive time tagging of events on the bus. The word format
defined by Chapter 8 is provided in figure 1. User outputs
of Pulse Code Modulation (PCM) and reconstructed MIL-STD-
1553 are described. Chapter 8 calls for asynchronous
embedding of data into a Astandard@ blank IRIG PCM frame
(Class II). Data reduction requires a compatible process to
utilize the data. The specific requirements for aircraft



internal time division command/response multiplex data bus
protocol are still guided by MIL-STD-1553 A/B.

ALBUS-1553 CIRCUIT DESCRIPTION

The ALBUS-1553 block diagram is provided in figure 2. It is
a MIL-STD-1553 Bus Monitor which supports both IRIG Chapter
8 (100% Bus data), and IRIG chapter 4 (Astandard@ PCM)
standards. The unit accepts up to eight (8) dual-redundant
MIL-STD-1553 inputs and provides several IRIG PCM data
streams for telemetry, tape recording or real time analysis,
Acquisition of mission voice, discretes and analog inputs is
also addressed.

TIME CODE AND TIME TAG

The time code provided in the chassis utilizes a
microcontroller (MPU). The MPU reads external parallel BCD
time or internally converted parallel BCD time from an
external IRIG-B AC source. A 10 millisecond interrupt cycle
is provided which:

a. Interrupts the MPU to read parallel BCD format, and
convert it to 32-bit straight binary format, or 32-bit
packed BCD format. At the end of the conversion, serial
time and its clock are placed in the backplane of the
unit for use by all modules within the ALBUS, and

b. Provides each module within the unit with a time
synchronization pulse which resets all of the local
microsecond counters.

The 32-bit time and the microsecond time are used to time
tag the frame formats of all modules to a resolution of
Amicrosecond of the year@. In addition, the microsecond is
used by the receiver modules to optionally time tag every
incoming 1553 command word.

CIRCUIT CARD DESCRIPTIONS

The ALBUS is a modular unit which uses five (5) circuit card
types:

1. 1553 Receiver card
2. 100% data merger card



3. Selected data merger card
4. Time code card
5. Built-in-test card

BUS RECEIVER CARD

The Bus Receiver card directly couples to a dual-redundant
MIL-STD-1553 data bus and provides from one to four streams
of chapter 8 PCM to the user. Selectable bit rates and a 1K
word FIFO buffer allow the output streams to normally
operate at lower bit rates depending on bus traffic. Each
card also acquires a 16-bit discrete word. Data acquired by
each bus receiver card is also buffered onto the unit’s
parallel backplane bus for use by the data merger card(s).  
The key features of the Receiver card are:

* Accepts one dual-redundant MIL-STD-1553 A/B Input
* Short/Long transformer coupling programmable by the user
* 16-bit discrete word inputs
* PCM frame format controlled by EPROM
* 4 user-programmable formats
* User-program inputs including

- Bus Identification
- Bit Rate
- Output Coding (NRZL, RNRZL, BIPL)
- Selective enable of bus data to the merger cards
- Selectable number of PCM substreams from 1 to 4

100% DATA MERGER CARD

The 100% data merger card collects data from all receiver
cards within the unit and provides a chapter 8 PCM output to
the user. The card also acquires one user voice input and a
16-bit discrete word. Selectable bit rates and a 1K FIFO
buffer provide protection from data loss. Any bus(es) may be
selectively disabled should the composite data rate from all
buses exceed the merger’s buffer capacity (at the desired
bit rate). Alternatively, the bit rate of the card can be
increased to improve throughput. The 100% merger card
operates independently from the selected data merger. The
key features of the 100% Data Merger card are:

* Accepts all 1553 data from all Receiver cards
* 16-bit discrete word inputs



* User voice input with programmable sensitivity and sample
rates
* PCM frame format controlled by EPROM
* 4 user-programmable formats
* User-program inputs including

 - Bus Identification for 100% Merger card data
 - Bit Rate
 - Output Coding (NRZL or RNRZL)

SELECTED DATA MERGER CARD

The selected data merger card selectively stores whole bus
messages in it’s RAM (64K word) according to an EEPROM based
message look up table. The PCM output provides STANDARD
POSITIONED data from the RAM as defined in EEPROM based
format table(s). The selected data merger operates
independently from the 100% data merger. The word format
developed for the Selected Data Merger data words is
provided in figure 3. Key features of the Selected Data
Merger card are:

* Accepts selected 1553 data from all Receiver cards
* PCM format length to 4,000 words
* User-program inputs including

 - Bit Rate
 - Output Coding (NRZL, RNRZL or BIPL)
 - Select from among four preprogrammed formats
 - Selective enable of 100% Merger card data to the

output

TIME CODE CARD

The time code card implements the overhead functions needed
by the ALBUS-1553. Overhead operations include three
separate functions:

1. Time code support via serial or parallel input
2. Handshake control between the receivers and merger(s)
3. EEPROM read/write of the selected data merger via

RS-232

Time code cards are available with either serial or parallel
time code inputs. The cards accept IRIG-B, AC time code
input or 40-bit parallel time code input. The card used a
80C31 MPU to provide parallel BCD to serial binary time code



conversions. The MPU also supports RS-232 programing of the
selected data merger’s EEPROM in a simple ASCII based
protocol. The key features of the Time Code card are:

* Serial IRIG-B. AC input
* Parallel 40-bit input
* Time resolution to 1 microsecond
* RS232 programming port

BUILT-IN-TEST CARD

The Built-in-test (BIT) card provides an optional health
verification method for preflight checkout. Self test of the
ALBUS is performed by sourcing simulated 1553 messages into
each Receiver card input and analyzing the resulting PCM
output. During each test message transfer, a reference data
word is compared to the resulting data word from the ALBUS
output. Successive comparisons are AND’d to form a composite
indication of the health of each of the Receiver cards
within the unit. A total of eleven (11) messages are used,
including all ten types of 1553 standard information
transfer formats. The results of the BIT are available as
discrete output indicators, or can be formatted into a PCM
data word for telemetry verification.

The key features of the Built-in-test card are:

* BIT sequence automatically initiated upon power up
* Independent verification of 90% of the internal ALBUS

circuitry
* BIT results available in discrete form or as a PCM word
* Discrete status outputs for each Receiver card indicate 

 - Simultaneous Bus traffic
 - Buffer overflow
 - Bus activity
 - Bus error

GENERAL REQUIREMENTS

The ALBUS is available in a ruggedized airborne housing with
dimensions of 7.5"W X 5.0"H X 11.5"D. Flange mounting or ATR
mounting configurations are available. Each chassis accepts
up to 11 user changeable cards depending on exact mission
requirements. The unit weighs approximately 20 pounds when
fully configured. Power requirements are +28VDC at 40 watts



per MIL-STD-704 aircraft power. A typical outline
configuration of the ALBUS is provided in figure 4.

RESPONSIVENESS TO CHANGING REQUIREMENTS

The ALBUS unit operates as a stand-alone Bus Monitor, or can
be made part of a distributed data acquisition system such
as the Vector ADAS-7000/8000. Most features of the ALBUS are
programmable by the user. The PCM frame format of the
Selected Data Merger can be programed via RS232. Frame
formats for each Receiver card and the 100% Data merger card
are programmed via user-removable EPROM.

Additional analog and discrete acquisition cards are
available which can be installed in the unit and encoded
into the Selected data merger card output stream. These
cards are combined with standard Receiver cards to form a
highly capable Bus Monitor/Data Acquisition system.

CONCLUSION

This paper has presented an overview of IRIG-106. Chapter 8
which addresses the acquisition of all MIL-STD-1553 data
flowing on up to 8 buses. The Vector ALBUS-1553 has been
presented as a solution for the requirements set forth in
chapter 8. Additional requirements beyond those found in
chapter 8 have been addressed.
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ABSTRACT

Telemetry systems today are required to receive a variety of
modulation formats. Typically, to change the format required
changing the demodulator unit or large switching systems.
Using some common digital building blocks and multiplexers,
the user can change demodulation mode by pressing a button.
This paper describes a system that demodulates PM, FM, BPSK,
QPSK and DSB AM.

INTRODUCTION

As seen in Figure 1, the 20Mhz IF signal is passed thru a
wide band 90 degree phase shifter and digitized. This
generates a set of quadrature signals at baseband which can
be mathematically processed using various algorithms to
generate a reconstructed video output and the control
voltage to phase lock the IF to the 20Mhz reference.

 Figure 1



PHASE MODULATION

Principals of PM

To demodulate a signal requires an understanding of how the
signal is generated. A PM signal is generated by making the
video signal vary the phase of the output signal relative to
the reference carrier. Assuming a sinusoidal modulation
signal F(m), the modulated phase will be symmetrical about
the reference and have constant magnitude. If the CW carrier
is said to be at 0E, then from a vector standpoint, the
carrier has a large cosine component and no sine component.
As the vector is phase modulated about the 0E point, the
sine and cosine components of the vector are obviously
modulated also.

If the modulation is great enough that the vector is greater
than ±90E, then the cosine component will be negative at the
peaks of F(m). If the modulation is further increased, the
average value of the cosine component will approach and drop
below zero. The point where the cosine component goes to
zero is the first Bessel null. If observed on a spectrum
analyzer, the carrier component would be gone.

Note that since the modulation was symmetrical, the sine
component was modulating positive and negative in equal
amounts and never generated a DC value.

PM Demodulation

To demodulate the PM, the original carrier is reconstructed
with a phase lock loop, and the phase angle difference is
calculated. To do this with the block diagram in Figure 1,
the look up table is loaded with the equation

1 = arctan( m sin(1) / m cos(1) EQ 1.1

where 1 is the phase angle difference of the reference to
the incoming IF.

Since the average phase angle in the modulator was
originally zero, the video output is used as the error
signal to drive the phase lock loop.



Notice in the equation that the m term cancels itself, thus
giving a limiting action to the system. This proves to be
slightly detrimental at low C/N because the phase angle of a
small error has the same effect as the phase angle of a
large signal and thus tends to perturb the loop more. To
compensate for this the magnitude is added to EQ 1.1

1 = m arctan( m sin(1) / m cos(1) ) EQ 1.2

Lock detection is achieved by filtering the cosine component
and checking for a DC value greater than the noise floor and
offsets. During sweep acquisition, the PLL is open loop and
the cosine term is a sine wave beat note or noise and will
have no DC term. As mentioned earlier, as the Bessel null
approaches, the DC component goes to zero and the system
will lose lock. If the modulation angle continues to
increase, the cosine term will go negative. Therefore, the
absolute value of the low passed cosine term is used, which
provides only a small window of cosine term that will not
generate a lock.

Due to the uncorrelated nature of the phase samples, the
demodulator can only track signals up to ±180E because +190E
appears the same as -170E. If the video bandwidth is known,
the large step from large positive phase to large negative
phase could be discerned as a positive phase greater than
180E and thus extend the range. To do this would require
more hardware and prior knowledge of the signal.

AMPLITUDE MODULATION

Standard double side band AM is comprised of a carrier which
is varied in amplitude but constant in phase. If the signal
is phase locked with a PM demod the phase output will be a
constant 0E, but the cosine term will be representative of
the modulation with a DC offset. The DC term is the lock
detect signal and discounting the noise terms should remain
constant due to the AGC action in the radio. since the AM
demodulation is synchronous in nature, the noise floor will
have less effect than a typical RMS type detector extending
the dynamic range to -15dB C/N.



FREQUENCY MODULATION

By varying the relative frequency of the carrier, the
modulating waveform generates an FM signal. The waveform can
be received by tracking the difference in frequency of the
incoming signal and the center frequency of the receiver.
The beat note caused by the frequency difference can be
viewed as a difference in phase per unit time. As the beat
note increases, the d1/dt will increase. Likewise if the
d1/dt goes negative, the beat note becomes a negative
frequency. Therefore, knowing the relative phase over a
period of time, the frequency offset can be determined. At a
20MHz sampling frequency, which is a 50nS period, a +90E
phase differential would relate to a 25MHz input signal.
Likewise, a -90E differential would be from a 15MHZ signal.

Since the difference in phase rather than the absolute phase
is used in the FM mode, EQ 1.2 above can not be used due to
the effective reduction in maximum phase angle during signal
fades. This is compensated by using EQ 1.1 and a limiter
action on the signal followed by a low pass filter to
regenerate the sinusoid needed for phase angle measurements.

As in the PM case, the maximum ±180E differential relates to
a maximum ±½ of the sampling frequency or ±10MHz at 20Mhz
center. Using a bits of phase resolution provides for 256
steps over the ±10MHz range, or 78.13Khz per step. To
increase the resolution of the demod, a divide by N counter
can be inserted in the A/D sampling clock which increases
the dt per cycle. This in effect allows for more phase
difference to accumulate per cycle thus decreasing the step
size. Two consequences of lowering the sampling rate are:
1. a decrease in the maximum deviation and 2. the output
reconstruction filter must be reduced to match. The decrease
in maximum deviation is not typically a problem because the
deviation is typically proportional to the video bandwidth.
By installing a variable length FIFO in the delay circuit,
the sampling frequency can be maintained while effectively
increasing the time between samples.

As can be seen in Figure 2, the calculated outputs of the
phase shift network are 90E apart over the entire bandwidth
of the demodulator. But the propagation delay from one
frequency to another will induce a distortion in the output
as the carrier steps between the two frequencies. This



problem is more obvious at the higher deviation rates and
modulation bandwidths due to the larger frequency steps
incurred.

 Figure 2

BI-PHASE SHIFT KEYING

BPSK signals are a way of transmitting a single data channel
over a carrier. The data pattern is used to invert the phase
of the carrier by 180E. Therefore a 1 is sent as 0E and a 0
as 180E. If the modulated carrier is mixed with the original
carrier frequency and low pass filtered, the output will be
the original data pattern. The demodulator accomplishes this
task by phase locking the sampling clock to the incoming
carrier. As seen in Figure 3, the carrier is phase locked
such that the phase vectors land on one of the two poles
along the cosine axis. The look up table is loaded with the
sine term or the negated sine term as determined by the
cosine term. This is equivalent to a standard Costa’s loop.
Since the poles are located on the cosine axis, the cosine
term is the reconstructed data.

The two poles are equal in magnitude, but opposite in phase.
Therefore, to generate a lock signal, the absolute value of
the cosine term is used as a relative carrier amplitude.
This process has the effect of generating the RMS value of
the noise floor which is no longer zero except at very high
C/N rates. To distinguish between the noise floor power and 



Figure 3

the carrier power, the sine term is also RMS detected. When
locked, the sine term of the carrier is zero, but, the RMS
noise in the sine term is equal to the RMS noise in the
cosine term. Therefore subtracting the sine term from the
cosine term leaves only the signal power.

QUADRATURE PHASE SHIFT KEYING

QPSK is a stereo form of BPSK. It is generated by splitting
a carrier into two carriers that are 90E apart. These two
carriers are then modulated the same as the BPSK above. The
resultants are then summed to generate one carrier with two
quadrature modulations. Essentially the output switches
between one of four 90E phases.

To demodulate the signal, the incoming carrier is phase
locked to the reference at a 45E offset as shown in
Figure 4. This forces the decision points to land on the
axis. This allows the sine and cosine terms to be used as
the data outputs but degrades their amplitudes by .707.

To detect a lock is not as straight forward as the BPSK due
to the fact that the sine and cosine terms have equal RMS
carrier power and RMS noise power. The synchronous sine and
cosine power will be stronger than the noise power but a
reference can not be defined since the total carrier power
may vary with AGC drift.



Figure 4

However, as mentioned above, the signal is phase locked to
an average 45E angle. If the absolute values of both sine
and cosine terms are generated, the carrier vectors are all
confined to quadrant one. If the phase angle is then
calculated, and all values greater than 45E are subtracted
from 90E the vectors are then in the first half of the
quadrant. The average value of noise vectors in this area
will equal 22.5E, while the carrier vectors should equal 45E.
Therefore, if the average vector angle approaches 45E, a
lock is detected. This is summarized in the program below.

Angle = ARCTAN( ABS( sin(1) ) / ABS (cos(1) ) )
If Angle > 45 then Angle = 90 - Angle
LockDetect = LOWPass(Angle)

Conclusions

Microdyne has developed a series of multi-mode demodulators
using this concept and has shown comparable results to their
standard analog units. The 1458-D is used in the 1400MR
receivers, and the 1258-D is used in the 1200 MR receivers.
Several of the advantages of the single unit over the
individuals are:

1. No need to switch nodules depending on modulation
format.

2. Requires half the power, lowering cooling problems.
3. Fewer adjustments. No field adjustments are necessary

at all and only a dozen internal controls allow for
faster alignment at test.

4. Less expensive than multiple analog units.
5. Flexibility. Other forms of demodulation may be

implemented as defined later.
6. Totally remote controllable.
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ABSTRACT

The AN/MPS-39 Multiple Object Tracking Radar (MOTR) is a new precision
instrumentation system designed to support range safety, weapon development,
operational test and evaluation, and training exercises involving multiple participants. A
coherent MTI (moving target indicator) variant, the subject of this paper, has been
developed for MOTR using discretionary IR&D funds. A zero recurring cost “software-
only” version of this MTI variant has been successfully tested. The architecture for a
low-cost hardware adjunct designed to increase MTI detection range and simultaneously
provide clutter-suppressed operator displays has also been developed. In this paper, a
brief description of MOTR is given and its adaptability to three-pulse MTI is presented,
along with expected performance results. The implementation of the MTI software only
version is described in some detail and the results of tests are shown. The hardware
adjunct is briefly described. Possible applications of this variant are cited and future
directions MOTR coherent real-time processing can take are given.

INTRODUCTION

Signal-to-clutter enhancement capability is a valuable radar asset which makes possible the
acquisition and track of objects in various degrees of land, sea, or rain clutter. Because of
the cost and complexities involved, few existing instrumentation radars have this feature.
The AN/MPS-39 Multiple Object Tracking Radar (MOTR) is a new precision
instrumentation system designed to support range safety, weapon development,
operational test and evaluation, and training exercises involving multiple participants.
Signal-to-clutter enhancement was not an original requirement for the AN/MPS-39,
however MOTR characteristics make it possible to add coherent moving target indicator 
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(MTI) capability with little impact on the basic radar and at low cost. A coherent MTI
variant has been developed using discretionary IR&D funds. This variant is the subject of
this paper.

The first MPS-39 was delivered to the US Army’s White Sands Missile Range (WSMR)
in May, 1988 where it underwent extensive field testing, culminating in final government
acceptance in December of that year. The second unit was delivered to the US Air
Force’s Eastern Space and Missile Center in April of 1990 and is currently undergoing
test range integration and government acceptance testing. Additional units are being built
by GE at its Moorestown, New Jersey location for WSMR and for the US Air Force
Western Space and Missile Center. Several additional units are planned. A photograph of
the radar is shown in Figure 1.

The MOTR’s transmission lens phased array antenna, mounted on an elevation-over-
azimuth pedestal, enables it to accurately track up to ten targets while simultaneously
processing two surveillance beams. Accuracies better than 0.2 mil RMS angle and 1.0
yard RMS range are achieved while tracking a 20 dB or greater signal-to-noise ratio target.
A 5.0 dB or better signal-to-noise ratio is obtained while tracking a 6-inch-diameter sphere
with a 1.0 microsecond pulsewidth at 100 kiloyard range. The radar is mobile, and its
design is based on Inter-Range Instrumentation Group (IRIG)  timing, transponder, and*

frequency standards. Table I lists important system parameters.

ADAPTABILITY OF MOTR TO MTI

Although clutter suppression was not a requirement, there were critical original
specifications that made MOTR MTI feasible (as well as many other variants) including
reserve computer processing power, programmable controls and displays, a requirement
for coherency, and Nth-time-around track capability on single targets.

Pertinent MOTR, Baseline Characteristics

The data processing architecture is based on a multiple, not distributed, processor
concept. The Encore 32/9780 dual processing units can be focused on many different
applications; for example, normal mission operation, mission operation with special
modes (high performance target, intercept, chaff cloud scan, etc.), system calibration, and
built-in test functions, without the need for hardware reconfiguration. The computer
program is written in Fortran with but a small percentage of assembly language
instructions and is readily modified.



Table I. MOTR System Parameters

Parameters Value

Radar Frequency C-Band (5.4 to 6.9 Ghz)
Antenna:

Directive Gain 45.9 dB
Beamwidth 1.05E
Scan Volume 60E cone plus cusps

Transmitter Power:
Peak 1.0 MW
Average 5.0 kW

Range 0.5 to 8192 kyd
System PRF (Selectable) 80, 160, 320, 640, 1280 Hz
Object PRF (Selectable) 20, 40, 80, 160, 320, 640, 1280 Hz
Pulsewidth (Selectable):

Non-Chirp 0.25, 0.5, 1.0 µs
Chirp (Expanded) 3.125, 12.5, 50 µs
Chirp (Compressed) 0.25 µs

Pedestal Servo:
Position Servo Rate-aided Type 2
Maximum Rate:

Azimuth 800 mils/s
Elevation 300 mils/s

Maximum Acceleration 200 mils/s/s
Tracking Filters:

Coordinates Cartesian (XYZ)
Types Alpha-Beta, Alpha-Beta-Gamma
Bandwidth PRF/2 to 0.1 Hz

The baseline MOTR, without variants, was specified to have 10% processing time margin
and 25% memory reserve under worst-case load conditions. The processing architecture
is such that every radar return is processed completely through single-hit estimation,
calibration correction, and object tracking filter update, without any hatching of object
position data, even when operating at the highest possible PRF. This architecture is costly
in terms of computer power, but has proven to be extremely flexible. It has been found
that many problems can be solved without negatively impacting time margins. For
example, MTI (herein described), which requires batching of three radar returns, actually
uses less processing time than the fully loaded baseline system.



The great bulk of control pushbuttons are implemented via a programmable touchscreen;
most displays are implemented using computer-driven alphanumerics and graphics. These
features enhance MOTR’s flexibility.

MOTR was specified to provide coherent target motion resolution (TMR) data for post-
mission processing purposes. This in turn drove the requirement for stringent, long-range,
pulse-to-pulse coherency specifications throughout the system.

The radar has two PRF resources; an overall System PRF and a per-object Object PRF.
Permissible values of each are given in Table 1. System PRF selection and Object PRF
selection and distribution may be changed by the radar operators at any time within PRF
resource limitations. An example PRF distribution for the baseline MOTR is shown in
Figure 2.

The requirement that MOTR provide single-target Nth-time-around track capability (later
expanded to ten target unambiguous tracking to 8192 kiloyards) dictated that fine
resolution transmitter main bang automatic phasing be implemented.

Three-pulse Coherent MTI

The above characteristics, in a thorough system tradeoff study of pulse doppler, coherent
and noncoherent two- and three-pulse MTI signal-to-clutter improvement techniques, led
to the selection of coherent three-pulse MTI. This approach offers excellent signal-to-
clutter enhancement, yet has minimal impact on existing radar software/hardware design.

The most significant change brought by MTI implementation was to PRF transmission
scheduling algorithms. Doppler ambiguity is reduced by operating at the highest possible
Object PRF. Therefore, it was decided that the three-pulse MTI string would always be
transmitted at the current System PRF, the highest available frequency. The resultant
typical PRF distribution for MOTR with MTI activated is shown in Figure 2.

MOTR’s ability to phase adjacent transmissions by as much as ± 40 kiloyards in 15.625
yard steps is used in MTI to eliminate blind speeds and maximize signal integration gain.
This feature is known as clear region centering. Figure 4a shows that the signal from an
object having a doppler of either 640, 1920, 3200, etc. hertz realizes maximum integration
gain when the effective PRF is 1280 hertz, while the clutter at zero doppler is suppressed.
Figure 4b shows that as object doppler increases, maximum integration gain is achieved
with an increased MTI Frame PRF, and conversely, 4c shows that decreasing MTI Frame
PRF provides maximum integration gain for slower objects. MOTR clear region centering
algorithms adjust effective object MTI Frame PRF 20 times each second fox each MTI
track and operate to keep the effective MTI Frame PRF as close as possible to the



System PRF. To do this, MOTR must track the spectrum fine line that represents true
object doppler.

MOTR MTI has a clutter-lock feature that can be activated to compensate for moving sea
and rain clutter, clutter caused by windblown foliage, etc. Clutter-lock automatically shifts
the notch of the three-pulse MTI canceller response so that it is positioned near the
centroid of the clutter spectrum.

Signal-to-clutter Enhancement Performance Expectations

Overall MTI improvement factor depends on two components, system instability
limitations and spectral spread of the clutter. System instabilities are driven by other radar
specifications. MOTR, a general purpose instrument, has requirements for short range
operation (500 yards), and therefore, attendant short pulsewidths. With these constraints,
high average power requirements necessitate high peak power (one megawatt) and the use
of a cross-field amplifier (CFA) for the final transmitter stage. This CFA alone would limit
system signal-to-clutter improvement factor to 35.0 dB. Other factors, including local
oscillator (LO) phase noise, timing and analog-to-digital (A/D) jitter, pulsewidth jitter,
pulse amplitude jitter, and A/D quantizing, further reduce the overall system improvement
factor to 29.3 dB (for 0.25 microsecond pulsewidth operation). Clear region centering,
discussed previously, provides an additional improvement of 4.3 dB, bringing the overall
expected signal-to-clutter enhancement against stationary clutter to 33.6 db.

Analysis shows that overall improvement factor against sea clutter with 0.25 microsecond
pulsewidth, 1280 hertz System PRF, sea state 5 and clutter-lock activated is 24.8 dB.
Again, clear region centering provides an additional 4.3 dB improvement resulting in an
overall signal-to-clutter enhancement for these conditions of 29.1 dB.

MTI IMPLEMENTATION (SOFTWARE-ONLY VERSION)

A significant MOTR MTI capability requiring only software changes has been
implemented by GE at Moorestown and tested in the radar. This configuration of MTI is
referred to in this paper as the “software-only” version. A software-only implementation
has obvious economic advantages. However, additional operational enhancements
(increased target detection extent and display improvements) can be provided by an MTI
hardware adjunct, described below.

In the software-only version, clutter suppression operation is provided in both detection
and track modes. For MTI active object files, MTI Frame PRFs of 20, 40, 80, 160, or
320 hertz are operator-selectable, but must be one-quarter or less of the current System
PRF. Adjacent MTI triplets are always separated by at least one System PRI which may



be used for non-MTI tracks. Multiple MTI and non-MTI objects may be activated
concurrently, consistent with available radar resources. A single range gate and beam
pointing computation is performed once per MTI frame and is based on the time of the
second pulse of the triplet.

In MTI track mode, six concurrent MTI processes are carried out, four for sum channel
noise, early, center, and late samples and one each for the two monopulse angle error
channel samples.

As previously described, an operator-selectable clutter-lock control is provided to offset
the notch of the MTI response away from DC and an operator-selectable clear region
centering feature is provided to eliminate MTI blind speeds and maximize signal coherent
integration.

In both MTI detection and track modes, automatic gain control (AGC) is always selected.
AGC is based on the first PRI in each MTI triplet. In detection mode, AGC is driven by
the greatest of 36 digital video integration (DVI) samples over the detection gate. In MTI
track mode, AGC is driven by the greatest of sum center, alpha error, and beta error
samples.

Touchscreen control of MTI operations is provided on both an overall system and on an
object file basis. The MOTR data recording and playback processing has also been
modified to include the additional MTI parameters.

MTI Clutter Canceller

When MTI is activated for an object file via the MOTR touchscreen, a three-pulse
cancellation is performed once per MTI triplet for each complex I and Q sample used for
detection or for track purposes. The processing is shown in Figure 5. In detection mode,
36 cancellation processes are required. In track mode, six canceller outputs are used to
drive the baseline MOTR track process. An additional output of the clutter canceller is a
hatched signal used to drive the clear region centering process. Because of dynamic range
increase, MOTR scales the coherent I and Q data results of the MTI track mode process
before recording for post-mission data analysis.

Clear Region Centering

When clear region centering is selected, via the touchscreen, for an active MTI object file,
a signed delta time value is added to the nominal System PRI spacing to obtain the three-
pulse spacing for each MTI frame.



In MTI detection mode, two delta values, with phase errors of plus and minus pi radians
relative to the designated rate, are used on alternate detection windows. This ensures that
the clutter-cancelled signals from at least one detection window will fall within the three-
pulse canceller’s passband, even when the designated rate is in error.

In MTI track mode, the 20 hertz batched clear region centering signal from the clutter
cancellation process is used to generate a phase error which in turn adjusts the PRI to
accomplish maximum signal integration.

Clutter-lock Processing

When Clutter-lock is selected to improve performance against sea and rain clutter, a
complex average clutter-lock weight is computed using clutter samples from the first two
PRIs in each MTI triplet. If clutter-lock is disabled, the clutter-lock weight is set to 1 + j0.
In MTI track mode, two clutter bin sum channel samples are used, one preceding and one
trailing normal track data. These samples are expected to contain clutter without signal. In
MTI detection mode, alternate bins (18 out of 36) are used to derive the average clutter-
lock weight. The clutter-lock weight processing is shown in Figure 6.

MTI Detection Processing

In the software-only version of MOTR MTI, detection gate width is limited because of 1)
existing design constraints, and 2) computer processing load. Detection is accomplished
using DVI only without preceding binary integration; 36 clutter-cancelled bins are
processed. DVI sample spacing is a direct function of transmit pulsewidth. MTI detection
gate width varies as follows:

Transmit PW Detection Gate
(Microseconds) Width (Yards)

1.0 2250.0
0.5 1125.0

0.25 562.5

The DVI detection process is performed over a window of ten successive MTI frames. A
non-sliding window technique is used. The DVI detection process is, of course,
synchronized with object file angle scan control.



TEST RESULTS

The MTI software-only version was successfully tested in the fourth quarter of 1989. It
was first verified, using the MTI version of the program with MTI disabled, that normal
system operation was retained. It was then verified, with MTI active, that the radar does
not transition to track on clutter, and finally, again with MTI active, that the radar acquires
and tracks targets both in clutter and in the clear.

MOTR MTI mode was tested extensively against automobiles, trucks, helicopters, high
and low flying aircraft, and a variety of projectiles. Data from these tests were analyzed in
Moorestown. The results show that the software version of MTI met all goals with no
exceptions.

Target doppler is a by-product of the MTI process. Figure 7 is a typical plot showing
object doppler versus time. These data were recorded during test. The reduction in
variance in doppler derived from MTI phase data (thin line) compared with doppler
computed from the MOTR tracking filter range rate data (thick line) is clearly evident.

MTI HARDWARE ADJUNCT

The software-only version of MOTR MTI has two shortcomings: (1) the radar search
range extent is severely limited, and (2) the operator A-scope and R-scope displays do
not show the clutter-cancelled signal. Both problems can be overcome with an MTI
hardware adjunct, a straightforward, low-cost addition to the MOTR signal processor,
and minor modifications to the previously described MOTR MTI software-only version.

The architecture of the MTI hardware and necessary MTI software-only modifications
were also developed in 1989, however no detail design or testing have been
accomplished. The MTI hardware adjunct will provide target detection over a range of up
to 16 kiloyards. It will also supply clutter-cancelled A and R scope displays up to
±8 kiloyards, centered about the range gate.

APPLICATIONS

MOTR MTI facilitates skin tracking any object having radial rate with respect to the radar.
The track benefits from the coherent three-pulse integration gain (4.3 dB) either in or out
of clutter and up to approximately 30 dB clutter suppression in a heavy clutter
environment. MTI may be used against land clutter to track low flying objects or land
vehicles. A clutter-lock feature is provided to track moving sea or rain clutter and may be
turned on and off at will by the operator.



MOTR MTI may be used to acquire objects at first motion. This is particularly important
for shoulder-launched projectiles or any object launched at a low elevation angle. Without
this capability, it would be necessary to acquire these objects significantly after launch;
i.e., after they have cleared any interfering clutter. If the object were errant, it is probable it
would not pass angle/range acquisition criteria and would not be tracked. In this scenario,
the launch point is known to a few yards and the short detection interval provided by the
software-only version is more than adequate.

The MTI hardware adjunct, when implemented, will enhance the detection of objects
whose position is not well known, for example, an off-road vehicle (truck, tank, etc.)

The MOTR MTI feature can be readily expanded to meet new objectives. Small-caliber,
high-fire-rate bullet streams and targets can be tracked simultaneously to determine
accurate miss-distance. Small objects can be tracked in the presence of larger ones; for
example, both the shooter and the missile in an air launch scenario can be skin-tracked at
first relative motion. In addition, the missile and its target can be simultaneously skin-
tracked to again determine accurate miss-distance.

CONCLUSION

A significant and low cost MTI capability has been developed and tested for the Multiple
Object Tracking Radar. Once integrated into the first production MOTR, the MTI
software-only version will have zero recurring cost. The MTI hardware adjunct, when
developed, will provide increased detection range and clutter-suppressed video displays.

Future IR&D tasks will focus on expanding this initial MOTR real-time coherent
processing capability in the direction of simultaneous two-body tracking (unresolvable in
angle and range, but resolvable in doppler), accurate miss-distance measurement, and
coherent integration.
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Figure 1. MOTR in Operation (US Army Photograph)

Figure 2. Example Baseline MOTR PRF Distribution

Figure 3. Typical PRF Distribution with MTI Activated
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Figure 4. Clear Region Centering

Figure 5. Three-pulse MTI Clutter Canceller

Figure 6. Clutterlock Weight Processing

Figure 7. Range Rate and Phase Derived Doppler Versus Time
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ABSTRACT

Today there are a number of equipment vendors offering
modular, bus oriented Telemetry Preprocessor systems. The
architecture of these systems varies greatly as does the
actual performance. This paper discusses a method for
specifying and evaluating Telemetry Preprocessor performance
independent of the architectural implementation.

INTRODUCTION

The Telemetry Preprocessor is used in telemetry Systems to
off-load the Host Computer by performing the real-time
processing tasks. Early telemetry systems consisted of a
Format Synchronizer and a Host Computer. The Format
Synchronizer would synchronize to the incoming data stream,
perform serial to parallel conversion to a fixed word length
(usually 8 bits) and transfer the data thru a DMA device to
the Host Computer. If the data rate was slow enough, the
Host Computer could do some processing in real-time. If not,
the Host Computer would store the data for later, non-real-
time processing and analysis. As digital logic technology
advanced, so did the amount of processing done external to
the Host Computer. First Came Decommutation and Time
Tagging. Next was Data Compression and Engineering Units
Conversion. Today, multi-stream, real-time Telemetry
Preprocessors perform all of these functions as well as
Derived Parameter Processing, Quick took Graphics Displays,
Data Archiving, and Data Analysis.

BASIC ARCHITECTURE

All Telemetry Preprocessors are not created equal. They do
not use the same architecture and may perform differently in
different applications. The early Telemetry Preprocessor



systems were made up of a number of serially connected
boxes. Each box performed a particular function such as
Decommutation, Data Compression, or Engineering Units
Conversion. System performance was limited by the slowest
box in the system.

Today, most Telemetry Preprocessors are based on some bus
structure onto which functional modules are plugged. These
systems usually implement a Data Driven Architecture which
has proven to be an excellent environment for processing
telemetry data and has significant advantages over
traditional multiprocessor systems. These advantages have
been widely documented in telemetry and computer science
literature and will not be repeated in this paper.

The Data Driven Architecture allows multiple inputs to feed
multiple processors both of which can feed multiple outputs.
At the most basic level, a Telemetry Preprocessor consists
of a Bus System, Input Ports, Processors, and Output Ports.
The manner in which each of these items is implemented has a
significant impact on system performance and life cycle
cost. In addition, these parallel or distributed
architectures make evaluating system performance and
capability much more difficult.

SYSTEM PERFORMANCE

The Telemetry Preprocessor receives data, processes it, and
outputs it to an external device. The performance of the
Telemetry Preprocessor is not the rate at which it does any
one of these tasks, but it is the combined rate at which it
does all of them for a given application. The key
performance measurement is Application Throughput in
Parameters Per Second (P/S). Application Throughput is the
measure of system throughput for a given application. This
is related to the concept of computer benchmarks, where a
benchmark program having an instruction mix approximating
the final application program is run to determine the
computers performance for the application. Similarly, a
benchmark for the Telemetry Preprocessor needs to be used to
get a valid measure of system throughput for the desired
application.

The information needed to determine the Application
Throughput varies from program to program, but essentially,



it is a model of the final application. The Application
Model is a throughput model and not an implementation
description and care must be taken to keep the two separate.
Similarly, the Application Model is not the entire
functional requirements, but is extracted from the
functional requirements to produce a concurrent operation
requirement. To develop this model, three areas need to be
examined. These are the system inputs, parameter processing,
and system outputs which occur simultaneously in the desired
application.

System input requirements consist of the following:

Number and type of input ports.
Input parameter rate of each input port.
Input parameter number system mix.
Total number of unique input parameters.

Processing requirements consist of the following:

EU Conversion algorithm mix.
Data Compression algorithm mix.
Derived parameter algorithm mix.
Other processing requirements.
Data precision.

System output requirements consist of the following:

Number and type of output ports.
Output parameter rate of each output port.
Output parameter number system mix.

Evaluation of the system input requirements provides an
aggregate input parameter rate in Parameters per Second, an
number system conversion mix, and the number of input ID
tags which are needed. The input parameter rate is then
applied to the various processing mix requirements to
determine how much processing power is required in the
preprocessor. The number system mix is necessary to properly
evaluate the processing requirements since conversion to a
common number system may be required prior to any
processing.

The number of unique input parameters along with the various
processing mix requirements is used to determine the total



number of ID tags required in the system. This is an
important evaluation because some preprocessors may be
limited by available ID tags because many processes require
new ID tags to be assigned. This includes preprocessors
which can not chain algorithms or distribute a parameter to
multiple algorithms without assigning a new ID tag, or which
must ID tag partial results being passed to another
processor.

The first processing requirement is to convert the input
data to a common internal number system (ie. 2'S Comp., IEEE
Floating Point, Etc.). The input number system mix is used
to size this requirement. The input number system mix is
specified as a group of numbers which are the percentage of
the aggregate input which is received in a particular number
system. The total of these numbers should equal 100 percent.
For example:

 5% 32 Bit IEEE Floating Point
 5% Mil-Std-1750 Floating Point
10% Discretes (no conversion required)
10% BCD
20% Offset Binary
20% Signed Magnitude
30% Two’s Complement

  -------
100%

The remaining processing requirements should specify the mix
of algorithms to be performed on the aggregate input
parameter rate. This mix must include all of the processing
expected to be performed on the data for the application.
This includes Engineering Units Conversion, Derived
Parameter Processing, Data Compression, and other
application specific processing. The processing mix is also
specified as a group of numbers which are the percentage of
the aggregate input which are to be processed by a
particular algorithm. Note that this is not the percentage
of processed data but that it is the percentage of the
aggregate input data since the processed data rate has not
been determined. It is possible for the total of these
numbers to exceed 100 percent. This is because multiple
algorithms or processes may be applied to the same parameter
For example:



Engineering Units Conversion
10% Table Lookup (32 point average)
10% 5th Order Polynomial
75% 1st Order Polynomial

Data Compression
10% Pass In Limits
10% Delta Slope
10% Pass Bit Change

Derived Processing
 5% (2X+3Y )2

 1% (Cos(x))

Other Processing
 1% Average (20 samples)
 5% Syllable Concentration

   -----
137%

By applying these percentages to the aggregate input
parameter rate, the parameter rate requirement for each type
of algorithm can be determined.

The final processing requirement is to convert the common
internal number system to the required output number system.
The output number system mix and aggregate output parameter
rate is used to size this requirement. The output number
system mix is specified in the same manner as the input
number system mix. This mix might typically be as follows:

10% Offset Binary
10% Discretes
20% Two’s Complement
60% DEC Floating Point
------
100%

Evaluation of the system output requirements results in an
individual output parameter rate for each output port.
Output ports are functional ports and not necessarily
physical ports. The physical output ports are highly
dependent on the Telemetry Preprocessor architecture and the
division of work between the Host Computer and the Telemetry
Preprocessor. The aggregate output parameter rate can be
greater than the aggregate input parameter rate because a
single parameter may go to more than one output. Similarly,



both the raw (unprocessed) and processed data can be sent to
the outputs. It is also possible for the aggregate output
parameter rate to be less than the aggregate input parameter
rate because of expected data compression or a limited
output requirement (ie. display only).

PARAMETERS PER SECOND

The most important concept in developing the Application
Model is dealing with Parameters per Second as a unit of
measure. Many Telemetry Preprocessor specifications as well
as system requirements use measures which are meaningless.
For instance, what is the true performance of a Telemetry
Preprocessor which is specified as having a Bus System rate
of 760 Million Bytes per Second? Bytes per Second is a
meaningless concept in a Telemetry Preprocessor. This is
because parameters vary in size from one bit to 32 or more
bits. A transfer of data in the system is generally the same
size regardless of the parameter size. For example, a 32 bit
data bus will transfer 1 bit words or 32 bit words in a
single transfer at the same rate. In this case, the
parameter rate is the bus transfer rate. However, when the
data bus size is less than the parameter size, multiple
transfers need to be made for one parameter. Similarly, if a
broadcast transfer mode is not used, multiple transfers are
required to distribute a parameter to all of the modules
which require it.

These factors tend to further reduce the actual performance
of the preprocessor. So the proper measure of the Bus System
speed is not Bytes per Second, Transfers per Second, or
Hertz, but it is Parameters per Second.

This same concept also applies to the processors. What is
the true performance of a Telemetry Preprocessor having a
processing rate of 10 Million Instructions per Second (MIPS)
or 33 Million Floating Point Operations per Second (MFLOPS).
These measures are useful for relative comparisons of
general purpose computers but are meaningless for Telemetry
Preprocessors. The architecture of the processing elements
will significantly influence their true performance. A
commercial microprocessor board may have an impressive
MIPS/MFLOPS statistic but be a poor performer in the
Telemetry Preprocessor because a significant portion of the
processors capacity is used up moving data into and out of



the board. A custom processing element with less impressive
MIPS/MFLOPS statistics can easily out perform the commercial
board. This is because optimized I/O logic and algorithm
vectoring eliminate much of the processing overhead so that
most of the processors capacity can be used for actual data
processing.

The performance of each real-time algorithm identified in
the processing mix must be determined. This will give a
Parameters per Second measure for each algorithm which can
be compared to the required parameter rate established for
the Application Model.

THE APPLICATION MODEL

Now that the information has been gathered, the Application
Model can be generated. Figure 1 shows a simple Application
Model. Multiple inputs consisting of PCM at 500K Parameters/
Second, PAM at 250K Parameters/Second, and ADC at 100K
Parameters/Second are combined into an aggregate input rate
of 850K Parameters/Second. An evaluation of the input data
types yields the associated input number system mix. The
processing mix is also determined by evaluating the
individual requirements and producing an aggregate mix. The
processing rate for each individual algorithm can be
determined by applying the process mix to the aggregate
parameter rate. This is shown below in parameters per
second.

Engineering Units Conversion
   85K Table Lookup (32 point average)
   85K 5th Order Polynomial
637.5K 1st Order Polynomial

Data Compression
  85K Pass In Limits
  85K Delta Slope
  85K Pass Bit Change

Derived Processing
  42.5K (2X+3y )2

   8.5K (Cos(x))
Other Processing

  8.5K Average (20 samples)
 42.5K Syllable Concatenation



This indicates a total of 1164.5K operations per second.
However, a preprocessor which can support 1164.5K operations
per second may not be able to support it for the given
process mix. The individual numbers must be compared with
telemetry preprocessor specifications to determine if it can
handle the individual as well as the total processing
requirement.

Although there are multiple inputs and outputs, it is
basically a single path model in which performance and mixes
are based on aggregate rates.

More accurate models are possible at the expense of
simplicity. Figure 2 shows a more complex version of the
Application Model. This allows the Application Model to more
accurately reflect the processing requirements and number
systems mixes as they relate to parameter rates and
functional data paths.

In more complex systems or systems supporting multiple
applications, more than one application model can be
developed. This is especially useful if the requirements are
mutually exclusive. Specifying them on the same Application
Model would be misleading. However, using multiple models
would identify exactly which requirements had to be
concurrently satisfied.

Notice that the processing rate of 1164.5K parameters per
second is significantly larger then the 850K parameter per
second aggregate input rate. Specifying an 80% lst Order
Polynomial Conversion, 20% 5th Order Polynomial Conversion
mix based on the aggregate input parameter rate would result
in a system which is under sized for the actual requirement.

PERFORMANCE EVALUATION

A candidate Telemetry Preprocessor must be able to support
the Application Throughput as specified by the Application
Model. This requires an evaluation Of the preprocessors
architecture and actual performance. The preprocessor must
be able to support the input parameter rates, number system
conversions, processing rates, and output parameter rates.
By comparing the actual performance of each algorithm in the
processing mix to the specified performance from the 



application model, a determination can be made as to whether
the preprocessor can support the processing requirements.

Any input or output number system conversions must also be
accounted for. This must be done in evaluating the various
available Telemetry Preprocessors and can not be specified
without implying some implementation. For example, if a
preprocessors internal format is IEEE Floating Point, then
all input number systems must be converted to that format
before any processing can take place. The preprocessors
actual number system conversion performance must be weighted
by the input number system mix and input aggregate parameter
rate. This is then added to the total processing
requirements and increases the processing rate requirement
from the Application Model. The output number system mix
must be evaluated in a similar manner.

CONCLUSION

The Application Model gives a clear picture of the Telemetry
Preprocessor performance requirements. This allows vendors
to have a better understanding of the requirements and goals
of the system. A better understanding of the requirements
will reduce false starts and other misunderstandings that
can occur in evaluating both system requirements and
equipment specifications. The other benefit is that the
Application Model is implementation independent so that the
resulting Telemetry Preprocessor configuration is not
burdened by non-essential requirements due to a specific
vendors hardware implementation.

Another benefit of the Application Model is that it can be
used as the basis for acceptance of the Telemetry
Preprocessor for the specified application. It proves system
performance and assures compatibility with the intended
application. A Telemetry Preprocessor may meet the
individual requirements but may not be able to meet the
combined requirements for the actual application. The
Application Model, however, can not be used as the only
measure of compliance with the requirements. Each individual
requirement has its own minimum and maximum specifications
which must be evaluated. But these can be evaluated
independent of the other specifications.





ARCHITECTURAL CONSIDERATIONS FOR A GENERIC
MULTI-PORT DIGITAL INTERFACE

MARK C. CHIMENE ROCKWELL INTERNATIONAL MISSILE SYSTEMS DIV.

INTRODUCTION

Telemetry system requirements are driven by technological
developments in other areas, thus the capabilities of one
are mirrored in the capabilities of the other. Contemporary
systems typically involve two or more digital subsystems,
each operating at a unique clock rate; an increase in
complexity that needs to be addressed by the Telemetry
system designer. Although the subsystems may be exchanging
information, complete synchronization is seldom realized in
discrete systems. Because the Telemetry system must provide
information sufficient to isolate data/process corruption,
it must accept data from the various subsytems at different
rates and times. What is needed is a technique to de-couple
the Telemetry system clock rate from that of the Subject
system or any of its subsystems. This technique must bridge
the gap between the synchronous data transmission
fundamental to the Telemetry system and the asynchronous
data transfer required by the various non integrated
subsystems.

This paper will discuss the design challenges offered by
such a Subject system for both real time and post flight
analysis. It will discuss how the restrictions imposed by
the IRIG standards and anticipated mission requirements
factored into developing the architecture for a Generic
Multi-Port Digital Telemetry Interface.

Most engineers would agree that given adequate resources,
the majority of problems can be elegantly resolved. They
might also agree that real projects or problems seldom come
with completely adequate resources; that the elegant
solution is the source of the job challenge and is usually
the result of compromise. These fundamentals of engineering
are especially true for the Telemetry system designer who is
usually consulted after the main system level concepts have
been determined and is tasked with insuring that total
machine state is available for analysis.



There will be two terms used in this paper that had best be
defined. These definitions are not intended to be complete
as presented but merely to simplify the task of describing
he basic system characteristics. First, synchronous data
transfer is defined as a transaction which occurs on similar
edges of a common clock, or in other words, the data has
clock coherence. In such a system, the total data rates are
well defined and critical timings are minimized. In
asynchronous data transfer it is implicit that there is no
common clock. To a certain extent, the data is always over-
sampled in an asynchronous system. For instance, a UART or
1553 based system over-samples at the bit level to determine
the word boundaries; in an asynchronous parallel interface,
the control and data lines are perhaps de-bounced or delayed
which can be considered as another form of over-sampling.

Before the machine architecture is discussed in detail,
there are some problems unique to asynchronous sampling of
digital data that should be addressed. One problem in over-
sampling and stream mixing is spectral distortion of the
data. For example if three data sources are formatted into a
stream comprised of three contiguous data blocks, the data
will be distorted in time when viewed with real time
processing hardware. This distortion will be proportional to
the relative data block sizes and the degree of over-
sampling and basically is the result of compressing in time
symmetrically sampled data. This effect is as more
pronounced for super-commutated data. It can of course be
removed by time correlating the data via computer with the
performance penalty of non real-time processing. Thus, to
insure compatibility with the various IRIG facilities and
equipments, care should be taken to insure that the
bandwidth of all parameters intended for real time spectral
analysis be limited to accommodate this distortion. The
alternative would be to distribute the data from the various
streams as symmetrically as possible in the formatted stream
which is of course a major architectural consideration; in
any event some distortion is inevitable. The second problem
is internal time correlation. Because all of the data is
being processed asynchronously, some sort of frame tag is
needed to characterize the relative frame skew of the
various systems. This can be included in the respective data
blocks by the source systems and used in post mission
analysis. One last consideration in an over-sampled
asynchronous system concerns the Main-frame/Sub-frame



organization as is defined by the IRIG document. This type
of data format is not possible; the Subframe Identifier
becomes irrelevant as a result of the frequency imbalances
or possibly non-sequential due to the redundant data.
Techniques using tagged data to extend frame depths must be
used with great care to insure that all critical data is
available from real time processing on IRIG compatible
equipments.

The design goal s for this project were to develop a digital
instrumentation interface that was sufficiently generic to
facilitate use on various projects without major redesign or
hardware modification. It was also desired that the basic
design be modular to allow multiple data ports and permit
parallel design tasks. For flexibility, discrete, parallel
and serial ports were required. The familiar constraints of
power, size and development time were of course major
drivers. Lastly, it was desired that the final architecture
support both synchronous and asynchronous operation without
major hardware redesign or modification.

The subject system comprised two asynchronous digital
sources and a block of analog parameters. One digital source
required a burst mode parallel port with minimum access and
word transfer times. The second digital source was a UART
driven serial port that would transfer data continuously.
The analog data block was comprised of single ended medium
range measurements that included low bandwidth composite PAM
data streams. The analog processing hardware will not be
discussed further.

The Telemetry system that resulted uses attributes of
both synchronous and asynchronous techniques to assure
reliable data collection and transmission. One aspect of the
machine performs synchronous data transfers from the host.
It accepts the data on clock edges that are temporarily
aligned by a sequencer. This alignment allows the data to be
reliably stored and the response time of the interface to be
characterized. It then over samples the data blocks via a
double buffering technique to eliminate the over and under
runs resultant from the frequency imbalances in the
asynchronous systems. The data from the three sources is
concatenated into three data blocks which form a Major
frame. Each block is further divided into regions defined by
fixed update boundaries. These regions contain current



information for that portion of the block and are updated as
each system asynchronously transfers new data to the
Telemetry Interface.

The serial port is divided into three boundaries while the
Parallel port has one; therefore, for any given transmitted
data frame, new data will occupy one region as is defined by
these boundaries. The remaining regions will contain
redundant data as a result of the over-sampling. The over-
sampling represents the compromise inherent in this
solution, in this case a reduction in the effective data
bandwidth made available to the source system. All the word
assignments in a data block are unique in a given Major
frame and consistent in adjacent frames, thus, with the
exception of the real time spectral distortion, all
parameters are available for evaluation by standard IRIG
equipments. As mentioned earlier, the frame skew
characterization requires additional computer processing.

The final design required 23 standard DIP IC’s which
comprised Electrically Programmable Logic Devices, 2k of
Asynchronous Dual Port Static Ram, UART, discrete counters
and differential receiver/transmitters. For this
application, it was fabricated on one 3"x5" printed circuit
card and required less than 1.8 Watts. Approximately 10% of
the programmable capability has been left for future use.
The time from concept development to working prototype was
5 months.

Three major technical drivers were factored into the
architectural requirements. First, the final machine had to
have the capability of handling multiple data ports that
were de-coupled from the main system clock, i.e full
synchronous operation. The main problem here was to insure
reliable operation during the pseudorandom interruptions
from the asynchronous sources. This had a dramatic impact on
the sequencer design as minimum and maximum output cycle
times were balanced with the cycle time for the respective
ports. The second consideration was how to insure that all
data transferred to the Telemetry interface received
transmission. It was desired that this function be
guaranteed by the interface hardware to eliminate any future
questions for data integrity. The solution was a completely
de-coupled sequencer that stored the write and read events
and coordinated the buffer updates. As in the first



consideration, the cycle times, or machine map had to be
balanced with the requirements of both sequencers. Lastly,
it was desired to make provisions for synchronizing the
output sequencers with one of the multiple data ports.
Important considerations here were clock gereration,
distribution and sequencer interaction. This resulted in,
programmable initialization controls, clock paths and spare
I/O. A major on impact on the sequencer design was to insure
reliable operation in the asynchronous environment by
eliminating metastable conditions in the EPLD’s. This was
done by identifying critical asynchronous paths and insuring
single state distances.

Architecturally, the machine is comprised of 2 basic
sequencers that control the basic data formatting tasks for
the composite data stream. Both sequencers are interlocked
and have been designed to operate either from an internal
oscillator as in the case of asynchronous operation or from
an external clock as would be required in synchronous
operation; this clock is used to derive the data rate of the
telemetry link. Functionally. one sequencer determines
correct word placement and serialization while the other
decodes the mapping for the RAM. The criteria for decoding
the RAM map is programmable and is central to the over-
sampling and placement of the update boundaries. These two
sequencers represent the synchronous/asynchronous boundary
and are able to be de-coupled from the rest of the system
clocks when operated in the asynchronous mode. The remaining
sequencers are essentially custom designed to the
requirements specific to the data part. The parallel Port
uses a high speed burst mode and a generic 3 wire protocol.
Typical word transfer rates are 600nS yet will vary as the
respective clock edges are de-skewed. The basic sequencer
operation debounces the control lines and coordinates the
transfer of new data to the correct region of the RAM map.
The state map also contains recovery paths for protocol
failures. Once a complete region has been transferred,
another de-coupled sequencer updates and arbitrates the
output RAM pointers such that the region boundaries remain
intact. This has the effect of insuring fixed data formats
that are relatively insensitive to short term input data
rates. Because the frame structure is hardwired in the
EPLD's, compatibility with IRIG equipments is also assured.
The serial port sequencer uses a discrete input to determine
the occurrence of the first word in a data block. In this



application, the word depth of this port has been maximized
for this particular system, thus, the source system can
control the depth of a specific block in software by the
assertion of the first word discrete. In each case, the data
transfer is required to be sequential.

As was mentioned, the overall design is completely
modular. This architecture is essential when providing
completely de-coupled data parts to mutually asynchronous
systems. The modular design permits stand-alone operation
with only part or all of the ports operational. This
modularity also permits the asynchronous multi-port concept
to be expanded in proportion to the RAM resources and the
long term external data rates. The use of a very generic
protocol and the fact that the protocol is, by virtue of the
ELPD’s itself programmable provides a device quite easy to
modify for other requirements. The ability to operate in
either an asynchronous mode on an internal clock or from an
external clock, still de-coupled from the other data port
removes the design compromise found in the over-sampling of
the high speed parallel port.

INTERFACE SPECIFICS

TRANSMITTED DATA RATE   2.5 mBPS      8 bit Words      625 Words/Frame
500 Hz

TRANSMITTED DATA FORMAT  64 ANALOG , 40 SERIAL PORT  500 PARALLEL PORT

UPDATE BOUNDARIES         ANALOG-NONE   SERIAL-3      PARALLEL-1

PARALLEL PORT INPUT RATE  600nS minimum / 8 bit Word

PARALLEL PORT DATA FRAME  500 Words at 250 Hz

SERIAL PORT INPUT RATE    50 Kbps @ 10 bit format

SERIAL PORT DEPTH         PROGRAMMABLE LESS THAN OR EQUAL TO 40 Words

SERIAL PORT FRAME RATE    125 Hz



IMPLEMENTATION AND USAGE OF THE RJ PROGRAM
DATA ACQUISITION SYSTEM GROUND STATION
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Bombardier Inc. P.O. Box 3041
Montreal, Quebec Canada Sarasota, Florida

ABSTRACT

The Data Acquisition System Ground Station (DASGS) is a system developed by Loral
Data Systems (Loral) for CANADAIR Aerospace Group. The system implements the
latest technologies in telemetry front-end equipment, host computers, networking, and
graphic workstations. The goal of the DASGS is to supply Canadair with a telemetry
acquisition and processing system that can satisfy the Regional Jet (RJ) program
requirements and provide future expandability to service their needs throughout the
1990’s.

This paper will address three aspects of this telemetry system. First, the telemetry data
processing requirements of the RJ program will be described. Second, the system
architecture, both hardware and software, will be discussed and the basis for the
architecture. The third topic of this paper will cover how the system processing capability
can be increased to satisfy Canadair’s future requirements.

INTRODUCTION

The CANADAIR Aerospace group, a division of Bombardier Inc., is presently involved
in the development of the CL-601R Regional Jet. This aircraft is a stretched variant of the
Challenger business jet, targeted to the regional airline market. With a seating capacity of
up to 50 passengers, it can achieve speeds up to .85 Mach, over a range of up to 1000
NM. The RJ is presently under development at the Canadair facility in Montreal, with the
first flight scheduled for April 1991.

In order to maintain a secure market advantage, Canadair has targeted January 1992 as the
certification date for the aircraft. To achieve this ambitious schedule, and to carry out the
flight test program expeditiously, it was evident that a new approach to flight test data
acquisition/analysis at Canadair was required. Therefore, a program was undertaken to 



install a “State-of-the-Art” flight test data acquisition and analysis ground station at the
company’s main facility in Montreal.

In the spring of 1989, a request for proposals was issued to selected vendors of telemetry
data acquisition and processing systems. As a result of this request, five proposals were
received by Canadair. These proposals each underwent an exhaustive evaluation to
determine the system which most closely suited the needs of the RJ program. A primary
concern during the evaluations was to attempt to identify and schedule risks which may
have adversely affected the flight test program schedules. For this reason only those
systems which required a minimal development effort were considered.

The solution for the ground station data processing hardware offered a virtually “off-the-
shelf” system which afforded open ended architecture well suited to Canadair’s future
growth plans. The Contract was awarded in December 1989, and delivery of the system
took place in June 1990.

In order to provide safety-of-flight monitoring during critical tests, a telemetry link was
included in the system specifications. This link will allow the entire data stream to be
telemetered down to the ground station in real-time for the purposes of data monitoring,
as well as data storage in the on-line database. The telemetry systems have been installed
at the Canadair facility’s Cartierville airstrip in Ville St-Laurcnt, North of Montreal,

The Regional Jet-Data Acquisition System Ground Station is presently in place at the
Canadair facility in Montreal, and is undergoing an operational evaluation program in
preparation for the first flight of the RJ.

FLIGHT TEST PROGRAM REQUIREMENTS

Based on the Flight Test Program for the RJ, the following requirements for the flight test
Data Acquisition Ground Station were established. These requirements formed the basis
for determining the architecture of the data processing system.

1) Provide Real-time data analysis and display:

a) Perform engineering unit conversions:

The system must be capable of performing Engineering unit conversions in
real-time on all samples of incoming data. This permits the test engineers to
monitor any relevant parameters in real-time, and also provide immediate
acquisition of test data into “Ready-to-use” data files. The system must
accommodate up to tenth order polynomial conversions, however it must be



stated that almost all sensors may be accommodated through a fifth order curve
fit.

b) Perform data compression:

The data acquisition rates which may be attained on the RJ aircraft, will produce
a voluminous quantity of data. In order to effectively manage this data, the
system must provide the means to compress it into meaningful data sets. This
entails calculating average values, removing redundant data values, acquiring data
based on event occurrence, etc.

c) Perform limit monitoring:

The system must provide the means to verify all incoming data parameters
against pre-defined limits, whether those parameters are being actively monitored
or not. These limit values are user-defined for each parameter definition.

d) Perform derived parameter calculations:

The system must provide the means to derive parameters from acquired data in
real-time. These derived parameters will then be included in the data stream along
with all other parameters, and the system will be able to distinguish these
parameters for the purpose of display and/or analysis

e) Monitor data quality:

As data is acquired, the system must provide the means to flag any suspicious
data conditions (data spikes, drop outs, excessive noise, etc.) so that the test
engineers can review that data and judge as to whether that data is in fact
acceptable or not. If not, the system must allow the engineer to remove or repair
those samples in error.

f) Generate static and dynamic displays:

The system must provide the means to display a variety of data types in various
display formats for both real-time monitoring purposes and post-flight data
analysis. These formats will provide dynamically updating displays, such as
scrolling time histories and/or animated bar graphs, to allow test personnel to
actively monitor parameters of interest during telemetered flights, as well as fixed
time base graphs for post flight analysis.



2) Receive, record, process and display flight test data at a maximum rate of 200,000
samples per second of data (aggregate rate)

3) Provide concurrent data processing support:

The strict schedule requirements of the RJ program, dictate a dual stream capability
for the data processing ground station. Although a single aircraft may telemeter data
at any given time, large volumes of post-flight data analysis from previous flights
must be carried out concurrently with the real-time tasks. The system must therefore
be configured with a dual stream capability, to handle either a single real-time flight, a
real-time flight and a post-flight tape playback, or two concurrent post flight
playbacks This architecture shall accommodate “track-split” data should the data
rates on the aircraft exceed the recording capabilities of a single track on the airborne
recorders.

4) Archive and retrieve all flight test data and support files in an interactive on-line
database:

Test personnel and other users must be able to process flight test data interactively.
The system must also provide the means to manipulate data files to extract time
slices of interest, remove samples in error, and create data file sub-sets for
Subsequent analysis.

5) Provide future growth potential:

The system must be able to be expanded or tailored to meet new program
developments or future flight test programs.

SYSTEM OVERVIEW

The DASGS is shown in Figure 1. The system is comprised of four principal sections:

! Telemetry Systems
! Real-time data processing and monitoring hardware
! MicroVAX host processor
! Regional Jet engineering network

Telemetry Systems

In under to provide adequate safety of flight monitoring, a telemetry link was required to
provide real-time data monitoring and analysis at the ground station. A primary telemetry



link has been installed at the company’s main facility to provide coverage within 100 NM
of the plant. The flight test airspace extends much further north (Approx. 300 NM), and
telemetry operations are hampered by the Laurentian mountain range which borders the
test area to the south. For this reason, a link between a remote telemetry receiving station
in the far north and the DASGS, using existing commercial telecommunications networks,
is being investigated. This network would provide low attitude coverage over the entire
flight test airspace. This link is expected to be operational in February 1991.

The advantage of the telemetry link is twofold. It allows the aircraft safety of flight data to
be monitored in real-time, and when coupled with a high speed real-time data acquisition
and analysis system on the ground, it also permits the ground based test personnel to
review data, perform analysis, and make critical test decisions during the test flight. In
addition, as the data is acquired it is entered into a catalogued database where it is
immediately available for analysis when the data is approved and released.

In order to follow the aircraft through its maneuvers properly and provide continuous
line-of-site between the antenna feed and the test aircraft, a telemetry tracking antenna was
purchased from Electro-Magnetic Processes Inc. The EMP Model GTS-04C was
selected. A frequency diverse telemetry receiving system was acquired from Microdyne
Inc. consisting of two Model 1400-MR telemetry receivers and a Model 3200-PC
Diversity combiner. A frequency diverse system minimizes any telemetry interference due
to multi-path interference or radiation pattern “nulls” at the receiving antenna site.

All telemetry operations in Canada must he performed in the upper S-band range (2300-
2400 MHz). Licenses have been requested for two frequencies in this range from the
Department of Communications.

Real-Time Data Processing & Monitoring Hardware

The Real-time data processing and monitoring hardware is comprised of the telemetry
front-end, portions of the Digital Equipment Corporation (DEC) MicroVAX 3900 host
computer, and all the equipment situated in the telemetry rooms, such as strip chart
recorders, workstations, plotters, etc.

This hardware is used to monitor incoming data and control the data acquisition process.
To date three workstations have been installed for the purposes of data monitoring in real
time; however more may be added if additional program requirements occur. Available in
addition are, twenty-four channels of strip chart traces and a laser printer for hardeopy
output.

The telemetry front-end is responsible for all data processing tasks performed in real-time.



MicroVAX 3900 Host Processor

The MicroVAX 3900 is the central host processor for the DASGS. This processor is
used primarily to route incoming data either to disk files or workstations during real-time
operations, or to support user requests for data analysis and/or post-flight data
manipulation. The host is also used to manage all data and test support files on the
4.8 G-byte flight test database.

All test support functions, such as maintenance of the calibration database, generating
sct-up images for the airborne data acquisition hardware, etc.... are also performed on the
host.

The system is configured so that all monitoring and data processing task requests will be
performed on VAX workstations networked into the host. This offloads the host
processor and allows test support functions and database manipulation tasks to be
performed concurrently with real-time and post-flight data monitoring and analysis. The
expanded processing capabilities of the host are, however, still available far large
processing or I/O intensive jobs which may be submitted for execution when the host
processor is not heavily loaded.

RJ Engineering Network

As the number of users is expected to vary significantly throughout the certification
program, the decision was made to implement a flight test data processing system using a
distributed architecture. This allows each user to control his/her individual computing
resources without affecting any other users on the system. This architecture is inherently
well suited to expansion, as additional computing requirements may be accommodated by
simply adding additional workstations onto the network, with a minimal effect on the
existing systems.

Based on this philosophy, it was decided to implement a network of workstations
dedicated entirely to the user’s data processing tasks will be implemented. This network,
called the RJ engineering network, is isolated from the ground station network by a
“Network Bridge” device which filters traffic on each side of the bridge, allowing each
“sub-network” to function independently. The workstations on the RJ network access the
fileserver directly, thus minimizing any traffic onto the ground station network. This is
particularly important during real-time activities, when the Ethernet network in the ground
station is heavily loaded with real-time data broadcasts to the workstations in the telemetry
rooms.



SYSTEM DESCRIPTION & BLOCK DIAGRAM

System Description

The DSAGS system was designed for Canadair for current requirements and for future
requirements.

To meet these requirements Loral was able use a substantial amount of standard off-the-
shelf telemetry front-end and system software. The following paragraphs describe the
telemetry front-end and the system software in the DSAGS system.

System Hardware

System CPU’s

The DSAGS system utilizes a VAX 3900 VAXserver with an expansion chassis as a host
computer. The MicroVAX 3900 is comprises of:

! Three DEC DRQ3B’s 16-bit DMA devices. Two of the three devices are used for
data archival to disk, the third is used for pre-processor event logging.

! Two EMR QDI’s Dual Ported Memory cards for Current Value Table creation.

! DEC DRV1W general purpose parallel interface used for telemetry front-end setup
(EMR 8715 Pre-Processor unit).

! DEC CXY08 8-line RS-232 interface used for telemetry front-end setup (EMR 8330
Decom unit).

! DEC DRV1J 16-bit parallel interface for telemetry front-end setup (bit synchronizers
& simulator)

! Two Versatec V-80 plotters for hardcopy.

! DEC DESQA Ethernet controller for data distribution and host-to-workstation
communication.

! Four 1.2 GB disk drives.

! DEC TK70 Streamer tape drive.



The DSAGS system contains three DEC 3100 graphic workstations. All workstations are
contain the same configuration:

! Graphic co-processor card set.

! Two Wincester disc, one 52 MBytc and one 104 Mbyte

! One 3 1/4 floppy drive.

Telemetry Front-End

The telemetry front-end consists primarily of the EMR 8000-Series equipment, which is
modular in design and offers the widest range in specifications offered at Loral. The TFE
is comprised of 1 Simulator, 2 Bit Synchronizers, 2 Frame Synchronizers, 2 ID Subframe
Synchronizers, 2 Recycle Subframe Synchronizers, 2 Asynchronous Frame
Synchronizers, 1 Pre-Processor, 2 Time Code Generators/Translators, 1 Digital-to-
Analog Converter Unit (32 DACS), 2 Analog Tape Drives, and 2 Digital Tape Drives.

The telemetry front-end also contains a coaxial patch panel system which is design to
facilitate reconfiguration of the system inputs and DAC outputs. An input patch panel
accepts real-time PCM inputs from RF receivers and recorded PCM and/or IRIG time
from two Analog Tape drives (Loral Model 85 Instrumentation Tape Recorders). PCM
data sources may be routed to either of the two Bit Synchronizers; IRIG time inputs may
be patched to either of the two Time Code Generator/Translator units. Also available at
the patch panel for system testing and/or recording are simulated PCM data, generated
IRIG time, and the reconstructed Bi-Phase output from the PCM Bit Synchronizers. An
additional patch panel for DAC’s is provided which provides the flexibility in routing the
DAC outputs of the EMR 8350 D/A Converter to strip chart recorder inputs.

System Software

The DSAGS provides the user with the ability to prepare data files to support a specific
test flight, acquire, store, and inspect data during the actual flight, and analyze the
acquired data in depth either between maneuver segments of after the flight ends.

The DASGS software system implements a sophisticated Man-Machine Interface (MMI)
for entering the user-defined information and controlling operations of the system. This
MMI basically consists of forms, graphical and non-graphical, for operator entry of setup
information and for system control menus. HELP facilities are an integral part of this MMI
to assist the operator during data entry and operations control.



The DSAGS system utilizes the DEC VMS operating system which provides a true
multi-user environment, which provides the capability for multiple user access to mission
information. All maneuver/mission specific information will be stored in a mission unique
account. The DSAGS will provide the capability of storing 20 unique missions
simultaneously on disk.

For standard functionality, the DSAGS offers:

! Multiple Missions/Maneuvers, which provides the user with the ability to store and
recall multiple setup/configurations of the DSAGS system.

! Data entry of all telemetry front-end setup using menus and forms, with the
information retained on disk for later recall.

! Terminal based displays for both real-time and playback.

! Entry of parameter information, which consist of parameter identification, parameter
PCM stream position, and all parameter preprocessing algorithm definitions. This
information is stored in a database under each mission/maneuver account.

! Development environment for the user to create and link into the standard set of
preprocessor algorithms.

! A graphic editor giving the user the capability to name and build Bar Charts,
Scrolling Time History Plots, Cross-plots, Alphanumeric Plots, Annunciator panels,
Polar Plots, and Dynamic Symbology Graphs. The user also has the ability to create
these displays in 7 different sizes which can be mapped into 11 different screen
layouts for either real-time or playback.

! Real-time Dynamic Update capability of the preprocessing algorithm arguments,
algorithm activity status, and parameter activity status.

In addition to the above listed standard features, the DSAGS system required several
unique features. These features are listed with a brief description which follows:

! The capability to acquire PCM data based to two different time references (Two real-
time data, Two playback. or 1 of each).

! The capability for the preprocessor to check for predetermined events and to archive
and display these events on the host computer.



! The capability to store sensor information in a standalone calibration database and to
provide the necessary interface to move calibration information into the parameter
database.

! The capability to convert the archived merged data file formal to a Canadair specified
data format for transfer to multiple platforms.

! An end-to-end self test which provides a known input into the system and verifies the
output at both host and workstation

! The capability to log events which were witnessed while displaying real-time or
playback data.

! The capability to create archive data file subsets based on the events which were
logged during real-time or playback displays.

FUTURE GROWTH

The DASGS was implemented to respond to the test program requirements of the RJ
program; however, it was of equal importance to provide a system which would permit
future expansion to allow the system to accommodate all existing and future programs at
Canadair. As the system matures, all flight test data analysis tasks will be handled by the
ground station, making this system the central flight test data processing facility for the
Canadair Aerospace group.

The modularity of the system allows for the rapid and easy installation of additional
computing resources (i.e. workstations, or an upgraded host) to accommodate the
increased data volumes expected as additional flight test programs are handled by the
system. The telemetry front end hardware is also well suited to expansion, as additional
real-time data processing capabilities may be handled by simply adding additional “card-
level” hardware. The system software has been “customized” by Canadair engineers,
therefore the expertise exists in-house to develop and or modify existing software to
implement all foreseeable test requirements.

Canadair is confident that the DASGS provides an entry level system into the realm of
real-time flight test data processing and analysis, with remarkable growth potential
allowing the system to grow to support new programs and/or requirements as they are
identified.

 





Figure 2.  Data Acquisition System Ground Station Layout



TIMELY UPGRADES TO COMPLEX SYSTEMS
SUCH AS THE TELEMETRY PROCESSING SYSTEM

AT PMTC

Gary Reed James DeVries
Realtime Data System Center Department of the Navy
Computer Sciences Corporation Pacific Missile Test Center
Lompoc, CA 93436 Point Mugu, CA 93042-5000

ABSTRACT

The procurement of a new or upgraded data processing system doesn’t have to take eons
of time and result in a less than adequate system. The complexity of requirements
definition and system development are not getting any easier, but well-defined
methodologies and the use of proven capabilities are providing a means of controlling the
process. Even though there are more and more demands being placed on telemetry
processing systems and advancing technology offers a myriad of solutions from which to
choose, the Government and contractor communities are becoming more effective in
applying techniques to define and deliver adequate systems. One method of
demonstrating this is to describe an example of a complex telemetry processing system
currently being developed for the Navy.

INTRODUCTION

Depending on its size and complexity, a new system may take anywhere from five to
fifteen years from the time a need was first identified until it becomes operational. This
represents a significant investment in time and money for the procuring agency. The
success of the new system depends on timely, cost-effective development, its ability to
utilize the latest technology, and the degree to which it satisfies the user’s requirements.
The Government and contractors have developed successful methods for ensuring the
success of new systems. The Government’s main contribution has been the preparation
of Military and Department of Defense standards (particularly DOD-STD-2167) that
define the process of designing, developing and testing complex systems. The new
guidelines also allow for the tailoring of the standards to fit the type of system and
contract. And because many of the new contracts are fixed-price-oriented, many
contractors have developed their own strict procedures for regimenting the entire process.
Industry enhancements such as CASE tools, CAD/CAM packages and other off-the-shelf 



workstation products have also provided a means of reducing the effort and the
unpredictable characteristics of system design and development.

The need for a considerable enhancement to the system being used to process telemetry
data at the Pacific Missile Test Center (PMTC) was defined at the ITC in 1986 (1). Since
that time, a top-level system specification was developed, a Request for Proposal was
distributed, and a fixed-price contract to develop a new Telemetry Processing System
(TPS) was awarded to Computer Sciences Corporation (CSC) on 1 August 1989. The
system design has been completed, and CSC is well on its way to completing the
development of not one but four of the systems described at ITC/86. Delivery is
scheduled for the second quarter of 1991.

Throughout the process of requirements definition and system development, the Navy
and CSC have been using the latest standards, tools and techniques to ensure the timely
and cost-effective delivery of a fully functioning TPS.

REQUIREMENTS DEFINITION

Since a system developer is only responsible for satisfying the documented requirements,
a key step for a successful system is correctly defining the system requirements. In
establishing requirements for TPS, many objectives had to be taken into consideration.
These objectives included not only system functionality and performance, but also the
time and cost involved in developing and maintaining the system.

The major factor influencing the requirements definition was the utilization of as much
previously developed hardware and software as possible. This type of specification
allowed the procurement to proceed as a fixed-price contract. Using this vehicle provided
for a stable system with minimal development risk.

The basic technical objective was to present the end user with as much data as possible in
the most comprehensive format. The individual user is uniquely interested in obtaining
information useful in the decision making process based on an accurate representation of
the telemetered parameters during real time or from analog tape playbacks.

The equipment operators have a different set of priorities for the system requirements.
The operators arc responsible for ensuring that the system is working correctly so that it
can provide the end users with quality data. The total system complexity must be kept
within the maintenance and operational capabilities of a small complement of technical
personnel. System design must take into account the skill levels required to maintain and
operate the system, as well as the training required of these groups.



The software maintenance of modern computer systems can be one of the largest cost
factors in the life cycle of the system. To reduce the cost burden of original software
development, as well as the software maintenance, extensive use of off-the-shelf software
was required. The use of CASE tools is gaining industry recognition as a means of
improving the visibility into software design. Requiring an off-the-shelf CASE tool to be
used for software development was also intended to enhance software maintenance. As a
standard product, use of such a tool is fairly easy to master and thus allows maintenance
personnel to quickly understand and modify the software design.

The display of telemetry data has traditionally been through the use of the strip chart
recorder (SCR). While providing an accurate, real time display of each data sample for
selected parameters as well as a hardcopy report, SCR’s are severely limited in the
number of parameters and the display format. The flexibility of data selection via menus
on a CRT gives the end user the ability to analyze multiple parameters in many different
presentation formats. The advantages of these two capabilities were combined in TPS
through the requirement for both SCR’s and real time graphics displays using the
workstation concept.

In this manner, each type of user associated with TPS and each functional discipline was
analyzed as to the best way to structure the system requirements. The intent was to ensure
that the system would not be designed to suit one group of users, while making the job
harder on another group. User acceptability is a major factor in the success of a new
system.

The following overview describes the system being developed to satisfy the Navy’s
requirements.

TPS SYSTEM OVERVIEW

Figure 1 shows an overview of TPS and its subsystems. As shown, there are four
identical strings of equipment receiving data from the Input Data Distribution Patch Panel
(IDDPP). Each of these strings contains a Telemetry Front End Subsystem (TFESS) that
provides data to a Telemetry Processor Subsystem (TPSS) through a Universal Memory
Network (UMN). Data from each TPSS is routed through the Telemetry Graphics
Network (TGN) patch to any one of four Telemetry Display Subsystems (TDSS). The
Navy’s two Range Central Site Computers (RCSC) can pass data to and from any TPSS
over the high speed Telemetry Data Network (TDN). The transfer of setup files and other
support data is done over the Local Communication Network (LCN) between the
TPSS’s, the Software Development Station (SDS), and the Navy’s Telemetry
Decommutation and Processing System (TDAPS).



1. IDDPP

The IDDPP contains the equipment that provides a centralized distribution for the
incoming PCM, PAM and FM data to each of the four TFESS’s. It also contains
test equipment that may be used to evaluate the signals and help the operator respond
to anomalies. The IDDPP is housed in five 19-inch racks that contain the test
equipment, the patch panel for routing real time or playback data to selected
TFESS’s, two Honeywell Model 97 automatic magnetic tape systems for playback, a
TRAK Model 8500 time code processor to support tape search, two AGC/Video
Multicouplers from Apcom, and four Fairchild Weston Model 4142 tunable analog
discriminators.

2. TFESS

The Aydin Computer and Monitor Division (ACMD) System 2000 is the major
component used to satisfy the TFESS requirements identified in Table 1. The
System 2000 configured for TPS performs frame synchronization, engineering units
conversion, data compression, user-defined processing, and other basic data
processing functions on up to four PCM stream, two PAM sources and two FM
sources. As shown in Figure 2, the System 2000 has a modular, bus-based
architecture that includes separate cards for decommutation (FSC019 and FSC005),
Digital Signal Processing (DSP003), specialized processing (DSP002), analog data
input/output (ICM003), monitoring data status (SSM002), data transfer to the host
computer (CPI010), and receiving command and setup data from the host computer
(IOC011). In addition, the System 2000 is configured with four sets of Simulator
Modules (SIM004) and Serial Output Code Converter Modules (SOC001) to
provide a controllable, simulated PCM data stream for system testing and data
validation. The System 2000 is provided with data from four ACMD 3335 bit
synchronizers, two Acroamatics Model 2410 PAM synchronizers/PCM converters,
and two FM inputs through a Fairchild Weston 8470 Tunable Digital Discriminator
and a Tustin 2315 A/D converter. A separate TRAK 8500 Time Code Processor
allows the CPI010 cards to time tag the data to a resolution of 10 microseconds.

3. TPSS

The TPSS serves as the host computer for the TPS. It provides the central control
over operations, allowing preflight setup, operation initiation, acquisition and routing
for realtime and analog playback data, and post-test playback of recorded data. The
TPSS processor is a DEC VAX 6220 super minicomputer system. In addition to the
required memory, disk, tape, printers and other peripherals, the DEC 6220 is
configured with two VAX Real Time Accelerators (RTA). The RTA’s serve as an



Input/Output Processor for high speed data format conversions between the DEC
and CDC Cyber processors (RCSC’s) for data transferred over the TDN.

4. TDSS

The TDSS provides the real time user interface to TPS. Each of the four TDSS’s
supports a separate display room that includes four Graphics Display Stations
(GDS), eight strip chart recorders, two remote color display monitors, and a large
screen display provided by the Navy. Each GDS is configured with a printer/plotter
for graphics hardcopies and its own disk for recording and recalling display data.
The GDS is a DEC VAXStation 3200 processor configured with a GPX
coprocessor that provides high-performance color graphics. The GDS is an
intelligent workstation capable of processing and displaying real time data from the
TPSS or recall data from its own local disk. The strip chart recorders are Astro-
Med’s Model MT-95000R configured with a digital interface.

5. SDS

The SDS is not part of the real time processing configuration. It serves as the
primary setup file development and applications software development station. The
SDS also provides the storage space and connectivity to serve as the archival system
for the TPS setup files. The SDS processor is a DEC VAX 6210 super
minicomputer system configured with the required memory, tape and disk
peripherals. It also has a graphics unit to allow for development of real time displays.

6. UMN

The UMN is an ultra high speed, inter-computer communication network which
allows dissimilar computers to access common memory at transfer rates of up to 40
megabytes per second. In the TPS configuration, the UMN is used to pass the high
speed real time data from the TFESS to the TPSS. The UMN configuration, as
shown in Figure 3, consists primarily of the SMI-32 bus with an Intelligent Data
Interface (IDI) module, a controller module, memory cards, and a computer interface
module. For TPS, the computer interface is a connection to the VAX BI Bus. Also
included are data transfer cards (FDT3001 and FDT7002) that provide two separate
data paths from the System 2000 into the IDI, as well as an output path from the IDI
to the digital-interface strip chart recorders. The IDI provides an additional level of
preprocessing easily modified by downloading programs from the TPSS host
processor.



7. DATA NETWORKS

As shown in Figure 1, there are three data networks within TPS: the LCN, the TGN
and the TDN.

a. The LCN links each TPSS with the SDS and the TDAPS. This network consists
of an Ethernet connecting the processors.

b. The TGN provides the data path from each TPSS to selected TDSS’s. The TGN
is a thin wire Ethernet Local Area Network, where each TPSS and each TDSS
has an Ethernet interface. The system is configured with a TGN patch panel that
allows any TPSS to be patched to any TDSS, or any two TPSS’s to be patched
to a TDSS, or one TPSS to be patched to all four TDSS’s. Up to 50,000
samples per second can be transferred across the TGN for display.

c. The TDN connects each TPSS to the Navy’s two RCSC’s. Because of the high
data transfer rates required (100,000 samples per second), the TDN is
implemented with a Network Systems Corporation HYPERchannel. This network
has a trunk transfer rate of 50 megabits per second, and provides an effective
transfer rate sufficient to support the requirements.

DESIGN APPROACH

The design of a new system plays a significant role in its success. The approach to
designing TPS consisted of matching the functional requirements to the appropriate
system component or subsystem in a way that enhanced such system capabilities as real
time performance, flexibility, ease of use and reliability. This was done as much as
possible with modular, proven, available, and state-of-the-art hardware and software
products. It was also done with an eye towards retaining the basic system architecture
used on previous projects (2). For although a certain amount of development is almost
always required for a new system, a primary objective should be to restrict development
to new or enhanced capabilities. In other words, eliminate the need to redevelop existing
capabilities due to changes in the system configuration or architecture.

The TPS design follows the industry trend over the last few years of allocating as many
functions as possible to the front end subsystem which consists primarily of high speed
microprocessors and built-in firmware. The performance and modularity of today’s front
end hardware provides an extremely flexible way to significantly enhance system
performance without the inherent problem associated with upgrading the hardware and
software of a host processor. TPS takes this concept one step further by also including
an intelligent interface between the front end subsystem and the host processor. In



addition to providing the necessary high-speed data interface between the two
subsystems, added capability is provided by a microprocessor programmable from the
host computer and by specialized digital interfaces to such devices as strip chart
recorders.

The TPS design further minimizes the workload of the host processor and takes
advantage of the advances in minicomputers by allocating the data display and recall
processing functions to multiple intelligent workstations. The host processor is used
primarily to collect and buffer the real time data for transmission to the workstations, for
conversion and transfer across the network to other processors, for output to the data
recording function, and for input to user application code running within the host
processor.

The following section identifies the specific factors used to provide TPS with the
development, integration and test advantages that contribute to the probability of success.

TPS SYSTEM DESIGN FEATURES

The TPS design takes advantage of several factors to help assure a successful
development. The design of each TPS subsystem was carefully constructed to take
advantage of off-the-shelf hardware and software with proven capabilities.

1. Similar Architecture

Since the basic data flow and system architecture does not vary considerably from
other telemetry systems, much of the required TPS support software has already
been developed (3) and can be reused with minimal modifications. A similar
architecture also allows for the use of proven capabilities and provides developers
with a head start in understanding the most critical areas of the system. Thus the
selection of subsystem components and interface definitions can be made more
intelligently.

2. Proven Capabilities

The ACMD System 2000 has been used by CSC to support several other real time
telemetry processing systems (4,5). Its proven performance and its high degree of
modularity is ideally suited to satisfy the PMTC requirements with minimal
modifications.

The GDS is based on CSC’s Telemetry Work Station, which was developed as a
small, standalone system with all the basic telemetry data processing capabilities.



CSC’s use of NSC’s HYPERchannel in three previous system configurations
assures more than adequate experience and available software to quickly implement
the TDN.

3. Off-the-Shelf Hardware

The IDDPP is configured with readily-available, off-the-shelf equipment.
Construction of the specific racks and patch panels for TPS is a standard process
that uses catalog components.

The DEC processors were an excellent fit to the specified TPS requirements, and
their use throughout TPS permitted the use of common interfaces and software.

Since the TPS data transmission requirements are not excessive, the data networks
selected are all standard off-the-shelf products. The use of DECnet on the LCN
ensures compatibility among the processors and data transfers, as well as
compatibility with existing hardware and software. Setup files are transferred over the
LCN using standard DECnet file transfer protocols. The only development item on
the TGN is the switching network, which is a simple patch panel.

4. Development Configurations

Off-the-shelf hardware, such as the DEC processors and the NSC equipment, was
ordered early to allow a development system to be configured for use by the
completion of the critical design review.

Modifications to the System 2000 prevented early delivery of the actual TPS
components. Therefore, an interim unit was configured using only off-the-shelf
components to provide as much functionality as possible. Existing software modules
were available to support these off-the-shelf items, thus providing a means of
ingesting data into the system.

The UMN is the closest thing to a new development item in the TPS configuration.
Although a version of the UMN is currently being used operationally by NASA at
their Dryden Flight Research Facility (6), many of the modules had to be developed
for the first time to fit the specific TPS interfaces. For this reason, a simplified
version was built with existing components for use during the early development
phases. The intent was to assure that functional development could continue without
the risk associated with a delay in receiving this vital component.



5. Off-the-Shelf Software

The type of processor has the greatest effect on development time if existing code
has to be redeveloped to run on the new processor. Of course, redevelopment can
be minimized if the code is in a standard high order language, such as FORTRAN or
C. Due to its similar architecture, the library of existing FORTRAN code currently
being used to support other telemetry processing projects satisfies most of the TPS
functional requirements. The use of this existing code considerably reduces the
development and debug time on 'IPS.

A significant feature of this software is that it was designed using CASE. CASE
provides the software designers with online access to the data flows and data
structures of the entire software configuration (7). Modifications for TPS-specific
functions were easily made, and the CASE tool automatically verified that the
changes balanced with higher and lower level structures (i.e., functions and data
interfaces were correctly defined).

The TPS setup file software (i.e., the software that establishes the run time
environment and processing to be done) requires limited development, since the TPS
front end, host processor and display configurations are very similar to those used
on previous CSC projects. What originally took ten to twelve manyears to develop
on initial telemetry systems, now requires less than three manyears to modify for
TPS.

The TDSS design also takes advantage of an off-the-shelf software package
developed by V.I. Corporation to support graphical requirements on the
workstations. This eliminates the need to develop a significant amount of graphics
software to support TPS.

6. Economy of Scale

The most cost-effective TPS integration feature is the concurrent development of the
expansion options (i.e., four systems rather than one) with the basic system.
Although this may appear to add complexity to the situation, it actually allows many
of the integrated system design problems to be resolved during the early
development phases rather than later when modifications are much more difficult and
costly. It also provides for the most cost-effective use of labor to complete the entire
system in a shorter period of time. In addition, the ability to order four systems
worth of equipment makes quantity discounts available and simplifies receiving by
preventing deliveries from being spread out over several years. The advantage to the 



Navy is obvious. They get a complete system that is fully checked out in a much shorter
period of time for less cost.

SUMMARY

The successful development of systems such as TPS is no longer a rare occurrence.
Many of the areas that used to cause wide variations in schedule and cost have been
brought under control through the use of modular systems, proven capabilities, and well-
defined procedures. The availability of off-the-shelf hardware and software to satisfy
many new or enhanced requirements should only increase. System developers and system
integrators are getting better at applying the standards and procedures to build complex
systems. Users should now expect to get new or upgraded systems in a reasonable
amount of time and, because much of the capabilities are already proven, without much of
the skepticism that normally accompanies the arrival of a new system.
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Figure 1.  Telemetry Processing System Configuration



Table 1. TFESS Capacity Summary

TFESS Capability Required Capacity

PCM: Number of Input Streams 4
Bit Sync Rate (Megabits / Sec.) 10
Parameters / Source 4096
Data Rate: pps Sustained / Source 250,000

pps Burst / Source 500,000

Minor Frame
Subframe
Sub-subframe
Asynchronous Embedded Minor and Subframe
Repetitive Mode

(Subframe ID and Recycle)
Non-Repetitive Mode
Throughput (Direct Serial to Parallel) Mode

PAM: Number of Input Streams 2
Channels / Frame 128
Data Rate: pps PAM NRZ 250,000

Pps PAM RZ 125,000

Multiplexed FM: Subcarrier Channels / Multiplex 20
Analog to Digital Channels 32
Simultaneous Stample w/in (Micro Sec.) 5
Data Rate: pps 300,000

Analog to Digital: Data Rate pps 500,000

Aggregate Data
Throughput: Pass through Rate: pps 500,000

Processed Rate: pps 400,000

Strip Chart Recorder
Outputs: Channels 64

Data Rate: pps 200,000



Figure 2.  Telemetry Front End Subsystem



Figure 3.  TPS UMN Configuration
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Abstract

This paper introduces the systematic design features of
development of Chinese aero-space telemetry ground station
from the following seven respects:

1. The fundamental factors to promote the 1980s’ development
of telemetry ground station.
2. Increasing the flexibility of telemetry ground station.
3. The approach of one-time system design and multisteps
development.
4. Decreasing the effect and influence of host computer.
5. Increasing the efficiency of buses.
6. To pay attention to magnetic recorder.
7. According to realistic utility to determine the
configuration and specification of telemetry ground station.

Introduction

1980s is the important period of development of Chinese
aero-space telemetry ground station. From the middle of
1980s, the programable telemetry system has been popularized
in China. At the end of 1980s we began to develope multi-
stream parallel telemetry system. The systematic design
features of our multi-stream parallel telemetry system are
as follows:

1. The Fundamental Factors to Promote the 1980s’ Development
of Telemetry Ground Station

The factors which influence the development of telemetry
ground station are upgrade of requirement and development of
fundamental technology. With respect to upgrade of
requirement, the FM/FM system had not been popularized in



China, but the PCM-FM system has been used in many respects.
From the middle of 1980s, the requirement of measuring fast
varing signal has been increasing very quickly and
requirement of increasing bit rate of PCM system became very
urgent. The destination is to increase the bit rate of one
stream to 2Mb/s and then to 10Mb/s. On the other hand, the
users of China want to decrease fund of outfit, so we must
decrease the numbers of telemetry ground station. Thus we
must develope new telemetry ground station and such station
must replace several old ground stations. We must develope
more flexible system and this system can solve the problem
of receiving multiple point frequencies at the same time.
With respect to development of fundamental technology, the
fundamental factors are the development of computer and
integrate circuit. Due to these technologys penetrating
deeply into the region of telemetry, we can improve PCM-FM
systems’ technical specification and develope more flexible
telemetry system. When new requirement and new capability
combine each other, Chinese telemetry ground station
developes very quickly.

2. Increasing Flexibility of Telemetry Ground Station

(1) Adopting Parallelism in Three Respects

Our developing station is modularized, bus connection
system. The modules are operating in parallel. Futhermore we
proceed to develope parallelism in three subsystems i.e.
data acquisition subsystem, data processing subsystem, data
display subsystem. All the subsystems are based on parallel
architecture. Parallel data acquisition subsystem means that
the system has multistream input. Parallel data processing
subsystem means that the systems’ operation is data-driving
with multiple processing modules performing parallel
processing. Parallel data display subsystem means multiple
display working stations are connected together and operated
in parallel. A system with configuration of parallel modules
and parallel subsystems has great flexibility and
expansibility, and can solve the problem of receiving
multiple point frequencies at the same time. The
configuration of this system is very flexible. The
configuration may be large or small and one ground station
my satisfy many requirements.



(2) Modular System Architecture

Modular system architecture has two meanings. One is
configuration with parallel modules and parallel subsystems,
the other is that several small systems may connect in
parallel as one input of a large system. A small system may
stand alone in which there are few processing modules and
one display working station. On the other hand a small
system may be used as one subsystem of a large system in
which there is no processing module. The large system may
have many display working stations. Many processing modules
have been used in the processing subsystem. Modular system
architecture with three respects has very large flexibility.

3. The Approach of One-time System Design and Multisteps
Development

For modular system architecture, we start the systematic
design according to the largest system. The system
implementation may be started with a relatively small
configuration and low specification. We will expand the
configuration of the system step by step. One of the very
important problems is that the system must not discard the
hardware which had been already developed whenever expands
and upgrades. This approach not only saves user’s investment
but also eliminates the need of change the products of
manufactures from time to time.

4. Decreasing the Effect and Influence of Host Computer

In a conventional telemetry ground station, host computer
plays a very important role i.e. processing, set-up,
display. However, with the very fast developing computer
science and VLSI technology, computer vendors are upgrading
their products very quickly. The Chinese users of telemetry
ground stations feel that they should always to use the
newest type of host computer. This situation has driven
telemetry manufacturers to an awkward position that on one
hand they should meet user’s requirement on computer
selection, on the other hand, it is actually difficult for
them to accommodate themselves to the user’s ever-changing
speed. Perhaps the only solution to this problem is to
restrict the functions of host computer. After careful
study, a large portion of function of data processing can be
done in processing subsystem by processing modules. The



function of set-up can be done by microcomputer boards in
acquisition and processing subsystems. Then the host
computer only is used as a display working station. We can
connect the processing subsystem to the display working
station by Ethernet and DMA channel. We intend to develope
one intelligent DMA interface to increase the flexibility.
According to this systematic design, we can keep the chang
of telemetry ground station to a very low level when we
change the host computer.

5. Increasing the Efficiency of Buses

(1) We have considered three types of buses. One type is
dual-buses with output server. We don’t like to select this
type buses because it does not fit the measuring parameters
with strict time sequence. The other two types are dual-
buses with input server. These types use different methods
to increase the efficiency of buses. There are two buses
have been used in the second type. One bus is used as a data
bus and the other is used as a set-up bus. The function of
set-up occures only before measurement. For the sake of
increasing the efficiency of buses, two buses can be
connected each other by hardware. This hardware may transmit
message in one direction or in two directions. Between the
measuring process, the data on the data bus can be
transmitted to the set-up bus. Then the load of the data bus
can be distributed. The third type is that the functions of
data tranmission and set-up concentrate on one bus. Then the
system uses two such buses. Only one bus connects to
processing modules. We decided to select the second type
buses. For the sake Of simplifing design, we use one
direction transmission hardware.

(2) When we use multiple processing modules in parallel,
the programming of software for selecting processing modules
and algorithms has the problem of optimization. It is
optimization of programming and arrangement of sequence of
parameters. If it is not proper, unequal loading problem and
bottleneck phenomenon must occure. We intend to use computer
simulation to find the optimum of set-up programme and to
lay out the rule for arrangement of sequence of parameters.

6. To Pay Attention to Magnetic Recorder

If we use hard disk in a task of large bit rate and long
time recording, the restriction of storing capacity and



accessing velocity may occure. We decided to use parallel
track magnetic recorder to solve this problems. This
magnetic recorder was developed by China. The bit rate for
one track is 4Mb/s (or 2Mc/s for sine wave). We use this
magnetic recorder to record the pre-detection and post
detection signals.

7. According to Realistic Utility to Determine the
Configuration and Specification of Telemetry Ground Station

According to the investigation on user’s requirement, we
selected 8 data streams as the largest configuration. In the
8 data streams, the bit rate of 6 streams is 2Mb/s and the
other two are 10Mb/s. The maximum number of display working
station is eight. We started the systematic design according
to the largest configuration. We are implementing this
system with small configuration and low specification
modeles as the first step.

Conclusion

After we study the international trend of development and
consider the realistic condition of China, we started to
develope Chinese multi-stream telemetry ground station. Our
work of development has been proved successful.

References

1. Aydin Computer and Monitor Division
AA Data Driven Real Time Telemetry Preprocessing System@
by Thomas M.Pirrone

2. Aydin Computer and Monitor Division
ATelemetry Preprocessor Performance@
by Gray A.Thom

3. ITC Proceeding 1988
AHigh Performance, Real-time, Parallel Processing
Telemetry System@
by Richard L. Powell, Gale L. Williamson, Farhad
Razavian, Paul J. Friedman

4. Loral Instrumentation
ASystem 500 Technical Brief@



COMPUTER CONTROLLED TELEMETRY RECEIVE AND
RECORD SYSTEM

Eugene L. Law
Code 1081

Pacific Missile Test Center
Point Mugu, CA 93042-5000

ABSTRACT

This paper will describe the Pacific Missile Test Center’s (PMTC) approach to a
computer controlled telemetry receive and record system. The advantages of this system
include: fast, accurate equipment setup and interconnection, automatic verification of
operational status, and simplified signal monitoring. PMTC personnel developed the
system architecture and software. The system hardware is all unmodified off-the-shelf
equipment. The main design drivers were cost, reliability, and minimizing the effect of any
single point failure. The system uses many individual switches instead of a small number
of large switch matrices. Manual patching capability has been maintained. This patching
system provides a backup solution if all the computers get “zapped”. The patching
system also provides increased signal routing flexibility.

RECEIVE STATION DESCRIPTION

The telemetry receiving and recording facility (Building 738) has four 10-meter diameter
antennas. These antennas receive signals in the 1435-1540, 1750-1850, and 2200-2290
MHz bands. The 2310-2390 MHz band will be added in the future. Figure 1 shows a
simplified diagram of the receive and record system, The L- and S-band telemetry signals
are converted to P-band (215 to 320 MHz) in the antenna pedestals,

The downconverted signals are connected to very high frequency (VHF) multicouplers,
Each multicoupter output is connected to a 4-way power splitter. The power splitter
outputs are applied to VHF switches. The VHF switches are configured so that all bands
from all antennas are available to each receiver pair (see figure 2). The switches are
magnetically latched and do not reset at power-up. The switch outputs are connected to a
patch panel. These outputs are normally connected to the receiver inputs. The VHF
multicoupler outputs also are present on this patch panel. The antennas can be manually
patched to the receivers if the computer system fails.



Figure 1. Receive and Record System Block Diagram.

Figure 2. Antenna to Receiver Switching.



The receivers and combiners are configured into five stations. Each station consists of six
sets of two receivers and one combiner. The upper receiver in each set is connected to
the left-hand circular polarization. The lower receiver is connected to the right-hand
circular polarization. The receiver and combiner video and predetection outputs are
connected to video multicouplers. Each video multicoupler has eight isolated outputs.
These outputs are connected to video switches and to a central patch panel. The video
switches connect the receiver and combiner predetection and video outputs to the bit
synchronizers and tape recorders. External inputs (microwave signals from San Nicholas
Island (SNI), Vandenberg, etc.) are connected through the central patch panel. The “best”
source signals are also connected through the central patch panel.

Each station has two 14-track analog magnetic tape recorders and four pulse code
modulation (PCM) bit synchronizers. Any one video or predetection output of any
receiver or combiner in a station can be connected to any track (tracks 2 through 13) of
that station’s recorders. This system has the capability of computer setup for most
realistic operational interconnections. However, this system does not have the capability
of connecting any arbitrary set of receiver outputs to an arbitrary set of recorder tracks
without manual patch intervention. The plan is to handle the rare degenerate cases with
manual patching where required.

A signal source is routed to a tape track by computer controlled switch closures. Figure 3
illustrates the switching configuration for the tape recorder input signals. Four tracks are
grouped together as shown in figure 3. Each group of 4 tracks uses 32 4x1 switches and
one 4x4 matrix. The groups consist of tracks 2 through 5, tracks 6 through 9, and tracks
10 through 13. Tracks 1 and 14 are usually used to record voice, timing, etc rather than
received data. Every video, predetection, and bit synchronizer signal from the station is
available to each group of four tracks. The 4x4 matrix allows any one input to be
connected to any track. The 4x4 matrix outputs are connected to a patch panel. The
outputs are normally connected (patched) to a video multicoupler. However, any signal
can be manually patched to the video multicoupler input. Outputs from each video
multicoupler are connected to the same track of both recorders. Therefore, the inputs of
the two recorders in a station are identical (except for the tape servo signal which is
unique to each recorder). Each pair of recorders can be used in a ping-pong fashion or to
make duplicate originals.

 The stations are interconnected as station pairs. When setting up a station to support an
operation, the resources available can be increased by using receivers, bit synchronizers,
and tape recorders from the other station in the pair. One of the outputs from each video
multicoupler is connected to the same track of the paired station recorder input switch.



Figure 3. Recorder Input Switches (4 Tracks).

The computers used in this system are Hewlett-Packard series 200 models with color
monitors, floppy and hard disk drives, and bus expanders. This computer was chosen
because of the power and ease of use of its BASIC language for instrument control. All
equipment is controlled using IEEE-488 buses. Liberal use is made of bus extenders.
Each computer system uses one bus for disk drives, one for the printer and plotter, one
for test equipment, three for operational equipment, and all computers share one bus for
common test equipment. One computer can control all five stations if needed.

CALIBRATION AND TEST SYSTEM (CATS)

The purpose of CATS is to verify that the telemetry receiving and recording stations are
ready to receive and record data. All five stations share the test equipment shown in
figure 4. The vector signal generator is a Hewlett-Packard model 8780A. This generator
can produce signals with frequencies between 10 and 3000 MHz. The output power can
be varied in 0.1 dB steps. The modulation can be frequency modulation (FM), phase
modulation (PM), amplitude modulation (AM), or any combination of in-phase (I) and
quadrature (Q) amplitudes. The bit error test set outputs are connected to the vector
generator modulation inputs. PCM/FM, PCM/PM, and binary phase shift keying (BPSK)
signals can be generated. The RF generator output is connected to the preamplifiers via
directional couplers. The attenuators are used to align and test the diversity combiners.



Figure 4. CATS Common Equipment.

Each pair of stations also shares a common group of test equipment. A block diagram of
this equipment is shown in figure 5. This block contains the signal monitoring equipment
including a spectrum analyzer, wave analyzer, counter, true rms voltmeter, DC voltmeter,
predetection demodulator (playback receiver), and PCM bit synchronizer.

The following tests have been implemented: receiving system gain/temperature (G/T)
(solar calibration); intermediate frequency (IF) signal-to-noise ratio (SNR); bit error rate
(BER); and tape recorder bandwidth, SNR, and harmonic distortion. This system can
also calibrate receiver automatic gain control (AGC) signals and display estimated IF
SNR for any receiver at the operators console during an operation. The system can
monitor the data at any of the recorder inputs and outputs. The incoming RF spectrum
(P-band) or any receiver IF spectrum ran be displayed at the operator’s console, plotted,
or stored on, a floppy diskette.

CATS can measure the system G/T at the output of any of the operational receivers or the
CATS receiver for any L-band or S-band telemetry frequency. The linear receiver
method  of G/T measurement is used. The computer tells the operator the approximate1

location of the sun based on the current Greenwich Mean Time (GMT). The operator
manually points the antenna at the sun and acquires track. The receiver gain is “frozen”
while the antenna is tracking the sun. The rms voltage at the receiver linear IF output is
then measured for each frequency and both polarizations while tracking the sun and while
pointing at the cold sky. These values and the solar flux are used to calculate the system
G/T.



Figure 5. Station Test Equipment.

The primary method of verifying that the receiving and recording equipment is ready to
support an operation is the BER test. First, the system is configured as desired to support
the operation. The mission parameters are then simulated by modulating the vector
generator with a standard 2047-bit pseudo-random bit stream. The RF frequency, bit rate,
modulation type, and peak deviation are chosen to accurately reflect the data for each
track. The RF power level is set to the level that should produce a 14 dB IF SNR in the
receiver IF bandwidth. The vector generator output is then connected to the preamplifier
input. The BER is measured for two intervals of 10  bits. This is done at the output of5

every magnetic tape recorder track with data recorded on it. If an output is error free
during one of the two intervals, the interconnections and equipment are ready to support
the operation. The vector generator output is then disconnected from the preamplifier
input.

Other capabilities of CATS include:

1.  Providing calibrated RF levels to aid in adjusting the subcarrier oscillators used
for recording signal strength data

2.   Providing appropriate signals to align a diversity combiner to an antenna and
receivers at the mission frequency

3.  Performing tests on receivers, combiners and magnetic tape recorders.



SOFTWARE

A single set of program has been developed to serve all five receive and record stations.
Significant effort was expended to make the software “user friendly”. The operator can
correct or circumvent most problems as they arise. Sufficient prompts and help messages
have been provided so that a person familiar with the system hardware should rarely have
to refer to other documentation while using the system.

The software provides five main capabilities:

1.  Preparation of setup files. These files are stored on floppy diskettes for use
during an operation.

2.  Use of these setup files to configure a receive and record station.

3.  Maintenance of information about the status of equipment and the use of
equipment.

4.  Performance of system testing and monitoring.

5.  Verification that the equipment parameters are reasonable. For instance, it would
not be reasonable to record a 1.8 Mb/s non-return-to-zero level (NRZ-L) PCM/FM
signal using a 900 kHz predetection tape carrier frequency.

Setup files are prepared using a series of menu pages. A typical menu page for setting up
two receivers and a combiner is shown in figure 6. Switch closure routes for each signal
are designated using mnemonics to name devices that the signal will pass through.

A station is usually configured to support an operation by using a setup file that was
prepared earlier. Very few modifications are required to use the setup files with any of the
five stations. The computer sets the equipment parameters on the equipment selected for
use to support the operation. The parameters include receiver center frequency, IF
bandwidth, video bandwidth, etc; bit synchronizer bit rate, code, etc; and tape recorder
speed. The computer then commands the closure of the proper switches to interconnect
the antennas, receivers, bit synchronizers, tape recorders, etc. The operator is prompted
to perform any manual patching or front panel settings that may be required. The station
setup is then printed and also saved for use by the test and monitoring programs. Tape
labels can also be produced.



PAGE 3 MENU
RECEIVER PAIR # (XX) 54
ANTENNA # (X) 2 CENTER FREQ (XXXX.X MHz) 2216.5
IF BANDWIDTH (MHz) 1.0 FINE TUNE (SXX.X kHz) 0.0
VIDEO BANDWIDTH (kHz) 1000 VIDEO GAIN (XX dB) 45
AGC MODE AGC AGC TC (rnS) 0.1
AGC FREEZE NORM

2ND LO MODE VFO
AFC TC (FM) (mS) /
SWEEP (PM/PSK) /
LOOP BW (PM) (kHz) / ANTISIDEBAND (PM)
LOOP BW (PSK) (kHz) /

CARRIER FREQ (kHz) 450 LOGIC IN
SEARCH RATE FAST SEARCH RANGE WIDE

Figure 6. Receiver and Combiner Setup Menu.

One goal of this development was to minimize the software development workload.
therefore, a single set of programs was developed which can be used for all five stations.
Hardware configurations for the stations are contained in lookup tables. These tables
allow differences between stations to be handled easily. Future equipment changes can
also be handled by modifying the tables. In addition to the normal configuration software,
a series of “quick-setup” routines have been developed. These allow the operator to
change the parameters of any piece of equipment or any switch closure path.

EQUIPMENT CONSIDERATIONS
A variety of problems were encountered during this development. The causes of some
problems are discussed here.

1.  Some telemetry equipment reverts to the front panel settings when the computer is
reset or the equipment is put in local mode. Therefore, the equipment parameters will
change unless the operator manually sets the front panel to match the computer
settings.

2.  Some telemetry equipment has a front panel switch which must be set to “remote”
before the computer can control the equipment.

Many procedural problems can be avoided if the equipment is fully computer controlled
and the front panel settings do not take over unless commanded.



CONCLUSIONS

1.  A computer controlled telemetry receive and record system can be constructed
using off-the-shelf equipment.

2.  Fast, accurate tests of telemetry receive and record systems can be performed
under computer control.

3.  User-friendly computer controlled tests are much more likely to be performed
than are manual tests.
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ABSTRACT

For more than 20 years combat pilot training instrumentation has taken place on Air Force
and Navy TACTS/ACMI ranges. The original ranges were designed to instrument a
cylinder in space 30 miles in diameter from 5,000 feet to 55,000 feet and to handle up to
eight participants. As fighter combat techniques have advanced and battle tactics have
been revised to take into account more advanced weapons systems, the capabilities of the
existing ranges have become extremely taxed. For example, modifications have been
added on to the original systems so that the tracking altitude could be lowered to 100 feet
(by adding radar altimeters to the instrumentation pods); the number of participants could
be increased to 36 (by lowering the system sample rates), and the range area could be
expanded (by increasing the number of ground tracking sites required from seven to a
dozen or more). Clearly these were bandaid fixes, and the total capability of the ranges
suffered, but since no satisfactory alternate systems were available, these systems
continue to be used. During the past twenty years, however, significant advances have
taken place in all areas of instrumentation system technology. By the application of
modern technology, a new generation of air combat training ranges cm be made available
that will greatly enhance the training capability of our armed forces and will be capable of
training them in the new tactics required by the fighter weapons systems of the future.
Among these training advantages will be the following capabilities:

! Tracking over an entire 25,000-square-mile or larger range area.

! Precision tracking of up to 100 participants.

! Tracking of all vehicles from ground level to 100,000-foot altitude.

! Only a few nonsurveyed portable groundsites will be required.



! An unlimited number of portable unmanned threat emitters can be provided at a
fraction of the cost of existing threats.

! The entire range can be made portable.

! Modern display capability will greatly enhance pilot recall ability required for
mission debriefing.

By applying GPS, optimizing the datalinks, and restructuring the range design concept,
these advantages can be realized. This paper discusses the application of modern range
system technology to the design of the TACTS/ACMI ranges of the future.

INTRODUCTION

The use of existing Global Positioning System (GPS) receivers and advanced datalinks
provides the capability of unlimited air combat maneuvering area, very low-altitude
instrumentation coverage in remote uninstrumented areas, uses fewer groundsites that are
portable and not surveyed, and provides enhanced capabilities for the use of low-cost
threat emitters for more effective and realistic air combat training. The architecture of this
advanced type of air combat training system is an extension of the highly successful air
combat maneuvering instrumentation (ACMI) system currently in use [1] but replaces the
surface-based multilateration tracking solution with one that is participant-based, utilizing
GPS satellite measurements and outboard distributed processing. With the tracking
solution thus independent of the air-to-ground datalink, advanced datalink concepts can
be used, allowing player-to-player or player-to-high-flyer aircraft relay. In this way,
extremely large air combat maneuvering areas can be instrumented with uniformly high
tracking accuracy, and very remote low-flying players can be tracked and their data
recovered by the relay datalink.

The pod-mounted GPS receivers required are developed, and test results are available [2]
showing 6 ft and 1.7 ft/sec horizontal errors and 12 fit and 2.7 ft/sec, vertical position
errors. An advanced datalink is also in development [3], which provides the player-to-
player relay capability.

With the modernization of air warfare and the resulting sophistication of air weapon
systems, the need for combat pilot training has increased significantly during the past 20
years. Advanced air warfare tactics result in the requirement for extensive low-level flying
to provide terrain screening against threat systems. Aircrew training in the tactics of
modern air-warfare, therefore, requires extensive areas of unrestricted airspace down to
ground level. Precision position of the training aircraft must be known at all times over this
entire airspace. Modern training requirements now require keeping track of the precise



position of up to 100 aircraft over an area of up to 25,000 square miles at altitudes from
ground level to 100,000 feet. In addition, environmental considerations for such large
range areas demand that this instrumentation be accomplished with a few portable
groundsites and still obtain high position accuracy of all of the players. These are the
requirements that tax the capability of our existing air combat training systems.

ACMI ARCHITECTURE

The currently used ACMI architecture is illustrated in Figure 1 [1]. A group of surface-
based remote stations is deployed on the range area on surveyed and geodetically stable
sites. For ground application these are solarpowered and are mounted on towers. Over
water, they are also towers, since position location depends upon their being stable and in
surveyed locations. Older systems employed these towers typically on a 30-mile-diameter
circle, and the instrumented airspace extended from about 5,000 to 50,000 feet in altitude.
Newer system have been expanded to cover a 20- by 65-mile area for monitoring aircraft
down to 100 feet, and 95 by 40 miles for coverage down to 500 feet above ground level
[4]. This was done by adding more ground stations and a radar altimeter in the pod.

The description of the ACMI system operation from reference 1 is as follows:

The remote stations are controlled by the Tracking Instrumentation Subsystem
(TIS) master station, normally located within line-of-sight of all the remote stations
to avoid relay stations. The master station measures the loop range from the master
to the station selected to be the interrogator, then to the selected pod of the
Airborne Instrumentation Subsystem (AIS), and back to remote and master
stations. Each remote station receives the pod transmission and returns the signal to
the master, providing simultaneous range measurement to all remote stations. The
range from each remote to master station is realtime calibrated and subtracted from
the loop range to provide slant range from each remote station to the particular
aircraft being interrogated. Each participant on the range is interrogated in turn
through the remote station most likely to achieve the communication link. All
participants are interrogated at least five times per second (this was later reduced to
add more players to the system). Digital data is transmitted from the master station
to the pod and in turn receives digital data from the pod during each interrogation.
The master station formats collected data and interfaces to the Control and
Computation Subsystem (CCS) via a microwave datalink. The CCS contains the
main data processor for the system and provides executive software for system
control. Kalman filtering of all aircraft state vector data and weapon simulation
provides the best estimate of state vector, air data, and range status to the DDS at a
rate of 10 per second. The Display and Debriefing Subsystem (DDS) is the man-
machine interface and provides realtime display and control of the entire system.



Multiple DDS can be interfaced to the CCS to allow control, monitoring, backup,
and replay simultaneously.

This system has been extremely successful for combat pilot training. A great number of
installations have been made, and it is currently by far the most successful system for
combat pilot training ever conceived [4].

Since the multilateration stations are all on the ground, the vertical dilution of precision
(VDOP) of the system is very poor at low altitudes up to about 5,000 feet. This
characteristic limits the vertical accuracy at low altitude and forces use of a radar altimeter
[4] to supplement the vertical measurements.

Also, as explained in the system description, the master station must be in line-of-sight of
the remote stations unless relay stations are used. This factor puts limitations on the size
range area that can reasonably be covered.

GPS RAP EQUIPMENT [2, 3]

Office of the Undersecretary of Defense for Research and Engineering provides the
instrumentation for the Major Range and Test Facility Base (MRTFB). In 1981 this office
investigated the use of an orbiting radio multilateration system, the Navstar GPS to meet
the time and space-position information (TSPI) requirements of the MRTFB.

A tri-service GPS range applications steering committee contracted with The Analytic
Science Company (TASC) to summarize these requirements. The study sampled 22
ranges, including Training Ranges and Operational Test and Evaluation (OT&E) ranges,
as well as Developmental Test and Evaluation (DT&E) ranges. The final steering
committee report in January 1983 concluded that GPS could satisfy about 95 percent of
TSPI range requirements and would be cost effective.

The Range Applications Joint Program Office (RAJPO) was established at the United
States Air Force Armament Division at Eglin Air Force Base in 1983. Mr. Tom Hancock
was appointed program manager of the Tri-Service GPS-RAP. A Transition Advisory
Group was established to create the specifications for the GPS range hardware and
system. A contract to perform the full-scale engineering development of the GPS-RAP
system was awarded to Interstate Electronics in 1985.



As a result of this development, pod-mounted GPS receivers have been developed and
are in test [2]. Also, an advanced datalink is in development [3]. Early test results indicate
that the accuracy specifications of Table 1 are being met, providing equipment that
exceeds ACMI accuracy requirements. Accuracy improvement, however, is only a minor
part of the improved capability afforded by GPS in an ACMI system.

Table 1. Realtime Accuracy Under Dynamic Conditions
HDOP = 1.5, VDOP = 2.5

Differential P-Code
Inertial Aiding

Dynamics to 10g and 10g/sec

Accuracy

RMS Position (ft)
Horizontal 6
Vertical 12

RMS Velocity (f)
Horizontal 1.7
Vertical 2.7

Two basic techniques must be considered when utilizing GPS for the instrumentation of a
flight test vehicle. These are the use of a GPS receiver aboard the vehicle and datalinking
its position to a ground station, or recording onboard or the use of a GPS frequency
translator aboard the vehicle, which simply receives the satellite signals at L-band and
retransmits them to a ground station at S-band. The position solution of the test vehicle is
then performed at the ground station. There are many advantages to the use of a GPS
frequency translator tracking system. These advantages include small size and weight, low
cost, rapid signal acquisition and time-to-first-fix, the ability to predetect record the GPS
signals for postflight analysis at the ground station, a 6-dB carrier tracking advantage over
an onboard receiver, an inherently differential system and postflight optimization of
position determination. The principal advantages of the use of an onboard GPS receiver
for position determination are that the position is known aboard the test vehicle, downlink
encryption is possible, and there is no theoretical limitation to the number of test vehicles
to be tracked simultaneously.

Pictures of the various types of GPS flight test instrumentation hardware are shown in the
following Figures. Figure 2 illustrates a GPS instrumentation receiver, while figure 3
depicts a GPS instrumentation pod containing GPS receiver, inertial reference unit,
datalink, encryption device, and data recorder. Figure 4 contains a GPS frequency



translator, and Figure 5 shows a translator processing system. All of this hardware has
been produced and is currently operating at flight test ranges in the United States.

The vertical dilution of precision (VDOP) of the GPS system varies typically from 2 to 4
(with a full-satellite constellation) with 2.5 being typically used for specification purposes,
making use of a radar altimeter unnecessary.

GPS IN AIR COMBAT TRAINING SYSTEMS

With the tremendous success of current ACMI systems, why change it? A great many
pods are in the inventory. Wouldn’t it be best to stay with the current architecture? After
all, it has been extremely successful.

To take advantage of the benefits of GPS, major changes in existing system architecture
must occur. Simply adding GPS to the existing systems with no other changes does not
begin to exploit the available benefits. The potential benefits from full use of the GPS
capabilities are outlined in the section Advantages of the GPS Approach.

The required ground systems would be minimized, and some 8 (16 in the Red Flag
Measurement and Debriefing System [4] stable and surveyed ground locations for
position location would no longer be required. The new datalink could accommodate
player-to-player data relay so that the entire enlarged range area could be covered down to
ground level with a minimum number of groundsites, depending upon the terrain.

Each GPS pod would also be equipped with a single-card solid-state recorder so that
complete replay of the training mission could be performed postflight if data transmission
from the vehicles to the ground station were interrupted. The existing mission debrief
display systems do an outstanding job. Advantages of advanced display technology,
however, could enhance the recall ability of the pilots during postmission analysis and
also improve display of terrain screening effects. Fortunately, most of the software would
be useful in its present form.

ADVANTAGES OF THE GPS APPROACH

The advantages for the GPS are discussed in the following paragraphs.

Unlimited Instrumentation Area

GPS affords the possibility of greatly expanding the air combat maneuvering area since it
is a satellite-based system not requiring that ground-based installations be spread over the
entire area. With advanced datalinks (such as the RAJPO datalink) having player-to-player



relay, it is even possible to operate at 100-foot altitudes way beyond the instrumented area
by using a high-flying aircraft for data relay purposes. This concept of operation is not
possible in the current ACMI architecture because player-to-player relay cannot occur
with the ranging and data transmission combined into one link. This greatly limits the area
of coverage since line-of-sight is required from at least three surveyed ground stations.
The result is that the participant aircraft can pass over the instrumented area in a very few
minutes. Thus, GPS affords the advantage of instrumenting engagements in a more
realistic manner over an unlimited area.

Low-Altitude Coverage In Remote Uninstrumented Areas

Modern air warfare and electronic combat operations rely heavily upon terrain screening
to avoid detection by radar-controlled SAM sites. GPS, when used with a modern
datalink having player-to-player relay, affords the possibility of instrumenting the
participants even when flying in remote valleys to obtain terrain screening. It thus expands
the training possibilities.

Fewer Surface Sites, Portable and Not Surveyed

By nature, a GPS approach requires only ground or surface sites for communication
purposes and not for location. They do not have to be surveyed, and more significantly,
they do not even have to be stationary. When operating over water, they could be tethered
buoys with some random motion, making them much more cost effective than the
stationary surveyed towers used for over-water ACMI systems. Ground-based
communication sites can be portable and unsurveyed, allowing a portable air combat
training range. As mentioned before, even high-flying aircraft can be used for relay
purposes and could be used as datalink remote stations with advanced datalink
architectures.

Makes TSPI Independent of Datalink

By separating the position location function from the datalink, advanced datalink concepts
can be used. One mentioned above is player-to-player or player-to-relay aircraft, which
allows instrumenting players at low altitude in remote areas. Also, multiple datalink
frequencies can be used for the air-to-ground data to greatly increase the number of
players.



GPS-Steered Threats

GPS-steered unmanned threat emitters [4, 5] can be used in place of the costly existing
manned threats and can be configured to be controlled with less time delay and greater
accuracy than through the ACMI system.

Accuracy

GPS position accuracies have been shown in RAP testing [2] already done (and more is
now being done) to be on the order of 6 ft and 1.7 ft/sec horizontal and 12 ft with 2.7
ft/sec vertical when differential GPS is used. More is involved than just these accuracy
numbers. With GPS, the position, velocity, and acceleration are computed onboard the
aircraft; thus the inherent accuracy is not dependent on datalink dropouts caused by
terrain or aircraft masking, etc. With ground-based multilateration as used in the ACMI, a
radar altimeter must be used to get vertical accuracy at low altitude since the geometry of
the tracking stations is in a plane. The altimeter is not necessary with GPS.

CONCLUSIONS

The use of GPS along with advanced datalinks, such as the RAP datalink, opens up many
new dimensions in air combat training, such as unlimited instrumentation area, low-altitude
coverage even in remote valleys, fewer groundsites, use of only portable unsurveyed
groundsites and new possibilities in economical threat emitters.
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ABSTRACT

The GPS equipment developed in the tri-service GPS range applications program is now
available for use. One promising application on test and training ranges is for pointing
control of theodolites, laser trackers, and threat emitters. Theodolites and laser trackers
are capable of extremely high accuracy in range applications, but suffer from a very
narrow acquisition range, thus requiring external acquisition aiding. Unmanned threat
emitters are also used that require external pointing information.

In this application of GPS, a GPS receiver or translator is used on the test or training
vehicle, and the position of the vehicle is downlinked to the tracking site. A pointing angle
is then computed at the tracking site and is used to point or steer the theodolite, laser
tracker, or threat emitter. Because of the high accuracy, of differential GPS, this method is
very precise. Also, with a direct high-rate datalink, time delays for the pointing information
can be very low, again providing very accurate pointing for high-dynamic vehicles.

This method promises to be a highly cost-effective approach for steering these devices
because it eliminates the requirement for continuous manning of the sites.

INTRODUCTION

The coming availability of the Global Positioning System (GPS) equipment on test and
training ranges provides a very effective method for precise unmanned acquisition and
steering of cinetheodolites, laser trackers, and simple threat emitters. Although the GPS is
not yet fully deployed, current plans indicate full deployment by 1993, which will provide
a 24-hour worldwide source of precision-position information.

The Office of the Undersecretary of Defense for Research and Engineering provides the
instrumentation for the Major Range and Test Facility Base (MRTFB)[1]. In 1981 this



office investigated the use of an orbiting radio multilateration system, the Navstar GPS, to
meet the time and space-position information (TSPI) requirements of the MRTFB.

A tri-service GPS range applications steering committee contracted with The Analytic
Science Company (TASC) to summarize these requirements. The study sampled 22
ranges, including Training Ranges and Operational Test and Evaluation (OT&E) ranges,
as well as Developmental Test and Evaluation (DT&E) ranges. The final steering
committee report in January 1983 concluded that GPS could satisfy about 95 percent of
TSPI range requirements and would be cost effective. (Note that the other 5 percent are
satisfied mostly by theodolite and laser trackers.)

The Range Applications Joint Program Office (RAJPO) was established at the United
States Air Force Armament Division at Eglin Air Force Base in 1983. Mr. Tom Hancock
was appointed program manager of the Tri-Service GPS-RAP. A Transition Advisory
Group was established to create the specifications for the GPS range hardware and
system. A contract to perform the full-scale engineering development of the GPS-RAP
system was awarded to Interstate Electronics in 1985.

As a result of this development, a family of GPS equipment (figure 1) for range
applications has been developed. This family of equipment includes low- and high-
dynamic GPS receivers [1,2], GPS pods for application in high-dynamic aircraft, a high-
capacity datalink [3], small missileborne GPS translators, a ground-based GPS translator
processing system [4,5], and a ground-based GPS reference receiver system.

For highly precise range tracking, video and film cinetheodolites and laser trackers are
unsurpassed in accuracy. Accuracies of less than a meter (down to 1/3 meter) have been
achieved in range applications. These devices require external control for acquisition,
however, because of their extremely narrow field of view. This has been done manually or
by external radar control in past applications.

Threat emitters used in air combat training [6,7,8] have similar pointing requirements.
Threat emitters are used to simulate enemy threat radar systems. The use of full emulation
of these threats proves expensive. Previous attempts to control less expensive simple
emitters through multilateration techniques have not been fully satisfactory because of
accuracy and time delay limitations.

With the increased use of the Global Positioning System (GPS) on test ranges as a source
of medium precision tracking information, the use of GPS to provide cost-effective
pointing control becomes attractive.



GPS errors in the differential mode are typically 2 meters horizontal and 4 meters vertical,
which is the level of error which has been shown to exist in the equipment developed for
the GPS range applications program [1]. This error level is at the target location (and is
smaller than many of the vehicles tracked), thus yielding improved angular accuracy as
range increases. It is more than sufficient to provide acquisition control for
cinetheodolites and laser trackers, and also to provide steering control for threat emitters.
The most significant advantage that GPS offers in this application is in the reduction of
manpower required to man the tracking and threat emitter sites. When a large number of
sites are required on a range with one or two operators at each site, the savings can be
significant.

APPROACH

The approach for GPS steering is shown in figure 2. The aircraft pod or missile contains
a GPS receiver and datalink transceiver. The position of the aircraft is downlinked to the
threat emitter or cinetheodolite site. For a permanent site, a survey is assumed that
precisely locates the site, allowing a computation to be performed at the site to precisely
track the aircraft or missile. For portable or mobile application, a GPS receiver is used at
the tracking site to provide site position. Truly mobile applications would also require a
heading reference. When a calibration can be performed after setup in portable
applications, the heading reference is not necessary. In either case, the pointing angle can
be computed based upon the aircraft or missile position and the threat or cinetheodolite
position. In the case of missile tracking, GPS translators are more commonly used than
GPS receivers [4,5]. In this case, the communication link is changed from a digital link to
an analog translated GPS signal link and the tracking position of the missile is computed
at the ground station. The pointing angles can be computed in the same computer.

TIME DELAY AND ACCURACY CONSIDERATIONS

Previous systems [6,7] have used ground-based multilateration in the central ground-
based computer system to compute pointing information for threat emitters. Because of
the large time delays present in the computer system and associated communication
paths, this has proven to be a troublesome approach, and great difficulty has been
experienced in obtaining accurate tracking of high dynamic vehicles.

Figure 3 shows pointing angle errors computed assuming that a 1.1-second time delay
(along with an 18.7-meter position error) is present in the control path, and that position,
velocity, and acceleration information is transmitted (jerk is assumed unmodeled). In the
case of a threat emitter or theodolite with a beamwidth or field of view of 2 degrees, these
typical pointing errors can cause problems in maintaining the test vehicle in the field of
view when at short range.



Figure 4 shows a projected error level for GPS pointing assuming that the time delay is
reduced from 1.1 second down to 0.6 second since no central computer is involved, and
test vehicle position can be sent on the datalink at a 5- or 10-Hz rate. Also, the position
error of the test vehicle is reduced by using differential GPS. In this way, a high
probability of maintaining the test vehicle in the field of view of the theodolite or threat
emitter is achieved.

CONCLUSIONS

GPS provides an accurate and cost-effective approach for providing pointing information
to cinetheodolites, laser trackers and threat emitters on a GPS-equipped range. The most
significant savings are achieved if GPS can be used to eliminate manpower required to
man these tracking sites.

REFERENCES

1. Kaatz, G,, T. Kido, C. Richmond and R. Snow, “Test Results for the High
Dynamics Instrumentation Set (HDIS),” presented to the Institute of Navigation
Satellite Division Technical Meeting, Proceedings of ION GPS-89, 27-29 September
1989, pp. 87-102.

2. Ould, P. C. and R. Van Wechel, “The Modular Digital Approach to GPS Receiver
Design,” IEEE PLANS ’86, Position Location and Navigation Symposium, Nov 5-7,
1986.

3. Birnbaum, M., R. F. Quick Jr., K. S. Gilhousen and J. Blanda, “Range Applications
Joint Program Office GPS Range Datalink,” presented to the Institute of Navigation
Satellite Division Technical Meeting, Proceedings of ION GPS-89, 27-29 September
1989, pp. 103-108.

4. Hoefener, C. and J. Stegmaier, “GPS Provides Precision Tracking for ERIS Might
Tests,” International Test and Evaluation Association National Conference,
Colorado Springs, 5-7 October 1988.

5. Wells, L., “Application of Translated GPS to the ERIS Program,” presented to the
Institute of Navigation Satellite Division Technical Meeting, Proceedings of ION
GPS-89, 27-29 September 1989.

6. Kempf, P. T., “A Now Dimension in Aircrew/EW Training, Red Flag Measurement
and Debriefing System,” Journal of Electronic Defense, Sept. 1986, pp. 51-60.



7. Giadrosich, D. L., “Range Instrumentation for Electronic Combat,” Journal of
Electronic Defense, Sept. 1986, pp. 65-68.

8. Van Wechel, R. and C. Hoefener, “The Role of the Global Positioning System in
Advanced Air Combat Training Ranges,” National Aerospace and Electronics
Conference, Dayton, Ohio, 21-25 May 1990.

Figure 1. GPS Range Applications Program Equipment



Figure 2. Approach for GPS Steering

Figure 3. Pointing Error vs. Range for Typical Ground-Based
Multilateration System



Figure 4. Projected Pointing Error for GPS
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ABSTRACT

The Naval Weapons Center (NWC) A-6E flight test program, like so many DOD efforts,
is caught in the vise of declining budgets and increasing demands and requirements. The
A-6E data management system has evolved over 30 years by extensive testing and reflects
all the “real world” experience obtained over that period of time. This paper will address
that data management system, specifically how data is recorded on the A-6E during flight
test and some associated issues as well as how that data is managed for analysis use, all
within the environment of tight budgets and increased requirements.

INTRODUCTION

The A-6 platform has been in the U. S. Navy inventory for 30 years. During this time,
numerous upgrades to the aircraft have been initiated and completed. These upgrades, in
some cases, were developed to improve the platform performance. For other cases, the
platform had to be upgraded to allow the integration of new weapons that were designed
using technology that had superseded the current configuration of the aircraft. It is these
changes, for the most part, which have caused the requirement to add additional data
transfer systems (I.E MIL-STD-1553) onto the platform. Specific items have been placed
on the aircraft to allow the integration of these weapons. Other platforms have not had to
go through this process as their architecture easily allowed the integration of these new
weapons. Due to mission requirements, the aircraft has been successfully upgraded for
both platform improvements and weapons integration. However, the data reduction
capabilities have not kept track with these. The current telemetry/data reduction system
has been in place for over ten years and has not seen any major improvements. Presently,
this lack of capability is starting to impact the flight test program. This problem is more
evident in the ground support than it is in the aircraft instrumentation package used by
NWC. Currently, A-6E avionics data architecture, as depicted in Figure 1, consists of
data generated by a mission computer, 1553 data, a 1.2 Mhz data, a 100 Khz data stream,
and other data sources peculiar to a specific weapons suite used on the aircraft for a
mission. The various types of data that are recorded on the A-6E present some interesting
problems and require innovative solutions.



 1) SENSOR DATA AND 2) COMPUTER CONTROLS
INTERNAL NAVIGATION AND DISPLAYS

ACCEL - ACCELERATION ADI - ANALOG DISPLAY INDICATOR
ADC - AIR DATA COMPUTER BNCP - BOMBARDIER/NAVIGATOR CONTROL
ADA - ANGLE OF ATTACK   PANEL
BCS - BALLISTICS COMPUTER SET CCU - COMPUTER CONTROL UNIT
ELEV - ELEVATION UP OR DOWN DDU - DIGITAL DISPLAY UNIT

  FROM HORIZON DRS - DETECTING RANGING SET
IMU - INERTIAL MEASUREMENT UNIT DVRI - DIRECT VIEW RADAR INDICATOR
INS - INERTIAL NAVIGATION SYSTEM FLIR - FORWARD LOOKING INFARED
MACH - INDICATED AIR SPEED   RECEIVER
OAT - OUTSIDE AIR TEMPERATURE FOV - FIELD OF VIEW
PSN - POSITION INFO - INFORMATION
TGT - TARGET NAV - NAVIGATION
VGI - VERTICAL GYRO INDICATOR OSU - OPTICAL SIGHT UNIT

PAIP - PILOT’S AUXILIARY INDICATOR
3) MISSILE WEAPONS SYSTEMS   PANEL

PCU - PEDESTAL CONTROL UNIT
ACU - ARMAMENT CONTROL UNIT TSP - TURRET STABILIZED PLATFORM
AIS - AVIONICS INTERFACE SET
AIU - AVIONICS INTERFACE UNIT
CLC - COMMAND LAUNCH COMPUTER FIGURE 1 - A-6E AVIONICS
GASM - GENERIC AIR TO SURFACE MISSILE ARCHITECTURE
HARM - HIGH SPEED ANTI-RADIATION MISSILE
IMP - INTEGRATED MISSILE PANEL
MSU - MISSILE SWITCHING UNIT



A-6E AVIONICS (MISSION COMPUTER)

The data produced by the mission computer was originally intended to be recorded on a
9 track digital tape recorder. Additional recording requirements dictated that the data had
to be recorded in analog form on a MARS recorder. To bridge the gap between the
source of digital data and the requirement for analog data, NWC designed and installed a
parallel to serial digital data convertor (PSDDC). This unit also embeds time on the PCM
stream that is sent to the MARS recorder. Originally, when the computer was first
introduced, a buffer of 256 24 bit words was reserved for the storage and transmission of
variables to the recording device. As more and more weapons systems as well as other
capabilities were added to the A-6E, this presented a problem as far as the length of the
buffer. Since the buffer length could not be increased, a concept of “branch codes” was
introduced. The decom list for the PCM data is not standard as variables can be placed in
specific locations depending on the operational mode of the flight program. For example,
if the active mode involves free fall weapons delivery, then variables relating to that profile
arc stored in location X, Y, and Z. If the mode involves missile delivery, then variables
relating to that mode can stored in the same location. Figure 2 depicts an example of
variables with branch code conditions. These are simple examples and, in reality, there are
so many branch code conditions that the use of subframes could not be considered.
Another concept that was implemented to reduce the number of variables recorded in the
standard buffer list is referred to as “two second data”. This is data that is available and
static for any and all modes. When the recorder is initially turned on by the flight crew, the
same set of variables are recorded for the first two seconds of record time. Again, these
are variables that remain static throughout any mode. The idea of two second data is
nothing but a subframe of data which is defined by its own sync word.

  DECOM TYPE VARIABLE SCALE UNITS BRANCH CODE
LOCATION FACTOR

    042 H DTGTF2 10 FT/SEC IF (Q232=0 AND (Q345=1 AND
(Q216=0)) AND (Q537 OR Q538))=0

    042 EH  DT 9 NM IF Q232 = 1
    042 H  SIGRTO 0 DEGREES IF (Q537 OR Q538) = 1
    042 H  RG1 19 FEET IF Q345 =1 AND Q216 = 0)

    (H implies HALFWORD, EH implies EARLY VARIABLE HALFWORD)

FIGURE 2 - BRANCH CODE EXAMPLE

There is one other item that adds interest to this process. Within the Mission computer,
there are four high speed subroutines (HSSR) that are executed during each iteration. The
buffer is sent out between the first and second high speed subroutines and the time is
stamped at the start of the iteration. This implies that all of the data recorded from
HSSR2, HSSR3, and HSSR4 really relate to the previous iteration time. Figure 3 depicts



the software architecture of the mission computer. The variables recorded resulting from
HSSR1 are called “early variables”, as these variables are really pertinent to the next
iteration. The variables generated in HSSR2, HSSR3, , and HSSR4 could also be
considered “late variables”. Since most variables are from the last three high speed
subroutines we consider those recorded in HSSR1 the special case to reduce host
workload. Figure 4 depicts examples of early data. All of this makes for an interesting
time in creating time correlated engineering units. Fortunately, the Mission Computer can
assign at will variables into the buffer for recording. The time and computer power needed
to process the flight buffer created on the aircraft is significant.

A-6E AVIONICS (DATA BUS)

Another interesting issue is the data rate of the 1553 data. The MIL-STD-1553 system
was not added to the A-6E until the early 1980’s. This system was added to allow the
integration of weapons onto the A-6E which had been designed with the newer aircraft
(F-14, F/A-18, as well as newer Air Force platforms). When this system was added, the
instrumentation of the A-6E’s did not change significantly. Additionally, a 1.2 Mhz
channel from the mission computer was used to integrate the 1553 system with the
mission computer via a hardware addition referred to as the Avionics Interface Set (AIS).
This change allows communication between the weapons systems and the mission
computer. The 1.2 MHz data from the mission computer is a command/response format
consisting of four data streams. These signals am monitored by a 1.2 Mhz Monitor Unit
where the data is converted to a standard PCM stream for recording on the MARS
recorder. The 100 Khz (or Missile A) channel has the same format as the 1.2 Mhz data
and is sent to the MARS via a Missile A Monitor Unit. The aircraft sends this signal out to
four weapons stations and the one monitor units converts any message sent to any
station. Other PCM streams arc recorded as the test schedule dictates. For each of these
signals, a monitor unit is fabricated to converted the data to a standard PCM format for
recording.

In order to have the recording time necessary, the flight recorder must run at the rate of 30
IPS. Obviously, 1553 data cannot be recorded at 30 IPS due to a high data rate. To
overcome this problem, NWC developed a Dual Bus Monitor Unit, a “ping-pong” system
which basically splits the 1553 data stream into two data streams to be recorded on the
recorder. At the Aircraft Telemetry processing system, that data is merged with another in
house unit called the Merger/formatter unit, or MFU which merges and digitizes the data
for standard data reduction. The MFU also serves as the decom unit for digitizing all data
recovered from the A-6E analog flight tapes.



FIGURE 3 - A-6E SOFTWARE ARCHITECTURE



DECOM TYPE VARIABLE BRANCHODDE
LOCATION

236A ED Q224
236B D Q226 IF Q401=0 INPUT VALUE
236B D Q226S IF Q401=1 SYSTEM VALUE
236C D Q229 IF Q401=0 INPUT VALUE
236C D Q229S IF Q401=1 SYSTEM VALUE
236D ED Q265
236E D SPARE
236F D SPARE
236G D Q227 IF Q401=0 INPUT VALUE
236G D Q227S IF Q401=1 SYSTEM VALUE
236H D Q273 IF Q214=0 INPUT VALUE
236H D Q273S IF Q214=1 SYSTEM VALUE
236I ED Q256
236J D Q228 IF Q401=0 INPUT VALUE
236J D Q228S IF Q401=1 SYSTEM VALUE
236K ED Q257
236L ED Q253
236M ED Q258
236N ED Q255
236O ED Q252
236P ED Q251

(D implies DISCRETE, ED implies EARLY DISCRETE)

FIGURE 4 - EARLY VARIABLE EXAMPLE
(DISCRETE VARIABLES WITH BRANCH CODES)

A-6E DATA REDUCTION

The data reduction requirements are performed after the flight is complete and the analog
flight tape has been recovered as opposed to real time data processing utilizing a work
station. Due to the time limitations of the analysts and the inability of any system to handle
the complex mission computer data stream an a real time basis, no data is analyzed while
the aircraft is still on the range. Flight tape processing is performed using the MFU. This
process starts with the digitizing of the flight tape. For each data signal present on the
analog tape, a digital tape is produced. The data from the digital tape is then transferred to
the VAX. A Direct Memory Access (DMA) transfer has been procured and is going
through final testing at this time. All data reduction is performed post flight on VAX



11/785 computers. To handle the post processing requirements, an approximate total of
700,000 executable lines of FORTRAN are required for the many data reduction
requirements of the A-6E flight test program at NWC. The software residing on the VAX
is one of the strong points of the data reduction system. This software in general, is easy
to run and does not require continuous changes and as a result, all data is produced by
data technicians rather than the analysts. Different software suites allow the presentation of
data in various forms which greatly assist the analyst in determining flight performance as
well as anomaly resolution. Along with the flight data, the system also processes Time-
Space-Position data (TSPI) provided by the range. The software allows the time
correlated integration of both TSPI and mission computer data which is necessary to
analyze Inertial Navigation System (INS) performance. Other platforms (AV-8B and
F/A-18) use this same data reduction system for data presentation and the process is
similar for all projects.

Like other systems, this one can also stand improvement. At present, There are only two
MFU’s present on the system and each MFU can only digitize one signal at a time. This
often creates a unacceptable turnaround time for raw data availability. To overcome this,
concurrent data strcams processors are being acquired. The computers have become
overburdened with the increase in data requirements, with respect to CPU and disk space
availability. Eventually, faster computers will need to be procured to allow data processing
to take place within a reasonable amount of time. In the mean time, the software on the
system is being analyzed for efficiency and changes are being made to improve this. Also,
the data technicians have started working multiple shifts. This is required for the short
term, but is generally inconvenient as questions arise and NWC, for the most part, does
not have multiple shift operations. Disk space is a problem solved by acquiring mass
storage devices in the future. These would do much to make old data more available for
use as well as eliminate the need to store these data on hundreds of digital and analog
tapes. For the short term, disk space management is critical and VAX system tools are
helping to control disk space.

There are some problems with the existing system that might be difficult to overcome in
the near term. First of all, overcoming the complexity of the decom list utilizing the branch
codes is a difficult task that needs to be addressed. There have been limited cases where
the decorn did not match the mission computer software and “bad data” was observed.
The solution of this problem could very well arrive with new mission computers which
should be soon. These new computers will be much faster and have many times the
memory as the current version. The new computer should allow a larger buffer and ergo
the elimination of the branch codes. The other major problem is the constraint of available
recording time. At present, without major surgery to the flight instrumentation package,
this is an unsolvable problem. The advent of the helical scan recorders is interesting but 



not practical for use on the A-6E due to the channel constraints associated with this new
technology.

CONCLUSION

This system, in general, has served the A-6E well throughout the years and it does satisfy
data acquisition and reduction requirements, though improvements to the system are
warranted. The current system has been successfully adapted to handle increased
requirements. However, there is little room left for expansion. If the A-6E is to continue its
proud heritage and if new capabilities arc added. serious consideration should be given to
upgrade the airborne telemetry as well as the ground station to provide the users with
flight data. There is also one other consideration that will affect all DOD flight test
programs. With the current budget constraints, the number of flight tests performed by
any activity is sure to decrease due to a lack of resources (i.e. ordnance, range cost, and
Aircraft/crew shortages). This would imply that the importance of post flight data analysis
will grow for all programs and more analysis of this data will have to take place, which
implies that more attention should paid to the telemetry/data reduction systems which
provide this valuable data.



TELEMETRY DATA
VIA

COMMUNICATIONS RELAY

O. J. (Jud) Strock and Michael (Mike) Witchey
Applications Engineer Design Engineer
Loral Data Systems Loral Data Systems
P.O. Box 3041 P.O. Box 3041
Sarasota, Florida Sarasota, Florida

ABSTRACT

This paper responds to a test range engineer’s need to relay one or more channels of
various types of telemetry data from a remotely-located receiving station to the central
telemetry station at range headquarters for real time processing and display. Several types
of data are identified, and specific equipment and technology for multiplexing,
transmission, and demultiplexing up to eight streams from a variety of sources is
discussed.

The widely-used T3 communications link, also known as DS-3, can relay data via satellite,
microwave link, or other high-speed path at 44.736 megabits per second, of which about
95% can be actual telemetry data; other standard links operate at lower aggregate rates.
Several links and rates are discussed, with emphasis in the high-rate T3 link.

OPERATING SCENARIO

On a typical test range for analysis of performance of a vehicle, the size and layout of the
range are such that it is impossible to acquire data by radio link in real time at a central
telemetry site during the entire test. Consequently, it becomes highly desirable if not
mandatory that secondary receiving sites be linked to the central site in real time by
high-speed data link, and that one or several data channels be transferred over that high-
speed link in real time. The link may be a commercial-grade coaxial cable, fiber optics
line, microwave link, or communications satellite link.

Generally, it is impractical or impossible to put telemetry data directly onto a commercial
grade link. The link data rates, impedances, and protocol are totally incompatible with our
normal PCM telemetry data. Further, there is sometimes the need to handle other types of 



telemetry than PCM, and/or to merge and transfer data from two or more channels
simultaneously.

SPECIFIC IMPLICATIONS OF THIS SCENARIO

Analysis of the operating scenario as outlined above led our company to generate a set of
specific design goals which defined a product for use on the T3 communications link.
These goals included the following

1. Link Interface:  Because the equipment must interface with a commercial or military
communications system (namely the T3 link), it was a specific requirement to
generate and receive the exact signal levels, work into and out of the exact
impedances, and use the exact protocol required by that link. Further, it must
operate at the specified bit rate (44.736 megabits per second, with plus or minus
0.002% tolerance)

The data rate requirement meant that the equipment must generate filler words when
the composite input rate is too low, and must eliminate input channels per
prearranged rules when the composite input rate is too high.

The transmission code on T3 is alternate mark inversion, with bipolar three-zero
substitution.

2. Efficient Use of Bandwidth:  Because the equipment must be efficient in use of data
bandwidth, it must function properly without excessive overhead bits such as
synchronization patterns. An optimum design was defined as using no more than
5% of the bandwidth for overhead.

3. Bit Count Integrity:  Because data position in telemetry data streams determines the
meaning of the data, each channel must be protected from bit slips and other bit
count errors in the face of data link errors. The design goal for mean time between
bit slips or other bit count errors on a link with a bit error rate of 10  is two days.-3

4. Bit Rate Accuracy:  Because the system must preserve also the individual bit rates
to make the output compatible with telemetry decommutation equipment and/or
other data handlers, the equipment must regenerate each channel’s bit rate very
accurately. The goal was to add no more than 0.2% jitter on any channel.

5. Self-configuring:  The data multiplexer equipment is often in an unattended remote
area. Since the inputs may change from time to time, and since there will be no
operator on site, the equipment must be self-configuring after basic setup.



6. Loopback Testing:  Because users must have assurance of proper operation before
live data is transferred, the design goal was to provide a loop-back capability in the
product, such that operating integrity of the multiplexing equipment and especially
the data link could be proven in a confidence check

7. Number of Channels:  Because a range user may have several data streams for
transmission on a single communications link, the equipment design goal was to
merge up to 2, 4, 6, or 8 streams as configured in hardware

8. Data Variety:  Because some range data is not in a PCM telemetry formal, the
equipment design goal was (possibly with available external synchronizers,
encoders, and /or formatters) to handle a variety of data types, including at least
PCM, PAM, FM, analog and discrete data, and MIL-STD-1553 avionics bus data.

9. Status:  Because a system operator must have continuous health evaluations on this
critical element of range instrumentation, the design goal was to monitor and
present status information at the remote multiplexer and the local demultiplexer, and
to relay the remote status information to the local site with data.

10. Diagnostics:  Because self-diagnostics are necessary for rapid fault detection, the
goal was to incorporate such capability into the equipment.

11. Space:  Because space is often at a premium in a range station, the equipment
design goal was to keep the height of each unit no greater than 5-1/4 inches.

12. Logistics:  Because the logistics budget is important to any telemetry user, the
design goal was to use a minimum number of module types in each multiplexer and
in each demultiplexer, and to use the identical module in both devices whenever
possible.

DESIGN RESULTS

Working from the design goals discussed above, to meet the typical range of operational
scenarios, a development team designed a product known as the EMR 8245
Asynchronous Multiplexer/Demultiplexer. This device, now in production, performs as
follows:

1 . Link Interface:  The product interfaces correctly to the T3 link at the sending and
receiving ends.



2. Efficient Use of Bandwidth:  The unit uses no more than 5% overhead; this
includes tile frame synchronization pattern and the status and alarm bits.

3. Bit Count Integrity:  The unit meets the design goal of not more than one bit slip or
other bit count error in two days, even with a link so poor that it has a bit error rate
of 10 .-3

4. Bit Rate Accuracy:  The equipment reproduces the original bit rate, adding no more
than 0.2% jitter.

5. Self-Configuring:  The devices are totally self-configuring after basic conditions are
defined by the operator. Using the per-module setup capabilities, an operator
defines:

! The basic mode for each box: multiplexer or demultiplexer

! For each data channel input:
- On or off
- Differential or single-ended
- Shield:  connected to chassis or signal ground
- Randomizer:  on or off

! For the link input:
- Balanced or unbalanced output
- Binary three-zero substitution encoder:  on or off
- Shield:  connected to chassis or signal ground

! For the link output:
- Balanced or unbalanced input
- Binary three-zero substitution decoder:  on or off
- Shield:  connected to chassis or signal ground
- Link input or external NRZ and clock inputs (and for external input, the

termination)

! For each data channel output:
- On or off
- Differential or single ended
- Shield:  connected to chassis or signal ground
- Derandomizer:  on or off



! General:
- Diagnostics:  on or off
- Frame length:  normal or shortened
- Air flow audible alarm:  enabled or disabled

6. Loopback:  A loopback feature in the demultiplexer mode takes data from the link.
buffers it, and routes it to an output connector. This data can then be “looped
back” to the sending site via a second link so that the link may be tested. This
loopback feature is normally used with the Multiplexer in the self-test mode, so that
the data content is known and testable.

7. Number of Channels:  The devices merge and separate up to 2 channels,
4 channels, 6 channels, or 8 channels, based on the number of dual channel
modules which are installed.

8. Date Variety:  Even though each channel of input data must be in a serial digital
format, other types of data are accepted after external preparation. These include,
for example:

! FM telemetry, using a tunable digital multiplex discriminator.

! Analog and/or discrete data, using a multiplexer/encoder.

! PAM telemetry, using a PAM synchronizer/encoder.

! MIL-STD-1.553 Avionics Bus data, using an all-bus-instrumentation-system to
collect data per the new IRIG 106 standard format.

9. Status:  The multiplexer compiles and provides status locally, as well as sending it
in the data stream to the demultiplexer. That status includes:

! Channel on/off, each of 8 channels

! Mux/Demux mode setting

! Power on (switch setting and presence of power)

! Bandwidth alarm if the link bandwidth is exceeded by incoming data

! Diagnostics pass/fail



! Air flow alarm if there is insufficient flow, of cooling air

! Status from a secondary multiplexer unit.

The demultiplexer provides as outputs all of the above-listed conditions from the
remote multiplexer. Also, it compiles and provides the same types of status
conditions where they are applicable for a demultiplexer. Finally, it provides:

! Frame sync condition

! Signal quality (acceptable/unacceptable)

The more meaningful status conditions are displayed on the front panel, or generate
audible alarms. These include:

! Channel activity (each of 8 channels):
- Clock inactive (no indicator)
- On, and suitable quality (green indicator)
- On, but poor quality, or not allocated due to excessive bandwidth (red

indicator)
- Switched off (flashing red)

! Signal quality from the link (frequency deviation and level):
- Suitable (green indicator)
- Questionable (red indicator)

! Frame synchronizer status at demultiplexer:
- Locked (green indicator)
- Searching for the pattern (red indicator)

! Air flow reduction to a danger level:
Audible alarm at the unit with the problem (and if it is the multiplexer, this alarm
will sound also at the demultiplexer station)

! Diagnostics
- Not being tested (no indicator)
- Operation is verified (green indicator)
- Diagnostics failure (red indicator)

! Power
- Off (no indicator)
- On (light is illuminated in the switch)



10. Diagnostics:  Because of the internal microprocessor, the unit has switch-selectable
diagnostic modes. It has stand-alone test capability when configured as a
multiplexer or as a demultiplexer. It has also the capability to perform a system test
when a multiplexer and demultiplexer are connected together, either directly or
through an external communications link.

A switch on the mux/demux module initiates the multiplexer health test. The module
drives a BITE signal to cause each dual channel module to generate its own clock
source with its clock regenerator circuitry. A unique data pattern generator is
selected based on the channel number as the data source. The mux/demux module
performs its normal functions, multiplexing and formatting the data, and tests the
record lengths against programmed limits. The module also sequentially tests the
data from each stream by demultiplexing and comparing the data to a stored
sequence.

The same switch on the mux/demux module is used to put a demultiplexer in the
self test mode. When the link/sync module detects the BITE signal, it selects a
simulated multiplexed serial format instead of live data. This is similar to the stream
generated by the multiplexer when it is in the self-test mode. This data is frame
synchronized and passed to the mux/demux module. The processor checks the
record sizes of the various channels against stored values. The module also passes
the data to the appropriate channels on the dual channel modules for further
processing. The modules output the data, and the processors check the channel for
correct rate and monitor the FIFO fullness to verify proper channel operation. The
data at the output of the FIFO is tested by the processor to verify the data path
integrity.

11. Space:  The multiplexer and demulliplexer are packaged identically. Each is rack-
mounting, using only 5-1/4 inches of vertical space.

12. Logistics:  A fully-configured multiplexer has:

One link output interface module
One multiplexer module
Four dual-channel input modules

A fully configured demultiplexer has:

One link input interface module
One demultiplexer module
Four dual-channel output modules



Due to the dual-mode designs in all modules, however, the user needs only three
module types to provide complete replacement capability:

One link/sync module
One multiplexer/demultiplexer module
One dual-channel inpuVoutput module

OTHER APPLICATIONS

Of necessity, this paper is pointed toward one type of communications link (T-3) and one
generic application (telemetry data merging and transfer). The same general technology is
useful under other scenarios as well, such as:

1. Other communications links:  A companion set of units are available for the lower-
speed commercial communications links:

DS-1
DS-1C
DS-2
DS-A
Or any user-supplied rate between 56K bits/second and 12.928 Mbits/second.

Alternatively, the lower-rate equipment can serve as input/output channels in a T3
system.

2. Other types of data:  Outside the telemetry field, many data transfer scenarios can
be enhanced by the same technology described here.

3. Data storage on rotary-head tape recorder:  The need for data channel merging,
efficient generation of a single-bit-rate stream, and efficient data separation on
playback make this same technology adaptable very conveniently to the
record/reproduce needs of a rotary-head recorder.

ILLUSTRATIONS

Figures 1 and 2 show front and rear views of an Asynchronous Multiplexer/Demultiplexer,
to emphasize the degree to which the units are self-configuring. Figure 3 is a simplified
functional diagram of one unit in the multiplexer mode and a second unit in the
demultiplexer mode.



Figure 1. Front View of Asynchronous Multiplexer/Demultiplexer

Figure 2. Rear View of Asynchronous Multiplexer/Demultiplexer



Figure 3. Functional Diagram of a Pair of Asynchronous
Multiplexer/Demultiplexer Units
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ABSTRACT

Improved performance has been achieved in the new Herley
design of the Model MD700C-1 Drone Tracking and Control
System, C-band Command and Control Transponder. The approach
for obtaining better radio frequency rejection, automatic
gain control, local oscillator stability, and power supply
efficiency is described. New hybrid microwave integrated
circuit application techniques were used to design a small
local oscillator, tunable over the 5400 to 5900 MHz range
with a frequency drift of less than ± 1 MHz. This low
frequency drift allowed the use of a 4 pole immediate
amplifier filter, 60 dB down, at 40 MHz bandwidth, which,
when coupled with the three cavity radio frequency
preselector filter, provides 7 pole out of band rejection
for unwanted radar signals operating at close frequencies.
To augment the out of band rejection, a new form of 75 dB
dynamic range automatic gain control was used, which
combines signal attenuation with a circuit that reduces
immediate frequency noise with increasing signal. This
allows rejection of the radars own in-band multipath signals
by reducing the gain and threshold sensitivity. To reduce
power consumption and heat while operating over a wide
voltage range, a switching mode regulator and a non-
saturating core power supply was designed to operate at 80%
efficiency.

Compared to units in field use over the past 10 years, the
new design shows improvements of 400 percent in local
oscillator frequency stability, 30 percent in out of band
frequency rejection, 66 percent in the automatic gain 



control dynamic range, and 60 percent in power supply
efficiency.

The MD700C-1 was developed by Herley Industries for the USAF
SMALC, and is currently in production.

I. INTRODUCTION

The Drone Tracking Control System (DTCS) Transponder is the
receiver and transmitter module of the Target Group Set
(TGS) located on board, and used to command, unmanned air
and/or surface vehicles (targets). The TGS is used in
conjunction with Range Instrumentation Radars, operating in
the 5400 to 5900 MHz frequency range, and which provide the
command and control information signals from the ground to
the unmanned vehicle in the form of a series of groups of 4
pulses, whose position in time provides date to the Target.
Within the Target a number of sensors are multiplexed and
data transmitted to the ground through a similar pulse
train. Often, several radars are used for tracking one
Target Group Set, while other radars on the same range are
tracking other objects. For example, on the White Sands
Missile Range (WSMR), up to ten (10) Range Instrumentation
Radars can be operating simultaneously, all within a 250 MHz
frequency band. During normal operations, radars that have
their Pulse Repetition Frequency (PRF) phased, and radars
that do not have their PRF synchronized, can cause signals
to arrive at the Target Group Set at the same time. This can
cause unwanted extraneous pulses to overlap and interfere
with the desired command pulse train, and cause command
loss. This is known, on the operating ranges, as friendly
jamming. The DTCS Transponder currently in service was not
specifically designed to operate in such a harsh radio
frequency (RF) environment, and therefore does not provide
adequate RF rejection in this scenario. This has resulted in
uplink commands being inadvertently jammed, causing the loss
of expensive unmanned targets.
The goal of the development program conducted by Herley
Industries, Inc. was aimed at designing a new DTCS
transponder with improved RF rejection characteristics, and
other performance improvements, without increasing
production cost. The MD700C-1 is the result of that
successful program.



The design improvements were made in the receiver and power
supply of the new MD700C-1 transponder. Figure 1 is the
block diagram of this unit, exhibiting the major sub-
sections. The receiver is a superheterodyne design. The
video output, the detected 4-pulse groups, are fed to an
external decoder, where they are interfaced to the flight
control system of the target. Sensor data, to be sent to the
ground, is formatted in the external encoder, and fed back
to the transponder. Along with the transponders tracking
reply pulse, this information is modulated, as a reply pulse
train, onto the transmitter for transmission back to the
C-band ground range instrumentation radar.

The three major contributors to the operational interference
problem with the existing DTCS Transponder are:
a. The local oscillator (LO) frequency drift over the

temperature range of -55EC to +75EC is about ± 7 MHz.
b. To accommodate this wide LO frequency drift, the

intermediate frequency (IF) amplifier has a 40 MHz, 3 dB
bandwidth with broad skirts, which gives poor out of
band rejection.

c. The automatic gain control (AGC) has only a 45 dB
dynamic range, giving poor multipath rejection. This
situation usually occurs during the critical take off
and landing maneuvers, when the radars reflected
interfering signal can be the strongest, and when the
danger of mishap is the highest.

Another major concern in the existing DTCS Transponder is
potential reduced reliability due to self-generated heating
due to low power supply efficiency. The power supply in the
older unit uses a series pass transistor to regulate the
incoming voltage, which can vary from 22 to 32 volts DC,
down to a lower fixed voltage level for operation of the
chopper power supplies. At the normal input voltage of 28
Vdc the supply is only 50 percent efficient, causing
internal heat rise, thereby reducing the reliability of the
transponder.

II. DESIGN IMPROVEMENT PHILOSOPHY

The use of modern microwave chip transistors, monolithic
amplifiers, and beam lead and chip diodes, in combination
with thin film passive circuits, makes it possible to reduce
the size of all active circuits to approximately 1/5 that of



previously produced circuits using packaged devices. Since
the Q of elements needed for oscillator frequency control
and filtering is proportional to their volume, the use of
hybrid thin film active circuits allows for large (high Q)
network elements to achieve good frequency stability and
signal filtering. Analysis of overall system performance
requirements led to providing 75 dB of AGC attenuation in
the IF amplifier, and dividing the bandwidth limiting
functions between a 3 pole microwave filter and a 4 pole IF
filter. A graph of the IF amplifier AGC curve is shown in
Figure 2. Since the allowed narrowness of the IF filter is
limited by the LO frequency stability, considerable emphasis
was applied to reduce LO frequency drift to under ±1 MHz.
The combination of these design concepts has led to a unit
with 88 dB rejection of RF signals ±20 MHz from the center
frequency. The improvement of power supply efficiency to
reduce internally generated heat and improve reliability was
based upon the use of modern monolithic pulse width
modulation control chips in combination with efficient
magnetic circuit designs.

III. LO/MIXER AND IF AMPLIFIER DESIGN

The LO and mixer used in the MD700C-1 design is a microwave
integrated circuit (MIC) consisting of a mixer and part of
the oscillator circuitry printed onto an Alumina substrate.
The mixer consists of a rectangular implementation of the
classical rat race hybrid. A beam lead diode pair in a tee
configuration was used to provide nonlinearity for the
mixing to occur.

A schematic diagram of the LO and mixer is shown in Figure 3
and topographical view in Figure 4.

The three critical elements of the oscillator which impact
on the potential frequency drift are: the proper selection
and application of the bipolar transistor chip; use of
circuitry printed directly on the Alumina substrate; and
inclusion of a coaxial cavity resonator. All three of these
items can improve the thermal stability of the oscillator in
the Herley design.

First, the transistor chip is eutectically bonded to the
chassis floor. This provides an extremely good mechanical,
electrical, and thermal connection between the transistor



and chassis. This connection is critical to the stability of
the oscillator.

The second item is the Alumina substrate which has a
dielectric constant temperature coefficient of 113 PPM/deg
C. Although there are more exotic materials with better
temperature coefficients, this material provides good
electrical stability as well as good mechanical stability.

The third and most important item is the coaxial resonator.
The frequency controlling element of the resonator is made
of INVAR which has a near zero temperature coefficient.
Silver plating of the entire cavity structure provides an
unloaded Q of greater then 600, a factor of six better than
microstrip resonators.

Oscillation in the circuit takes place at a frequency where
the sum of the reactances is zero. By employing a cavity
with a high loaded Q in the circuit, a small change in
frequency creates a large reactance change of the cavity
around its resonant frequency, and compensates for changes
in transistor and circuit reactances with time and/or
temperature. As a result, changes in the transistor and its
associated circuit have a small effect on the oscillator
frequency; and, the coaxial cavity with its stable resonant
frequency over temperature, leads to an oscillator with less
than ±1 MHz frequency drift over the full temperature range.

The IF amplifier consist of three silicon bipolar monolithic
microwave integrated circuit (MMIC) amplifier gain stages,
having 20 - 22 dB gain each, and a 1 dB compression point of
4 dBm. A measured noise figure of better than 2.8 dB is in
good agreement with the manufacturer’s specifications. Each
device requires only two support components for bias, which
reduces parts count dramatically over prior designs, thus
leading inherently to higher reliability. The three stage
amplifiers in the MD700C produce 60 to 64 dB gain with less
than 2.8 dB noise figures. A schematic diagram of the IF
amplifier and filter is shown in Figure 5 and a
topographical view in Figure 6. Because these are broad band
50 ohm gain blocks, no alignment is needed, total parts
count is reduced, and manufacturing is simplified. Following
this amplifier, but in the same package, is the four pole
filter which provides 12 MHz, 3 dB bandwidth, and rejection
at ± 20 MHz of 60 dB. Thin filter reduces the total noise



power presented to the video detector, providing a better
signal-to-noise ratio to the detector, and better
sensitivity. A graph of the existing IF amplifier bandpass
is shown in Figure 7 and the new IF amplifier bandpass, in
Figure 8.

IV. AUTOMATIC GAIN CONTROL DESIGN

Past system designs used a pin diode limiter/attenuator in
front of the low noise amplifier to achieve 45 dB of
receiver gain control. Located in front of the RF amplifier.
the AGC circuit did not reduce receiver noise with increased
signal. This results in the receiver threshold circuit
always operating at 10 dB above noise, causing the
transmitter pulse to have jitter. The 45 dB AGC dynamic
range is insufficient when the unmanned vehicle is close to
the controlling radar, and the signal levels exceed the AGC
by 35 dB. This permits multipath signals up to 35 dB below
the main radar’s signal level to be detected by the
receiver, and passed on to the decoder along with the
desired pulse train. The presence of these extraneous
pulses, can cause command lose of the vehicle. Therefore,
two improvements were made in the new Herley designed
transponder AGC circuit, to improve the dynamic range, and
to reduce receiver noise.

The AGC dynamic range was raised to better than 75 dB, while
reducing the receiver noise with input signal level. To
achieve this, the AGC circuit was designed to control the
gain of the IF amplifier by reducing the Vcc supply to the
three MMIC amplifiers. The full 75 dB gain is obtained by
reducing the IF amplifier Vcc from 9 volts to 5 volts while
holding a constant amplitude video output pulse. The new AGC
design will eliminate multipath signals over a full 75 dB
range, permitting more reliable take off and landing of the
unmanned vehicles. By reducing the IF amplifier gain, the
noise level is reduced to zero after 10 dB of AGC signal,
allowing the transponder receiver to operate virtually noise
free. This permits the receiver threshold detector to
operate jitter free from noise, and produces better overall
system performance.



V. POWER SUPPLY DESIGN

From an overall design evaluation of the transponder, Herley
concluded that considerable improvement in the operating
efficiency and reliability could be obtained by redesigning
the power supply. A block diagram of the existing power
supply is shown in Figure 9. The series regulator is
effective for removing ripple and small changes in supply
voltages, but becomes inefficient over the wide required
operating range of 22 to 32 volts DC. The regulated DC
voltage, of approximately 20 volts, feeds a saturating core
DC to DC converter operating at 10 KHz. Additional circuitry
is required around this to prevent the sudden saturation of
the core from damaging the switching transistors. The design
chosen by Herley for a new, high efficiency power supply
uses a switching mode regulator. The switching mode
regulator replaces the series regulator and the DC to DC
converter is driven by, and synchronized to, the switching
regulator. The block diagram of the high efficiency power
supply is shown in Figure 10. The pulse width modulation
control uses a simple integrated circuit operating at 100
KHz to drive a switching power Field-Effect Transistor
(FET). The pulse width is varied, depending on the load
requirements and the supply voltage variations, to provide a
constant input voltage to the DC to DC converter. The DC to
DC converter is synchronized to the oscillator of the pulse
width regulator controller. The driver converter results in
better controlled switching characteristics without the high
current transient of the saturating core type design. In
addition, the higher operating frequency of 50 KHz provides
lower ripple on the output for the same storage capacitance
when compared to the earlier 10 KHz design.

The improvement in efficiency for the regulator part of the
circuit is shown in Figure 11. The plot for the switching
mode regulator is the measured results for an output of 20
volts DC at 1.3 ampere with an input supply voltage of 22 to
32 volts DC. A power conversion efficiency of better than
90% is obtained throughout the 22 to 32 voltage range. The
second plot depicts the maximum efficiency of a series
regulator operating over the same supply voltage range. For
a 22 volt supply the efficiency is above 90%, however the
efficiency then drops with increasing supply voltage to 62%
at 32 volts input. At this point the series pass transistor
is dissipating over 15 watts, whereas the switching mode



transistor is dissipating less than 2 watts over all supply
voltages. In addition to the efficiency improvement, the
pulse width modulation control circuit also provides for a
slow startup, to limit the inrush current, and provides
protection against overload.

The DC to DC converter uses n-channel power MOSFET devices
driven directly from a second, control integrated circuit
(IC). The transformer is a low parasitic, high frequency
design, using a ferrite core. The output DC voltages were
reduced from three to two separate rails to provide for a
simpler secondary circuit. The total power supply, including
EMI filter, polarity protection, regulation and DC to DC
Converter, provides 75% efficiency over the input supply
voltage of 22 to 32 volts DC. This results in a considerable
reduction in transponder dissipation as shown in Figure 12.
The dissipation is plotted as a function of PRF for both the
new and earlier designs of DTCS transponders. The lower
dissipation in the new power supply will reduce the
operating temperatures of the overall transponder circuitry,
and thereby contribute to improved reliability.

VII. CONCLUSIONS

The application of modern technology to some very old
circuit and system concepts has been shown to produce
benefits in performance, reliability, and manufacturing
cost. Stabilization of the LO, use of a narrow pass band IF
amplifier, and amplifier AGC control, date back to World
War II and are covered in detail in many text books. The
approach presented in this paper has realized a small,
compact, and inexpensive method of achieving frequency
stability of a solid state LO to ± 1 MHz. A simple IF
amplifier design using three MMIC amplifier devices with a
narrow pass band output filter, provides better system
interference rejection, performance, and AGC dynamic range.
By using devices that have been developed in the last ten
years, a more efficient and reliable power supply and
regulator have been developed. The result is that the new
MD700C-1 Transponder provides superior performance and
reliability over the previous units.
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contributions of Mr. Donald Bradfield who did the basic
design for the LO and IF amplifier, Mr. Timothy Bambridge



who did the basic design of the power supply, and Mr. John
Carle III who did the basic design of the IF amplifier AGC
circuit. We would also like to thank Mr. Gerald Klein,
Herley General Manager, for his support and contributions to
this paper.

This work was supported by an Air Force contract No. F04606-
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FIGURE 2 IF AMPLIFIER AGC CURVE

FIGURE 3 SCHEMATIC OF THE LO AND MIXER



FIGURE 4 TOPOGRAPHICAL VIEW OF THE LO AND MIXER

FIGURE 5 SCHEMATIC OF THE IF AMPLIFIER



FIGURE 6 TOPOGRAPHICAL VIEW OF THE IF AMPLIFIER

FIGURE 7 EXISTING IF AMPLIFIER BANDPASS



FIGURE 8 NEW IF AMPLIFIER BANDPASS

FIGURE 9 BLOCK DIAGRAM OF
EXISTING POWER SUPPLY

FIGURE 10 BLOCK DIAGRAM OF
HIGH EFFICIENCY POWER SUPPLY



FIGURE 11 MEASURED EFFICIENCY
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FIGURE 12 TRANSPONDER DISSIPATION
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Abstract

A attitude destalilization of a reentry vehicle (RV) due to rolling etc. during its flight is
one of the major, proflems the channel design of the RV’S radio communication has been
facing with. In-this Paper, the requirements of an antenna design are briefly discribed, the
need for an antenna program control system is advanced, its block diagram is given, and
operating principle and various concept of its components are explained.

Preface

An antenna aboard is one of the key components of a radio system. The antenna design
of a reentry vehicle (RV) involes many factors such as the radio system design, overall
structure, aerodynamics therml protection, strength, environment, technology and electric
performance etc.. the good extent of an antenna performance is not evaluated by one or
more indexes, insteed by a combined index.

A RV’S attitude will change because of its angle-of-attack change, ablation and rolling
during reentry. A attitude uncertainty will bring some difficulties to the design of the radio
system. To meet the attitude variation the radiation pattern of the antenna aboard is usually
required to be non-directional and uniform is every direction to assure proper operation of
the radio system.

Non-direction requirement for the antenna aboard makes the antenna gain very low. To
increase the gain. meet the requirements of the system design and increase the transmitters
power or raise the requirements for the ground receiving and transmitting system will
result is a difficult design. On the other hand, single antenna can not usually meet the
radiation pattern requirement of the non-directionnal antenna aboard because of the limits
of the RV’S structure dimensions and layout, but a combination of the antennas can.

However, this antennas combination will increase the number of the antenna windows
aboard RV, therefore, increase the difficulties in the overall design, thermal protection,
structure and strength etc. and reduce the RV’S reliability and the entire performance,
thus, increase the difficulty of a electromagnetic compatibility design.



To resolve the problems described above, author of this paper has suggested seueral
design concepts of the antenna program control system aboard a RV to relieve the above
difficulties and help the design of the radio system aboard.

Program Control system of RV antenna

A reentry telemetry system can be cited as a sample. Its block diagram is shown in
figure 1.

Data gathering and Preliminary Processing:
Carry out a preliminary processing and outting down of the data based on the

characteristics of the signal and prior knowledge, input some signals to a modulator and a
transmitting system via a time delay memory after a variety of engineering physical
quantities (electric and non-electric parameters) have been collected and coded.

A signal from a solar angle meter (its output signal shown in figure 2), or a horizon (its
output signal shown in figure 3), or a magnetometer can be used as a bound signal
transducer. The RV’S attitude can be rough judged via processing, analysis and
calculation of the signal. Switchon the conntrol circuit to make RF switch put through the
corresponding antenna to assure the link of the radio system aboard with the ground
stations.

The separation signal and attitude data should be inputted to a memory in advance. Then
the signal processing shoald be done from the seperation signal, the RV’s attitude data
and augular speed. Analize the RV’S attitude and position. Yuld a switch command signal
to the RF switch to switch on the corresponding antenna.

The plasma sheath formed around a RV during its reentry can cause the antennas to be
mistaned, affect and even break the signals. To relieve the problem mentioned above, the
following measures should be taken:

Measure the impedance variation in the bruckes of the antenna feed. After amplified and
processed, the signal of the impedance variation will be inputted to the telemetry system,
at the same time inputted to the controller too. The impedance of the antenna feed system
will be improved after it is stored and calculated is the controller. A control signal will
been formed and inputted to a impedance tuner. The output wave of the impedance meter
is shown in figure 4 and 5.

On the other hand, the ballistic data will be inputted to the controller after they have been
preset according to the RV’S actual change during reentry flight. In a actual flight test
these data will be readjusted according to the seperation command and the signal of the
overload switch. Then a central command will be yulded.

The antennas can be directly linked with the RF switch, thus the antennas distributor can
be removed. Sometimes the total number of the antennas can be reduced due to full use
of the characteristics of the unit antennas.



Using the signal characteristics and the properties of the unit an tennas to reduce the
number of the antenna windows has been discussed in some special papers.

Conclusions

The Program control system of the RV’S antennas makes only some antenna work, can
increase the gain of the antennas aboard, improve the environment of the electromagnetic
compatibility aboard and protect it from the effect of the RV attitude change. Modulating
impendance mismatch of the antennas aboard during reentry will help the improvement of
signal transmission through plusma sheath, and protect the transmitter aboard.

Specific practicing concept can be, choosen on the specific design gorl.
The block diagram shown is picture 1 can be applid to many system such as up-link and

downlink etc.



Picture 1. schematic block diagram of recentry telemetry system aboard



Picture 4. Output wave curve of the impedance meter during reentry

Picture 5. Reflectance history of the impedance during Reentry
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Abstract

The Fast Fourier Transform (FFT) converts digitally sampled time domain data into the
frequency domain. This paper will provide an advanced introduction for the telemetry
engineer to basic FFT theory and then present and explain the different user pre-
processing options that are available when using the FFT. These options include: using
windowing functions, “zero filling” for frequency data interpolation, and setting the
frequency resolution of the FFT resultant spectrum,
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Advanced Introduction to FFT Theory

The FFT algorithm (published by Cooley and Tukey in 1965) is a computation saving
algorithm based on the Discrete Fourier Transform (DFT). The DFT translates discrete
digital data from the time domain (amplitude vs. time) to the frequency domain (amplitude
vs. frequency). DFT input data, f(n), is a finite length sequence of N samples of data
equally spaced in time., and it is assumed that this sequence repeats itself.

where k = 0, 1, ... N-1



DFT input data must follow the Sampling Theorem, which states that the data must be
sampled in a periodic manner with a minimum of two data points per the fastest period of
data. The frequency at one-half of the sampling rate is generally referred to as the Nyquist
rate.

Sampling of analog input data is done using an Analog-to-Digital converter (A/D) with
an anti-aliasing filter prior to the A/D. The anti-aliasing filter must filter frequencies higher
than the Nyquist rate from the analog input data.

If frequencies higher than the Nyquist rate are passed to the A/D, aliasing of the
spectrum data will be produced. Aliasing causes the frequency components of data that
are greater than the Nyquist rate to be displayed as erroneous lower frequencies. The
exact location of the aliased data is equal to the actual input data frequency minus a
multiple of the Nyquist rate.

As previously stated, the FFT evolved from the DFT as a computational saving
algorithm, because it reduced the number of multiplications required to evaluate the
summation. The FFT recognizes certain symmetries and periodicities in the DFT process
when the number of samples to be evaluated are a power of 2. If N is the number of data
points in the summation, then the DFT requires N times N multiplications, whereas the
FFT algorithm only requires only Nlog N multiplications. This savings can be significant2

For example, if a 1024-point digital spectrum analysis is to be performed, the DFT will
require 1 million multiplications compared to only ten thousand multiplications for the
FFT. In this case, the FFT is 100 times faster to calculate than the DFT! There is no
accuracy loss in performing the FFT instead of the DFT.

Since the FFT algorithm has complex terms (real and imaginary) in the definition, the
output also has both a real (odd) portion of the spectrum and an imaginary (even) portion
of the spectrum. If only real data is entered into the summation, the imaginary portion of
the spectrum will be a mirror image across the origin (at DC or 0 Hz) of the real part of
the spectrum. This means, if a 1024-point FFT is performed, 512 real and 512 imaginary
data points are calculated.

A “C” language program for performing the FFT is included in the Appendix.

Pre-Processing Input Data

Before performing an FFT, the user has three different pre-processing options that can
be performed to help enhance the output of the FFT algorithm: (1) the number of data
points to use in the algorithm, (2) how much zero-filling of the input data to perform, and
(3) which windowing function to perform on the input data. By making educated choices



for these three preprocessing options, the information in the output resultant FFT
spectrum will be enhanced. These options involve tradeoffs between processing time,
frequency resolution, and spectral component bandwidths. The following sections
describe how to best use each pre-processing option.

FFT Frequency Resolution

When performing an FFT, the user is able to decide the number of data points to be
used in the algorithm. The number of input data points sets the frequency resolution for
the resultant FFT spectrum. The frequency resolution of each output frequency
component is equal to the Nyquist rate divided by half the number of data points entered.
In other words, the FFT output data spectral points are equally spaced from 0 Hz (DC) to
the Nyquist rate in both positive and negative frequency.

To understand how the frequency resolution of the resultant FFT data is determined,
one can consider the FFT algorithm as a group of bandpass filters in the spectrum from
DC to the Nyquist rate. The number of bandpass filters is equal to half the number of the
input data points because only one-half the output spectral data points are real and the
other half are imaginary. The bandwidth of each bandpass filter is set by the number of
data points entered. As more data points are entered into the FFT, the bandwidth of each
bandpass filter is reduced, giving greater frequency resolution to each output term.

By increasing the number of input data points, the time to perform the FFT is also
increased. The calculation time increases by N1og N number of multiplications that are2

performed for a N-point FFT. Therefore, as the frequency resolution is increased, so is
the calculation time for each FFT.

For example, consider a set of input data points that is sampled with a Nyquist rate of
512 kHz. If a 512-point FFT is calculated, the frequency resolution of the FFT will be
2 kHz and 4608 multiplications will be performed. If a 1024-point FFT is performed, the
FFT frequency resolution would be 1 kHz and 10,240 multiplications will be performed.
If the increase in computation time of 2.5 does not interfere with the overall system timing
and performance, the size of the FFT should be set for the desired output frequency
resolution desired.

Zero Filling

Zero filling is a method to interpolate spectral components and sidelobes of the FFT
output data. Zero filling is accomplished by actually entering the value zero for some of
the input data into the FFT.



Zero filling is used for two different reasons. The first reason is to interpolate new values
between the original data samples. If a 512-point FFT is performed with 512 “non-zero
filled” data points, potential ambiguities between non-interpolated sidelobes and spectral
components can result. If only one-fourth of the data actually entered into the FFT is
sampled data and three-fourths of the data is zero filled, the resultant FFT will still have
the same frequency resolution but the sidelobe and secondary carriers will be interpolated
to show the peaks and values of each term.

A second reason for zero-filling input data is when hardware or software timing
restrictions in the total FFT generating system limit the number of data points that can be
acquired. If the data acquisition system’s A/D converter or input digital data transfer rate
is much slower than the FFT generating system, the update rate of the output spectrum
will be delayed while waiting for input data. By zero-filling some of the input data to the
FFT, the update rate of the output FFT spectrum will be increased. The output FFT will
have the appearance of good frequency resolution because of the interpolation of both the
spectral components and spectral leakage terms or sidelobes.

Windowing Functions

Since the FFT processes data within a finite time duration, spectral leakage occurs
within the sampled data. This spectral leakage corresponds to the abrupt start and stop of
a sampled waveform which is non-periodic with the sampling period for the FFT. The
spectral leakage appears as sidelobes in the FFT output. Windowing functions taper the
beginning and ending data that forces periodicity within the sampling period and
minimizes the spectral leakage.

Windows are applied to the sampled data as multiplication weighting functions. There
are many different windowing functions which are used to minimize the side lobes
generated by the FFT. Choosing the correct windowing function for a particular
application isn’t straight forward. Each windowing function affects the bandwidth of the
main frequency components are well as the amplitude of the sidelobes. Ideally, the
window to use would be one which produced the smallest frequency component
bandwidth with the minimum sidelobe amplitude. Unfortunately, as a windowing function
reduces the sidelobes, the bandwidth of the frequency components increase.

This paper will illustrate four different windowing functions: Rectangular, Hamming,
Hanning, and Blackman. The series definition of each windowing function with a
comparison of the maximum sidelobe amplitude verses frequency component bandwidth
is illustrated in Table 1. A comparison of the shape of each of these windowing functions
is shown in Figure 1.



Table 1. Windowing Function Definitions

Windowing Series Definition Max Sidelobe Normalized
Function Amplitude Bandwidth

Rectangular   3 1 -13 dB 1.00
N - 1

n = 0

Hanning   3 0.5 - 0.5cos(2Bn/N) -32dB 1.62
N - 1

n = 0

Hamming   3 0.54 - 0.46cos(2Bn/N) -43dB 1.46
N - 1

n = 0

Blackman   3 0.42 - 0.5cos(2Bn/N+0.8cos(2Bn/N) -58dB 1.88
N - 1

n = 0

The Rectangular window is sometimes called the “do nothing” window because the data
is not changed by the windowing function. Therefore, if sampled data is directly put into
the FFT, the resultant spectrum will have the smallest frequency bandwidth and the largest
sidelobe amplitudes. The other windowing functions actually taper the data at the start and
end of the sampled interval, which reduces the sidelobe amplitude but causes the
bandwidth of the frequency components to spread. If a single frequency component is
present in the data, then the greatest sidelobe suppression would be desirable. On the
other hand, if multiple frequency components exist, spreading the bandwidth by using a
sidelobe suppression window could merge the different frequency components into one
term. Therefore, the choice of which window to use is dependent on the type of input
data the user is expecting.

The last section of this paper shows the effects of the different windowing functions on
a single input carrier.



FFT Resultant Spectrums

This section illustrates the relationship between the pre-processing variables previously
described and the resultant FFT spectrums, The same input data will be used for each
FFT with different pre-processing options. The input data is a computer generated
waveform which is the sum of three spectral components. For clarity in describing the
spectrums, the three spectral components of the combined waveform will be referred to
as Components 1-3. The individual normalized FFTs of each of the three components of
the summed waveform are shown in Figures 2a-2c.

Component 1 (Fig. 2a) is a sinewave having a period of 1/6 of the sample frequency or
1/3 of the Nyquist rate with a normalized amplitude of one. Component 2 (Fig. 2b) is also
a sinewave but with its frequency of 1/9 of the Nyquist rate and a normalized amplitude of
0.0655 or -23.67 dB from Component 1. Component 3 (Fig. 2c) of the summed
waveform is a squarewave having a frequency of 1/8 of the Nyquist rate with the
fundamental frequency having a normalized amplitude of 0.0111 or -39.06 dB from the
Component 1.

Figures 3a-3d show the sum of Components 1-3 in the time domain after each of the
four windowing functions are performed on the input data. These four waveforms are
provided for the user to be able to distinguish the effects of each of the previously
defined windowing functions in Table 1 to the input summed data waveform. As a note,
the Rectangular doesn’t affect the data, therefore the shape of the input waveform is best
seen in Figure 3a.

Figures 4 through 9 show the resultant FFT spectrums of the summed waveform after
the various pre-processing options are performed. The figures are arranged by similar
frequency resolution and zero-filling and different windowing functions. The frequency (x)
axis of each FFT goes from DC to the Nyquist rate and the amplitude (y) axis is
normalized from 0 to -80 dB. The following paragraphs will highlight the effects of each
pre-processing option.

Figures 4a-4d are 512-point FFTs using 3/4 zero-filling with the different windowing
functions performed. The effect of 3/4 zero-filling which causes a large interpolation of
the spectral leakage terms are clearly illustrated in the Rectangular window. Component
3’s odd order harmonics are totally hidden in the sidelobes of Component 1 because the
normalized amplitude of Component 3 is below the amplitude of the sidelobes for a
Rectangular window. By using the Hanning window in Figure 4b the spectral leakage
terms are reduced, thus revealing the fifth and seventh harmonics of Component 3,
However, the increased spectral component bandwidth due to the windowing function has
combined the fundamentals of Components 2 and 3 into one spectral term and the third



harmonic of Component 3 with Component 1. Figures 4c and 4d show the effects of the
different bandwidths of spectral components caused by the Hamming and Blackman
windowing functions.

Figures 5a-5d are 512-point FFTs using 1/2 zero-filling. In Figure 5a, again the
harmonics of Component 3 are hidden by the large amplitude sidelobes of Component 1.
The Blackman window in Figure 5d reveals all of the harmonics of Component 3 due to
the large sidelobe suppression in the windowing function. One problem with Figure 5d is
that the large spectral bandwidth of the Blackman window has almost combined the
fundamental of Component 3 with Component 2, whereas the Rectangular window in
Figure 5a reveals a hint of 2 different spectral components.



Figures 6a-6d are 512-point FFTs using no zero-filling. With no zero-filling or full input
data resolution, the spectral components are easier to distinguish because of the lack of
interpolation of the sidelobes. Even with no zero-filling, the Rectangular window (Fig. 6a)
fails to illustrate all the harmonics of the low amplitude square wave in Component 3,
while the other windowing functions clearly show most of the spectral components.
However, the Hamming windowing function (Fig. 6c) still hides the third harmonic of
Component 3 in the sidelobes of Component 1.







Figures 7a-7d and Figures 8a-8d are provided to show the resultant spectrums for
1024-point FFTs using 3/4 and 1/2 zero-filling, respectively. The effects of the
pre-processing options are similar to those described in the previous paragraphs for the
512-point FFTs except the frequency resolution is doubled. Therefore, the bandwidth of
each spectral component is reduced, which brings out the distinction between the
fundamental of Component 3 and Component 2. Also, there is a distinction between the
third harmonic of Component 3 and Component 1 in most of the windowing functions
except the Rectangular window (Figures 7a & 8a).

Finally, Figures 9a-9d are 1024-point FFTs using no zero-filling. These spectrums best
illustrate all of the different spectral components in the input data waveform. The
Rectangular window in Figure 9a still hides the harmonics of Component 3 in the
sidelobes of Component 1. Figures 9b and 9c best illustrate the difference in the sidelobes
caused by the Hamming and Hanning windowing functions. The Hanning windowing
function causes the sidelobes to fall off with a steep slope, whereas the Hamming window
sidelobes are suppressed but do not drop as sharply from the large spectral components.

Summary

The utilization of various pre-processing options such as the number of data points,
“zero filling,” and windowing functions permit one to enhance the spectral interpretation
of the sampled signal. However, one must be cognizant of the tradeoffs in terms of
processing time, frequency resolution, and spectral bandwidth that these options proffer.
Each option must be judiciously selected when performing a spectral analysis.
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 Appendix

The following is a “C” listing for performing the FFT algorithm.

/*function fft() - performs a fast fourier transform
 * calling sequence:
 *    fft(real, imag, sum, points, power);
 * input parameters:
 *     float far *real - pointer to array of real data points
 *     float far *imag - pointer to array of imaginary data
 *     float sum - The sum of the windowing factors
 *   short points - Number of points in the transform
 *     short power - Power to raise 2 for the number of pts
 * output parameters:
 *     float far *real - pointer to array of magnitude values
 *     float far *imag - pointer to array of phase values
 * returns:
 *     none
 */
void
fft(float far *real, float far *imag, float sum,
    short points, short power)
    {
    short n2, j, l, i. i2, lb, nu2, n_pts1;
    register short k = 0, k2;
    float * pr_k, * pi_k, * pr_k2, * pi_k2;
    float arg, arg1, nu1, num_pts;
    float c, s;
    float tr, ti;



    n2 = points>> 1;
    num_pts = (float)points;
    nu1 = (float)power - 1.0f;;
    argl = (float)TWO_PI / num_pts:
    N_pts1 = points - 1;
    for (I = 0; I < power; 1++)
        {
       nu2 = (short)pow(2.0f, (double)nu1);
       for (k = 0; k < n_pts1; k += n2)
           {
           j = k / nu2;
          for (i = 0, ib = 0; i < power; i++)
             {
/* bit swap the data in j and put into ib */
             i2 = j >> 1;
             ib = (ib << 1) + j - (i2 << 1);
             j = i2:
            }
          arg = arg 1 * (float)ib;

/* use the big identity sin  + cos  = 1 */2  2

          c = (float)cos((double)arg);
          s = (float)sqrt((double)1.0f - (double)(c * c));

   /* calculate real & imaginary components of transform */

          for (i = 0; i < n2; i++, k++)
             {
             k2 = k+ n2;
             pr_k2 = real + k2;
             pi_k2 = imag + k2;
             pr_k - real + k;
             pi_k - imag + k;
             tr = *pr_k2 * c + *pi_k2 * s;
             ti = *pi_k2 * c - *pr_k2 * s;
             *pr_k2 = *pr_k - tr;
             *pi_k2 = *pi_k - ti;
             *pr_k += tr;
             *pi_k += ti;
             }
            }



       k = 0;
       nu1 -= 1.0f;
       n2 >>= 1;
       }
     for (k = 0; k < points; k++)
       {
        j = k;            /* temp storage place */
       for (i = 0, ib = 0; i < power; i++)
           {
/* bit swap the data in j and put into ib */
          i2 = j >> 1;
          ib = (ib << 1) + j - (i2 << 1);
          j = i2;
          }
      if(ib > k)
          {
          swap (real + k, real + ib);
          swap (imag + k, inrag + ib);
          }
       }
   for (i = 0; i < points; I++)
       real[i] = 2.0f / sum * (float)sqrt((double)
         ((imag[i] * imag[i] + (real[i] * real[i])));
    }

/*function swap() - swaps two float in memory.
 * calling sequence:
 *     swap(x1, x2);

 *input parameters:
 *     float far *x1 - pointer to first variable
 *     float far *x2 - pointer to second variable

 *output parameters:
 *     *(float far *x1) - original x2 value
 *     *(float far *x2) - original x1 value
 *
 * returns:
 *     none
 *
 */



void
swap(float far *x1, float far *x2 )
    {
    float temp_x;

    temp_x = *x1;
    *x1 = *x2;
    *x2 = temp_x;
    }
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ABSTRACT

The recently delivered Telemetry Data Handling System (TDHS) was designed
to support the current and future needs of a multi-purpose realtime range
system at White Sands Missile Range. The system provides for data
acquisition, processing, and archival of PCM, PAM, and FM data. The addition
of support for MIL-STD 1553 data input as presented in the SRAM II data
format is currently in process by Loral Data Systems.

The SRAM II format includes MIL-STD 1553 messages embedded in a
traditional PCM mutiplex. These embedded 1553 messages must be extracted
and processed in addition to standard processing of the PCM data.

This paper discusses a general purpose solution to the handling of embedded
1553 data including:

" Configuring the system components
" Extracting the embedded messages
" Processing the MIL-STD 1553 data
" Testing the system

INTRODUCTION

The Telemetry Data Handling System (TDHS) was designed in a modular
fashion to facilitate upgrading the total system to meet new or unique
requirements during the TDHS lifetime. The first requirement to put this concept
to the test occurred before the first half of the TDHS had been delivered



With the addition of Chapter 8 to IRIG 106-86, real-time processing of 1553 as
a telemetry stream became possible. A new program, SRAM II, took advantage
of this development when designing the telemetry package for their program.
This put a requirement on White Sands Missile Range (WSMR) to develop the
capability of real-time 1553 support.

As the design of the modification evolved, the following goals were defined:

" No interruption of mission support
" Minimum of special single purpose hardware
" Dual use of equipment when possible, i.e., through software loading, a

module would support either 1553 or standard telemetry data
" Ability to simulate 1553 data to aid software development and checkout
" ModifIcation of both TDHS-A and TDHS-B

Since available funding is never as much as is desired, it was important that
these goals be met in order to get the best value for the money. Funding for the
1553 capability was dual sourced. As part of its continuing program of
improvement and modernization of support equipment, WSMR funded the
TDHS. Since the 1553 requirement was unique to their program, SRAM II
provided the funding for TDHS modification.

This paper discusses the modifications implemented to meet the new system
requirements.

CONFIGURING THE SYSTEM COMPONENTS

Decommutation Subsystem Modifications

Since the MIL-STD 1553 data is embedded in a standard PCM data Iink, an
Asynchronous Format Synchronizer (AFS) will be added into an existing EMR
8330 Decommutator chassis to extract the 1553 messages, creating a
MIL-STD 1553 data stream in addition to the PCM data stream. The AFS card
can be inserted directly into the EMR 8330 chassis eliminating the need for
additional rack space. The resultant data link may be used for PCM with
embedded asynchronous data or MIL-STD 1553 data interchangeably.



Preprocessing Subsystem Modifications

The EMR 8715 Preprocessor will support up to 60 cards housed in up to three
chassis. The original WSMR unit includes 27 cards spread across two chassis
with ample space for necessary card additions as follows:

A Data Input Module (DIM) is required for each additional 1553 input
stream to support actual data entry and clocking into the unit.

A Data Decoder Module (DDM - physically identical to a Distributed
Procssing Unit) is required to establish an internal tag used to map
the incoming 1553 date

Data Selector Module (DSM) is required to assign the processing path for
the incoming data based on the tag assigned in the DDM.

The addition of Distributed Processing Units (DPU) is optional. These
units perform the actual data processing functions and are included
based on processing and speed criteria. Up to eight of these cards
may be included in a configuration and may be defined as a pooled
resource for processing or as part of a 1553 data path.

No additional Programmable Output Modules (POM) are required. The
seven existing POMs output data to the host computer (into a current
value array and logging buffers for data archival), DACs, discretes,
and external computers.

The preprocessor card set is mode up of input, data identification/routing,
processing, and output cards. The card set to be used, for a given application,
is defined via operator interaction with a configuration utility package. This
package allows the operator to customize the unit to meet the needs of a
particular test by defining the card set and the operational characteristics of the
various cards.

EXTRACTING THE EMBEDDED MESSAGES

MIL-STD 1553 Data Overview

The MIL-STD 1553 bus data is carried in a message format which utilizes
command, data, status, error, and time words, each of which is identified by a



four bit identifier. A bus controller directs bus traffic by issuing specific
commands to remote terminals (codes) or directs the remote terminal to send
or receive measured data values. The remote terminals respond by transmitting
or receiving the requested data along with status words denoting the results of
the communication. Time values are included in the messages to time tag the
command words and optionally to identify the response time of the data bus

Data Identification

The telemetry preprocessor supports a variety of hardware configurations and
data formats including on EMR 8330 Asynchronous Format Synchronizer input
carrying MIL-STD 1553 data.

Each MIL-STD 1553 message is initiated by a command word generated by
one of eight bus controllers. The preprocessor evaluates the command word
and identifies the message type as either a data transfer message or a ‘mode’
message. The command for a data transfer message contains the following
elements:

Remote terminal to send or receive data
Transmit/receive flag denoting whether the remote terminal is to send or
receive data Message identifier (also known as subaddress)
Transmission word count

The remainder of the message, specifically, data, status, and time, can be
identified based on the interpretation of the command. As each data word
occurs in the input stream, it is recognized, tagged, and passed to the data
processing unit (DPU) for specialized processing as defined by the user in the
parameter data base. The command for a ‘mode’ message contains the to
following elements:

Remote terminal to receive the mode code
Transmit/receive flag
Flag indicating that this is a mode message
Specific mode code (ranging from 0 to 31)

The remainder of the message, specifically, an optional data word, status, and
time, can be identified based on the interpretation of the command.



PROCESSING THE MIL-STD 1553 DATA

Data Base Interface

The processing of the incoming data by the Telemetry Data Handling System is
controlled by entries in a Parameter Data Base. A data base entry is created for
each parameter of interest in the incoming data stream(s). Each Parameter Data
Base entry contains the information required to identify a measurand, such as
multiplex location for PCM data. The elements required to identify a MIL-STD
1553 parameter include bus identifier, remote terminal address, transmit/
receive bit, subaddress, and word number (within the message for data words).

In addition to identifying the parameter, the specific preprocessing to be
performed on a given parameter is maintained in the data base. The processing
is defined by associating the parameter with processing ‘chains’. A processing
chain is created by the user to perform any set of up to 100 algorithms in a user
specified sequence. A different chain, tailored to the particular destination, may
be assigned for each of the seven output ports provided on TDHS. A typical
chain might include:

Compression algorithm(s) (In/Out of Limits, Bit/No Bit Change, N-Sequential, etc.)
Engineering units conversion (First Fifth Order Polynomial, Table Look up)
Limit violation detection (Upper/lower Limit Check)
Data output (to the assigned destination)

Data Acquisition

The TDHS data acquisition functions include initiating the independent,
asynchronous execution of the various realtime processes and turning on the
data channels for input into a current value array and logging buffers. The
current value array is a global common area which may be accessed by the
realtime processes as required.

Realtime Processing

The realtime processes initiated during data acquisition provide for data routing
from the host processor to any of six destinations: two line printers, the
preprocessor, a video graphics system, and two external computers. In
addition, the TDHS offers two forms of quick-look data presentations. An alpha-
numeric display presents the current processed value for up to 32 selected



parameters and a second display presents up to six selected parameters on a
scrolling strip chart style display.

Post Realtime Processing

The digitized telemetry data archived on disk or magnetic tape may be retrieved
and displayed to the user in two different forms. The first is on alpha-numeric
format in which the data for up to 32 parameters is presented in a formatted
display with a variable update rate. The second is an X - Y graph format which
plots selected parameters versus each other or versus time.

TESTING THE SYSTEM

Having created a telemetry system to process, acquire, store and provide quick
look presentations of MIL-STD 1553 data, it became necessary to develop a
data simulation capability for use in system) testing. The simulation facilities had
to be easy to use and offer a realistic representation of the live data formats.
The EMR 8336 Data Simulator (four of which ore included in the Telemetry Data
Handling System) offers both PCM and PAM signal simulation. The decision
was made to add 1553 message structures into the 8336 simulation set with
special attention to the combination of PCM with embedded 1553 data.

The existing simulation subsystem provides menu style setup of the basic
simulator features via the selections:

(1) General format definition
(2) Unique mainframe word definitions
(3) Unique supercom word definitions
(4) Subcom general format definition
(5) Unique recycle subcom word definitions
(6) Unique recycle supersubcom word definitions
(7) Waveform and function definitions
(8-15) User specified waveform definitions

A new selection titled “1553 message setup” has been added. This selection
presents the user with the appropriate meus to create up to 256 different
messages for each of eight MIL-STD 1553 busses. Messages are generated
and maintained on a bus basis. A given message is defined on a single page by
responding to a series of menu prompts.



The initial prompt allows the user to select the Message Format from the eight
choices presented:

Receive
Transmit
Mode (Receive)
Mode (Transmit)
Mode (No Data)
Mode (Broadcast)
RT - RT
User Defined

The remaining fields prompt for the elements of the message such as:

Terminal address
Subaddress/Mode
Word count/Code
Microsecond time (to associate with the command word)
# fill words preceding response
Response time word
Status word
# fill words following message
Data words (1-32)

The user entries are used to construct the basic command, status, time, and
data words. The Bus Identifier Definition, Identifier Label Definition, and parity
bit, as defined in IRIG 106 Chapter 8, are appended and the message
elements are placed in the appropriate sequence based on the specified
message type.

When message setup for all busses is complete and the data simulator is
loaded, the messages for all of the busses are interleaved and combined into a
single data table thus creating a more accurate representation of actual
MIL-STD 1553 bus traffic.

The MIL-STD 1553 messages are inserted into the simulated PCM stream by
defining selected minor frame words as unique (1553) words As each of the
selected words occurs in the simulated data stream, the next entry in the 1553
data table will be placed into the word slot. When the entire table has been 



output (asynchronously to the PCM frame), the table pointer is reset and the
sequence is repeated.

CONCLUSION

The upgrade to the Telemetry Data Handling System of White Sands Missile
Range has succeeded in meeting the primary goal by providing support for
embedded MIL-STD 1553 data with minimal system impact. The hardware
modifications required in both the Decommutation and Preprocessor
Subsystems have been accomplished by adding standard product cards into
existing chassis limiting design and cabling costs. The preprocessor
configuration utilities have been designed to allow for flexibility and growth and
readily accommodated the additional cards and functionality. The MIL-STD
1553 message interpretation approach utilized, allows the data to be identified
and taagged in the preprocessor and requires no special handling thereafter.
And finally, a simple method for the simulation of embedded 1553 messages
compliments the existing calibration and simulation philosophy.
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ABSTRACT

Rapid technology growth in the aerospace industry continues to manifest in increasingly
complex weapons systems and system driven weapons systems platforms which must be
supported in the flight test environment. This growth in complexity often surpasses the
capabilities of many ground based real-time and post-flight processing and display
systems, leaving these systems perpetually behind the power curve when compared to
data/information processing, presentation and distribution requirements set forth by
today’s flight test engineering community. Many flight test programs are accepting less
than optimal results from these systems, therefore, the amount of information presently
obtained (per flight hour) limits the results acquired during a test program, creating a more
costly test and evaluation budget. As an integral participant in the development and testing
of high technology aircraft and weapons systems, the U.S. Air Force Flight Test Center’s
(AFFTC) Advanced Data Acquisition and Processing Systems (ADAPS) development is
bridging the gap between requirements and capability by distributing current system
architectures to provide incremental performance upgrades in specific areas of need in lieu
of entire system replacements. This paper will discuss the current real-time processing,
distribution and display capability that exists at the AFFTC and the planned phased
upgrade of this tightly coupled system to a more flexible and extensible distributed
architecture that will be increasingly responsive to the dynamic nature of test and
evaluation of modern weapons systems and weapons systems platforms.

Key Words: Flight test, telemetry, real-time processing and display, distributed
architecture, telemetry preprocessor, engineering workstation.

NOMENCLATURE

ADAPS Advanced Data Acquisition and Processing Systems
ADS Acquisition and Display Subsystem



AFFTC Air Force Flight Test Center
CSS Control and Storage Software
DADS Data Distribution System
DAS Display and Analysis Subsystem
EU Engineering unit
FDDI Fiber Distributed Data Interface
FES Front End Subsystem
IEEE Institute of Electrical and Electronic Engineers
IFDAPS Integrated Flight Data Acquisition and Processing System
IRIG Inter-Range Instrumentation Group
MIPS Million instructions per second
NCGA National Computer Graphics Association
PCM Pulse code modulation
PDA Parallel disk array
PHIGS Programmer’s Hierarchial Interactive Graphics System
RMCC Ridley Mission Control Center
SCR Strip chart recorder
TPP Telemetry preprocessor
TSPI Time Space Position Information

INTRODUCTION

The Ridley Mission Control Center (RMCC) complex is critical to the conduct of test
and evaluation within the Air Force Flight Test Center (AFFTC). Continued upgrade of
the real-time acquisition, processing and display capabilities of the RMCC is essential to
support the ever evolving requirements of the flight test community. Current capabilities
limit the feasibility of accomplishing significant performance upgrades due to a tight
coupling between software and hardware. Therefore, significant increases in capabilities
can only be accomplished by periodic (every 5 - 10 years) replacement of the entire
system. It is impractical to redesign and reimplement an entire system only because a
specific component can no longer support the requirements. The systems development
engineering challenge being addressed in the ADAPS concept is to develop an
architecture that allows for incremental upgrades targeting specific capability
enhancements such as increasing the derived parameter computational capacity, on-line
data storage, or engineering workstation processing and display performance without
redesigning or replacing the entire system. This paper will address the AFFTC’s
approach to develop such an architecture.



CURRENT RMCC ARCHITECTURE

The Integrated Flight Data Acquisition and Processing System (IFDAPS)  is the primary1

real-time processing and display capability used within the RMCC to support flight
activities. Figure 1 represents a high level view of the IFDAPS system architecture. The
IFDAPS accomplishes acquisition, processing, archival, and display of data from flight
test vehicles. It also consists of three major subsystems: Front End, Acquisition and
Display, and Display and Analysis.

Figure 1 IFDAPS Architecture

The Front End Subsystem (FES) is responsible for telemetry preprocessing and provides
the necessary interfaces and processing to accept raw (unprocessed) telemetry data from
the RMCC Data Distribution System (DADS). The FES performs synchronization,
identification tagging, time tagging, and formatting for further processing. The FES also
provides data compression and minimal Engineering Unit (EU) conversions. The FES
outputs data to Strip Chart Recorders (SCRs) and the Acquisition and Display
Subsystem (ADS) for further processing and display.

The ADS is the primary telemetry processing component, within IFDAPS and
accomplishes acquisition, processing, and display of telemetry data according to user
specified parameters. The ADS accepts telemetry data (raw and compressed) from the



FES, performs limit checks and additional engineering unit conversions, and outputs data
to other IFDAPS components. The ADS also supports processing of discrete bits,
derived measurements, development of time sequenced history recording buffers, and
alphanumeric displays.

The Display and Analysis Subsystem (DAS) augments the computational and display
capability of ADS for large mission support, provides color graphic/alphanumeric
displays and hardcopy, and provides the primary real-time and recall display components
of IFDAPS. The Control and Storage Software (CSS) (resident on the DAS) provides
control over mission initialization, history recording media, run-file (Setup) distribution,
and provides a single operator interface for control of IFDAPS.

ADAPS CONCEPT

The Advanced Data Acquisition and Processing Systems (ADAPS) Concept was
developed to specifically address an architectural approach that will allow for efficient
incremental upgrades of IFDAPS and future systems as requirements evolve while
integrating existing and planned real-time and post-mission assets. The scope of the
ADAPS Concept includes:

! The acquisition, processing, and display of flight test information in real-time to
provide an efficient and cost effective capability to ensure safety of flight and
minimize the necessity of extensive post-mission processing.

! The incorporation of existing capabilities into a common architecture to minimize
redundant development.

! The maximum use of commercially available hardware and software whose
integration utilizes approved interface and protocol standards.

! The integration and handling of aircraft instrumentation data into a database
structure which is easily accessible and maintainable.

! The incorporation of data and calibration verification techniques to ensure the
accuracy of flight test data.

! The archival (history recording) of large quantities of data collected “in real-time”
to mass storage for the post-mission/analysis environment.



! The development of customized software to incorporate the use of standardized
development environments such as UNIX™, Ada, and graphics interface standards
(e.g. Programmer’s Hierarchial Interactive Graphics System (PHIGS)).

ADAPS RMCC DISTRIBUTED ARCHITECTURE

Figure 2 represents a high level “Distributed” system architecture, integral to the ADAPS
concept, to support a near term aggregate system throughput requirement of 5 megabits/
second and 300K samples/second. In addition, this architecture is designed to provide
growth to the unidentified requirements of the future without excessively long
development cycles between incremental upgrades in system performance. The key
functional aspects of this architecture include telemetry preprocessing, real-time display,
real-time data distribution, archival storage, auxiliary processors, and setup and control.

 Figure 2 Distributed Architecture



TELEMETRY PREPROCESSING

The architecture includes a state-of-the-art Telemetry Preprocessor (TPP). The TPP will
perform most of the functions currently provided by super minicomputers in many
systems. Inputs to the TPP include downlinked PCM, MIL-STD 1553, Time Space
Position Information (TSPI), and time. These TPP systems are distributed processors
consisting of specialized data acquisition hardware (i.e. PCM decoms, bit syncs, etc),
microprocessors (i.e. the Motorola 68000 family) for control and processing, and
peripheral interfaces. Command and control is provided by standard busses such as
VME, while high-speed data movement is provided by specialized (proprietary in most
cases) busses. This has resulted in the manufacturers migrating to an open architecture.
This in turn provides TPPs with the ability to interface to standard peripherals such as
disk drives, graphics workstations, and standard data distribution networks.

The TPP hardware provides for the processing of telemetry data from decommutation to
distribution of data over networks. History recording, at the TPP level, is becoming an
available capability. The open architecture of todays TPP manufacturers allows for the
incorporation of such state-of-the-art components as Parallel Disk Arrays (PDA) for
history recording. The PDAs offer gigabytes of storage at multi-megabyte/second transfer
rates. With the open architecture concept, new features such as the PDAs can be
integrated into the system, as they become available, without major redevelopment efforts.

This open architecture also extends to “off-the-shelf” software provided for the TPP. In
most instances, standard operating systems such as UNIX™ are being used to provide a
standard development environment. The TPP manufacturers are offering “first level”
setup software and libraries of functions that can be linked to the processing of
parameters. Also provided by most vendors is the capability to create custom algorithms
using higher order languages and the necessary utilities for compiling and debugging these
algorithms. The resulting algorithms can then be stored in the library where they become
available for other users.

REAL-TIME DISPLAY PROCESSING

The architecture provides for the use of low, rnedium and high performance engineering
workstations for the presentation of data to the flight test engineer in real-time. Real-time
display technology has evolved exponentially in the past 10 years from relatively “dumb”
text terminal to high performance microprocessor based “graphics workstations” capable
of rendering three dimensional images in real-time with no host processor involvement
and, additionally, providing upwards of 160 MIPS of compute power available to add to
the host processor capability.



By distributing this real-time display processing to devices specifically designed to
efficiently handle those requirements, the host/auxiliary processor is relieved of the
responsibility of deriving, formatting, and maintaining real-time data presentation
structures, thereby providing more compute power at the host for manipulation and
derivation of data to be displayed to the user (i.e. derived parameters, user oriented
calculations, etc).

Utilizing the wide variety of capabilities offered by the engineering workstation community
of vendors is a logical step in the direction of distributing the workload of a flight test data
acquisition and display system to technologically specialized components (as with the
TPP) for each definable function. These features will allow for a generic display capability
that can adapt to changing mission requirements.

As is reflected in the National Computer Graphics Association’s (NCGA) Integrate
Initiative and demonstrated in the NCGA’s Integrate ’90 “Solutions for the Information
Age,”  the engineering workstation community is migrating towards standardization in the2

exchange of graphical information. Utilizing standards such as PHIGS and X Windows™
allows for the development of software which can be ported to the next generation of
display devices without major redevelopment.

REAL-TIME DATA DISTRIBUTION

The most critical aspect of distributing processing in a real-time environment is the
method by which data is presented to the processors to perform their functions. The
method chosen should not significantly burden any computational device in the system
unless that device is specifically designed to act as a file or data server. There are two
primary methods typically used to accomplish distribution of data for processing: 1) a
hardware point-to-point link (e.g. RS232, IEEE 488, etc.), or 2) a network link (e.g.
Ethernet, Hyper-channel, Token Ring, Fiber Distributed Data Interface (FDDI), etc.). The
network method is inherently slow (given today’s technology) and tends to bog down
when many nodes are placed on the network. The point-to-point link is considerably
faster, however there are many physical constraints associated with them (e.g. slots
available in the computers, cable spider webs, etc).

A relatively new method of data distribution is a memory-to-memory link. The memory-
to-memory link has the least performance impact on the host and workstation. It is a
transparent non I/O path through which data can be transmitted. Similar to shared
memory, this type of link is not processor dependent and provides the most efficient
method of sharing data. Development of these links is in progress by several vendors and
reliable and field proven versions should become available in the near future.



Regardless of the high speed data transfer media selected, maintaining a second data
transmission path such as Ethernet is desirable. This implementation will allow for
separate setup and control of the system in a manner independent of the high speed data
path. Therefore, high speed data transfer is accomplished efficiently without being
interrupted by the setup and control function and additional flexibility is also attained.

AUXILIARY PROCESSORS

The architecture includes the ability to incorporate auxiliary processors (computers) on
the network to provide necessary additional compute power as required for highly
specialized mission requirements. Distributed architectures have significantly off-loaded
host processors from many of the time consuming functions they have classically
performed. The intent of this design is to move away from the necessity of continually
upgrading to bigger, faster, and more powerful host computers to meet the ever increasing
demands of the future.

Using distributed architectures, the function of the host processor becomes that of an
auxiliary processor. In addition, this architecture is intended to remove, as much as
possible, the dependency on a single vendor’s computer. With this distribution of
responsibilities accomplished, the auxiliary computers are left with a set of functions
which could be performed by a variety of computer vendors in the industry. At this point,
selection of the appropriate auxiliary computer system can be a full and open competitive
procurement to select the most appropriate system to meet the processing and interface
requirements for auxiliary processing.

Utilizing a distributed architecture including high speed single board computers and
computation intensive special purpose processors such as transputers allows the mission
support system developer to accommodate in real-time or near real-time many
computational and analysis requirements that have heretofore been accomplished in a
post-mission processing environment. These computational and analysis requirements
include complex propulsion system analysis algorithms, models and simulations, random
data analysis (spectral, cross-spectral and covariance analysis), phase and gain margin
estimation and determination, real-time comparisons of simulation and flight test data,
trajectory/guidance analysis and command, avionics bus traffic analysis, fire/flight control
system analysis, expert system aided airborne systems analysis, navigation system
performance system analysis, space position solution derivations, structural/dynamics
analysis and expert system aided mission control.



SETUP AND CONTROL

The architecture includes an engineering workstation to perform automated setup and
control of the system which is designed to integrate the system setup and control function
and provide a single operator interface to the system. This operations workstation will
centralize and standardize control of the entire mission support activities and provide the
operator with current information on the systems operational functionality and allow for
reasonable interactive control of system functions and resources. In addition, a function
of the setup and control environment is the allocation/reallocation of applications to
processors as a result of processor failure or performance adjustments.

The environment will be a graphical user interface to provide a setup process which will
be easy to use and self-verifying to minimize operator error. The operations setup process
functions will consist of maintaining flight histories for equipment setup, graphical
workstation display setup, interactive diagnostic capability, and status, performance, and
resource monitoring of system functions. Through the use of the central operations
console, the operator can easily make changes to front end setup data, monitor system
performance or run diagnostics to troubleshoot system problems. All of these operations
will be performed through a unified user environment. A planned objective of setup and
control will be to provide these capabilities independent of different vendor hardware,
although initially these capabilities will be demonstrated using existing vendor
components.

PROOF-OF-CONCEPT PROTOTYPE DEVELOPMENT

Proof-of-Concept Prototype Development is a critical aspect of the ADAPS concept.
This development phase will provide the AFFTC with the ability to demonstrate and
evaluate state-of-the-art hardware and software, integrate these components in an off-line
environment, and develop specifications that will clearly identify system performance
characteristics. Major objectives of the proof-of-concept prototype endeavor include
accomplishment of performance upgrades and system testing within an environment that
will not disrupt ongoing operations, stimulation of the innovative solutions to satisfy future
support requirements, and refinement of specifications for competitive acquisition of
hardware and software components and subsystems to be integrated into operational
systems.

Frequently, specifications for acquisition of new capabilities do not accurately reflect the
true needs of the user community. This does not imply that the requirements gatherers
have done a poor job, rather that it is extremely difficult to answer the question “What
capabilities do I need?” when it is not clear “What capabilities exist for me to choose
from?” By utilizing the proof-of-concept prototyping approach, we can obtain a clear



definition of what industry has to offer today and thereby, more clearly identify what is
really needed. In many instances, user are not cognizant of advances in the industry which
may provide new and innovative ideas to accomplish their tasks.

The proof-of-concept configuration is a scaled down version of the overall distributed
architecture discussed previously. Scaling down of the system architecture is
accomplished for two reasons: 1) the complete configuration is not required to
accomplish the stated objectives and 2) development of the proof-of-concept prototype
environment can be accomplished with a minimal investment. The system architecture
developed in the proof-of-concept activity (see Figure 3) represents this scaled down
capability.

Figure 3 Prototype System

This overall capability provided within the proof-of-concept prototype system includes a
Telemetry Preprocessor (TPP) to process incoming data streams, low and mid range
engineering workstations for real-time graphical and alpha/numeric information display,
real-time Data Distribution via Ethernet/FDDI, a Setup and Control Workstation, and an
auxiliary processor (future). These activities will involve purchasing off-the-shelf
commercial components (hardware and software), integrating these components together,
developing custom software to augment the general commercial software with specific
applications and finally integrating the custom and commercial components together.



The Telemetry Preprocessor component of the system will consist of a standard open
architecture commercial TPP system including the required processing and setup
software, The characteristic that constitute the TPP include the following:

! Distributed architecture

! Maximum use of off-the-shelf hardware and software

! 2 PCM streams, one capable of PCM, embedded 1553 or exclusive 1553 data
support

! Record raw input, engineering units, and/or derived parameters to disk

! 800 Mbytes of mass storage

! One workstation (setup and control)

! System software to perform setup, performance monitoring, algorithm
development, diagnostics and display building

! “C” language development environment

! 32 digital to analog converters for output to strip chart recorders

! IRIG time input

Real-time Display Processing utilizing graphics workstations is be performed on two
different vendor products providing different capabilities. These two workstations will
demonstrate different performance characteristics for particular display applications and
investigate software transportability between different workstation platforms. The
workstation requirements were divided into two categories: 1) The Mid-Range
Workstation with CPU performance of 13 MIPS and graphics performance consisting of
24 bitplanes allowing for 12 bit double buffering, 400,000 three dimensional
vectors/second, 90,000 polygons/second, and 135,000 triangles/second. The polygon and
triangle performance numbers are defined as 24 bit color, double buffered, lighted,
Gourand shaded, and Z-Buffered. 2) The Low-Range Workstation with CPU
performance of 12.5 MIPS and graphics performance consisting of 8 bitplanes, 400,000
two dimensional vectors/second, and 175,000 three dimensional vectors/second.

A Silicon Graphics IRIS 4D™/85 GTB was selected as the workstation to represent the
mid range capability and a Sun SPARCstation™ 1 GX to represent the low-range 



capability. These systems were acquired through a competitive acquisition process and
are representative of the systems currently available as commercial products.

Display prototyping will be accomplished and make maximum use of off-the-shelf
commercial application prototyping (graphical modeling system) tools. The primary tool
under evaluation for development of the basic display capability is DataViews™ by VI
Corporation. In addition to displays developed with prototyping tools, specific custom
application displays will be developed. Software will be developed in a manner that is
transportable (with minimal changes, i.e. recompiling and linking) between the
workstations. Custom display software development on these workstations is also being
accomplished in Ada to enhance portability to additional workstation platforms and
maintainability over the life cycle of the software.

One outcome of the display development is to produce a standard interface specification
to the graphics workstations. As a result of this specification, the graphics workstations
will be able to be connected to other real-time systems, once the hardware and software
design requirements of the interface specification are accomplished.

Real-Time Data Distribution is currently implemented utilizing Ethernet as the prime data
transfer media. As a result of the restrictions in using Ethernet, upgrade to FDDI hardware
and protocol or a memory-to-memory link is presently under consideration.

Development of a setup environment that is independent of vendor hardware will be
critical to implementation of the ADAPS Concept. This environment will serve as the link
between a standard user interface and the multiple subsystems that make the Real-Time
Processing and Display System. This environment will also provide the mechanism by
which flight histories are created and maintained.

Future growth of the proof-of-concept prototype also allows for integration of an optimal
auxiliary processing environment. This will include the capability for dynamic reallocation
of processes in the event of an auxiliary processor failure. The hierarchy of processes
would be defined from the Setup and Control function at the operations workstation. This
environment can be added when requirements dictate and resources are identified.

CONCLUDING REMARKS

Distribution of critical processing functions is essential to sustain the required response of
a mission support system. A number of commercially available products designed to
provide a cost effective solution to meeting specific flight test and evaluation requirements
are available that enhance development of state-of-the-art Real-Time Processing and
Display Systems and significantly reduce the need for custom development. No longer are



larger and larger host computers required when developing or upgrading Real-Time
Processing and Display Systems. In fact, as demonstrated in this paper, a host processor
should only be used for very specific processing functions not designed to perform in the
TPP or workstation environments.

The distributed architecture presented in this paper was developed and configured to meet
the unique and demanding requirements of the Air Force Flight Test Center flight test and
evaluation activity. The nature of the extensible ADAPS architecture allows for the future
incorporation of increased generic computational/analysis requirements and project
specific mission support requirements in an evolutionary manner without major system
redevelopment or replacement. Tailored variations of this development are easily
implemented in other environments that process and display information in any fixed or
mobile facility acquiring, processing, distributing, and displaying test information in
real-time.
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Introduction/Abstract

This paper discusses the benefits of using UNIX in a telemetry and satellite
control product and some specific features implemented in UNIX-based
workstations and file servers. Features discussed include real-time disk
archiving and playback using UNIX and single-point-of-failure issues.

Benefits of UNIX

The two benefits of using UNIX are the extensive amount of industry software
standards available and the tremendous price/performance of the UNIX
hardware platforms.

Standards enhance portability and allow a developer to use large software
building blocks in constructing an application. There is also a large pool of
trained and highly talented engineers that know how to work with these software
building blocks. Virtually all UNIX-based workstations and file servers support
the following standards and defacto standard software building blocks:

# “C” Compiler
# TCP/IP Networking Software
# Network File System (NFS) for transparent file access across a network
# X Window System Graphics
# Remote Procedure Call (RPC) for interprocess communication on a

heterogeneous network
# External Data Representation (XDR) for interprocess communication on a

heterogeneous network
# SQL-based relational databases

The System 500 product uses, in varying degrees, all of the standards above.



Another key reason for using a UNIX platform is to leverage leading edge
workstation and file server hardware performance in a commercial product.

In order to compete in the UNIX marketplace, computer manufacturers must
keep up with the leading edge hardware price/performance. By using UNIX-
based workstations and file servers, a commercial product rides the technology
wave. The price/performance of the new DECstation 5000 is a good case in
point.

The DECstation 5000 is a 24 MIP CPU (24 times faster than a VAX 11/780) that
can be configured with 120 MB of memory up to 7.2 GB (six 1.2 Gbyte disks).
The list price of the CPU with 16 MB of memory and a 19" 8-plane color monitor
is $29.5K. Third party SCSI 1.2 GB disks can be purchased for under $5K. This
level of competitive pressure does not exist in the proprietary operating system
marketplace. A DEC VMS-based workstation in the price range of DECstation
5000 buys approximately 3 MIPS and memory expandable to 32 MB.

Archive Functionality

The System 500 product consists of one or more telemetry/satellite control
front-end processor chassis connected by Ethernet to one or more UNIX-based
workstations or file servers. The System 500 has a fully distributed architecture
that allows front-ends and workstations to be incrementally added to the
network. The product is unusual in that it includes a UNIX-based archiving
capability.

Users access archiving capabilities by selecting the Datafile Manager option
from a mouse-driven menu interface. The Datafile Manager is a state-of-the-art,
X Windows-based interactive display. Figure 1 shows an example of a Datafile
Manager display.

The user interacts with the display by making selections from a menu. The
Datafile Manager allows the user to select the gather type, rate, box, file size
limit, and parameters.

The gather type is used to select how the data is collected in the telemetry
front-end and how it is sent over the Ethernet network to the workstation or file
server. The gather types supported include CVT, STATGAT, and GATALL.



The CVT sends the current value for selected parameters at the time interval
specified by the rate value. The STATGAT sends the minimum, maximum,
average, current value, and number of samples read for the specified
parameters and the specified time interval. The GATALL data gather sends all
samples of the specified parameters. The box selection is used to specify from
which front-ends on the network data is to be collected.

Once the user selects the desired setup options, he saves the setup selections
in the database under a unique name. Once a setup is saved, the user can then
start archiving into a data file by using an arm command. The archiving continues
until the user issues an unarm command or the data file reaches a user-
specified size limit. The Datafile Manager provides data loss failure information
to the user, thus giving the user confidence in the integrity of the archiving.

In addition to the standard gather types described, the end user can write his
own gathers. The user-created gathers are simple “C” language routines written
for the Field Programmable Processor (FPP). The FPP, an embedded RISC
processor in the front-end, is used for real-time processing and gathering. A
user-created gather need not deal with network protocols; the “C” code simply
performs a UNIX-like write request. The write request causes the data to be
transferred from the front-end to a workstation or  file server. The Datafile
Manager display supports archiving for user-created gathers. In addition, there
are workstation/file server “C” programmer interfaces (DGLIB) for initializing a
gather, suspending a gather, resuming a gather, and terminating a gather. The
end user uses the DGLIB to interface his workstation or file server software to
front-end telemetry data and to interface to third party software packages.

Playback Functionality

The Display Builder allows users to create custom real-time, quick-look displays
with a set of graphic display objects such as bar charts, strip charts and current
value boxes. All such created displays have a data file button. Users can
dynamically switch between real-time quick-look and data file playback by
pressing the data file button. The user can playback a data file while recording is
in progress. After pressing the data file button, the user selects the name of the
data file to be viewed. The user can optionally select a start and end IRIG time
for viewing portions of the data file. After the data file is selected, a scroll bar
appears. The user uses the mouse to move the slider on the scroll bar which in
turn moves through the data file and display points on the screen. The data can
be played back in both forward and reverse directions. Users can play back data



a single point at a time in forward or reverse direction by simply clicking the
mouse button on the right and left direction arrows on the scroll bar. Note the
single stepping maintains the exact order the data had in real-time. A user can
have two identical quick-look displays on the same screen with one display
showing real-time data while the other display is showing recorded data.

The real-time, quick-look displays also support a history buffer for reviewing the
most recent (n) real-time samples that have been displayed. The value of (n) is
user configurable. The user activates playback of the history buffer by pressing
the playback button on the display. Once activated, a scroll bar appears. The
scrolling works in the same manner as the data file scroll bar.

The quick-look displays have a data loss indicator. A data loss bit map picture is
displayed if data loss occurs and a border around the data loss bit map picture
is latched to indicate data loss history. A mouse click clears the data loss latch.
The data loss indicator feature is intended to give the user confidence in the
integrity of the data being he is viewing. Figure 2 shows a sample Display
Builder screen.

Design

The data file implementation relies heavily on UNIX-based features such as
TCP/IP and NFS. Figure 3 shows the data paths for archiving. A FPP-based,
user-created gather algorithm in the front-end collects the data to be archived.
When the gather is ready to transmit data from the front-end to the workstation
or file server, the FPP gather algorithm transfer function executes a UNIX-like
write. The Ethernet processor software then transfers the data to the requesting
workstation, using the UDP protocol. Data can also be sent reliably using a
simple ACKing on top of the UDP protocol. The reliable transmission incurs a
5% overhead.

The design supports a fully distributed architecture. Any workstation or file
server on the network can archive data. In a file server configuration, any
workstation on the network can initiate archiving on the file server. For
redundancy, a front-end can have two identical gathers running, with each gather
sending its data to a different workstation or file server on the network.

NFS-mounted files can be used for the locations where data files are recorded,
allowing other workstations on the network to transparently access the data files,
even during recording. NFS allows the Display Builder data file playback display



to read across the network just the data required to drive the display. In
playback, this avoids having to copy an entire data file file across the network.
The data file formats are straightforward and are documented so that end users
and third party software packages can access the files.

The UNIX workstation-based archiving performance is limited by LAN speed
and by the protocol used on the LAN. The UNIX-based archive is not intended
to replace high-speed disk archiving in the front-end. In fact, the UNIX archiving
can nicely complement front-end, real-time, high-speed disk archiving. During
postprocessing, the UNIX archiving can be used to upload the data from the
front-end, high-speed disk to the UNIX workstation for analysis.

UNIX I/O and Process Scheduling

The UNIX kernel uses I/O buffers to optimize disk I/O. The I/O buffer size for a
specific configuration is primarily a function of total memory and code size. On
state-of-the-art workstations, this buffer size ranges from 4 MB upward. With the
use of an elevator algorithm, data is written into the I/O buffers and actual I/Os
are reordered to optimize head movement. The I/O buffer allows a workstation
or file server to handle burst data since the data is first written to memory. When
playing back archive data concurrently with recording, the read operation checks
the I/O buffers for the required data. If the data is found in the I/O buffers, no
disk read operation is required.

UNIX was originally implemented as a time sharing operating system. Several
computer manufacturers have added priority real-time extensions to the kernel.
There is currently an IEEE UNIX real-time standardization effort underway. The
UNIX archiving feature described in this paper does not require any real-time
extensions.

The following section explains how the UNIX archiving works with a UNIX time-
sharing operating system.

# The workstations and file servers are not used as general purpose, time-
sharing machines but as special purpose telemetry application processors.
As such, the worst-case workstation process loading and process delay can
be empirically derived.



# The FPP is a real-time RISC processor with 512 kB of code and data
memory. The FPP memory is currently being expanded to 2 MB. There can
be up to 8 FPPs in a single front-end. The FPP memory provides the
required buffering if the workstation falls behind. The buffer size is a function
of the data archiving rate and the worst-case workstation file server process
delay.

# The front-end Ethernet processor and workstation Ethernet must be able to
burst data to catch up if the archiving workstation ever falls behind. The burst
rate should ideally be able to empty the buffer within one second.

Single Point of Failure

Satellite applications and some telemetry applications have a requirement that
no single point of failure exist. The System 500 product satisfies this
requirement with a dual logical network configuration. A logical net consists of at
least one workstation or file server and at least one front-end. There can be any
number of logical networks on the same physical Ethernet. In the dual logical
network configuration there is one file server on each logical net. Any
workstation on the Ethernet can control and display data from any front-end on
either logical network. In satellite applications and some telemetry applications,
it is not acceptable to allow any user on any workstation to control any front-end.
The graphical resource allocation display allows a user with the proper access
level to allocate and deallocate specific workstations and front-ends for
exclusive use.

There are three critical components to consider in the single point of failure
issue:
# Workstation
# File Server
# Front-End Telemetry/Satellite Processor Hardware

In the event of a failure at a workstation, the user can recover by logging onto
any other workstation on the network (since any workstation on the network can
control any front-end).

A failed file server causes the system to run in a degraded mode. Specifically,
the front-ends controlled by the crashed file server cannot have their hardware
setup data base modified. The front-ends continue to send redundant archive
data to the other file server. Quick-look telemetry displays continue to be
updated on workstations and satellite commanding by the workstation continues.



The front-ends that were controlled by the crashed file server can be switched
over to the other file server. The switch-over does require downloading the
hardware setup data base again and is accomplished via the resource allocation
display.

By downloading a setup from a backup front-end, a user can recover from a
crashed front-end. If no delay can be tolerated, two front-ends can be
downloaded with the same setup, with the second front-end used as a hot
backup. Note that on a single workstation screen, the user can display data and
control two front-ends that are on different logical networks.

Conclusion

The availability of UNIX-based standard software building blocks as well as
leading edge UNIX hardware platform performance continues to make UNIX a
very attractive platform for telemetry and satellite control products. This paper
has presented a brief description of some features of one such product, Loral
Instrumentation’s System 500.

© 1990 by Loral Instrumentation

Figure 1. Data File Manager Display





Figure 3. Archive Dataflow Diagram



The Research on Optimization of DPSK Errors Propagation

Wang Mukun, Xu Bingxing, Zhou Tingxiag
Harbin Institute of Technology

Abstract: This paper put its focus on the errors propagation given by Differential phase
shift keying (DPSK below) in industrial telemetering systems. There is analytical,
comparative and calculative work about DPSK signals formed with different encoding
moduses and about their errors propagation after demodulation.

1.  Introduction

In industrial telemetering systems telemetered information is usually transmitted by
modem over voice channels of Super High Frequency. To raise velocity of information
transmission 4DPSK is often programmed. It is well-known, that the extraction of
demodulator coherent carriers produces two possible phases 0 or B, when an absolute
phase modulation is uses. And this causes the received code elements to be possible
values of two kinds, which is called the phase ambiguity. But the problem of the phase
ambiguity can be solved with the application of DPSK, in which the differential encoder
and decoder and etc. are introduced. Without such code translation errors at any digit
give their influence only to their own position, but in conformity with such code
translation errors at any digit will influence not only upon their own isolated position. The
phenomenon of such influence mentioned just now is defined as error propagation.
Therefore, to analyse the error propagation in the DPSK system is very important not only
for designs of systematical norms, but also for determination of code translation
programs.

2.  The Logical Dependence in Differential Decoding

It is known, the four numerical values, obtained for the carrier phases oi quadriphase-
shift keying signals, are N  +0, N  +90, N  +180 and N   +270, where N   is the initial0  0  0   0    0

reference phase. Therefore carrier phases can be expressed by the four-digit system,
whose unchangeable correspondent order is 0, 1, 2, 3. In this case it is required to change
the input data of the binary system into the fourdigit one. In doing so, it is necessary to
group binary numerical data by double bits, each of which is called a dibit code element.
As a result, there are four kinds of combination obtained, 00, 01, 10, 11, where the first
bit is expressed by A , and the second by B . N   is identified with a fixed value ini      i  0

quadriphase-shift keying signals, neverteless, in differential quadriphase-shift keying



signals N   is an unfixed one. That is, the value of N   is taken according to the procesure0           0

for the following four-digit code element to refer to the ending phase of the preceding
code element. In this case information is suggested by the value difference between the
two proximate code elements. The correspondent relation between four-digit numerals
and dibit code elements is classified as the logic of natural codes and the logic of cyclic
codes. The phase logic of 4 DPSK is given in Table 1, where S  stands for absolutei

natural codes of four-digit system and it can he changed into D , the relativistic codes ofi

four-digit system after differential encoding. But S  stands for absolute cyclic codes ofgi

four-digit system, which are changed into D , the relativistic codes of four-digit systemgi

after differential encoding.

Table 1

According to the correspondent relation between natural codes and cyclic codes in
Table 1, we have:

(1)

(1) shows the transformational relation of natural codes and cyclic codes from each other.
On the basis of Table 1 we can have the 4 DPSK formation system of natural codes and
the cyclic ones, shown in.Figure 1.

Figure 1



According to the transformation between natural codes and cyclic ones, not only 4 DPSK
system of cyclic codes can be formed by using the modulatory modus for natural codes,
but also 4DPSK system of natural codes can be formed by using the modulatory modus
for cyclic codes. For example, the system related to Fig.1(b) can replaced by the system
shown in Fig.2.

Figure 2

And from Table 1 we have:

(1')

In Fig.1 (a) the modulator of natural codes refers to absolute phase-shifting of differential
natural codes against carriers, after which wave-modulated 4 DPSK of natural codes is
received from output:

(2)

From (1') and (2) we have:

(3)

On the same account we have:

(4)



Following (3), the correspondent relation between the input dibit code elements and the
output dibit code elements over through the diffence encoder of natural codes can be
found as:

Due to the same consideration

If the three preceding formulas are integrated into (3), the following will be obtained:

Here the left A  and B   both are binary numerals. In order to equalize the coefficients over'  '
i  i

the equality above before weighting, the right-hand mod-4 addition in the two brackets are
to be changed into mod-2 addition, which refers to binary numerals. But after mod-4
addition being changed into mod-2 addition, if the sum of lower bit is more than 1, it is
necessary to be carried into the next upper bit position. It follows:

(5)

and the logic circuit of difference encoder of natural codes is gained from (5), for we can
transform (5) into the following:

(6)

(6) is the logical form for the diffference decoder of natural codes, from which we have
the circuit structure of differential decoding as follows:

Figure 3 Defference Decoder of Natural Codes



Taking the analyses above into account, the logical forms of difference decoder of cyclic
codes can be expressed as follows:

(7)

(8)

3. Analyses and Calculation on Error Propagtion

The specific function of difference decoding causes errors of an input sequence at
any digit to propagate to any other digit of an output sequence. The error propagation is
conformed to error patterns of the input sequence, and different error patterns suggest
different error propagation. To simplify our discussion let suppose that the error
probability of two independent input sequences {A } and {B } are drawn as P =P =P,'   '     '  '

i   i     Ai  Bi

then usually there will be two kinds of errors: or the randon error or the burst error. As for
the error pattern, it can induced as: One-digit successive errors in a number of n, two-digit
succesive errors, n-digit successive errors. Supposing that D , D ,þ,D  are the error1  2 k

number of all kinds in the output sequence {A } or {B }, formed after differentiali   i

decoding of the input sequence with such error patterns {A } or {B }, the error probability'   '
i   i

of the output is expressed as

(9)

Here P  is the probability of K-digit successive errors in any input sequence, andk

(10)

Now, using (9) and (10), we shall calculate the error probability of the differential decoder
of cyclic codes, shown in Fig.1(b), and the error probability of the differential decoder of
natural codes plus natural-cyclic translation, shown in Fig.2. First let solve the error
probability of Fig.2's decoder. The principle framework can be shown as in Fig.4.

Figure 4



Following (6) and (1), we have:

(11)
(12)

(11) and (12) are the logically related forms for the differential decoder of natural codes
plus natural-cyclic translation. Calculation of the error probability in the process of code
translation can be arranged in the following way: The first step is to evaluate P ; theAg

second step is evaluate P ; the last step is to evaluate the average error probability ofBg

each code element in the output sequence.
The first step: On the basis of the logically related form for decoding (11):

and let:

then (13)

(13) implies that since X  = ArA  and the error probability of {x } sequence is ini  i i-1      i
' '

conformity with the error pattern of {A } sequence, A  can be regarded as code'
i   gi

translation of the simplified mod-2 addition of X  and Y . Consequently, P  and P  can bei  i   xi  yi

evaluated respectively as follows, with '0' referring to the error-free code elements and 'X'
to the error code elements:

{A } sequence with an error at one digit 0 X  0'
i

{A } 0 X 0'
i-1

The propagation of {X } X Xi

{A } sequence with succesive errors at two digits 0 X X 0'
i

{A } 0 X X 0'
i-1

The propagation X 0 X
All explanation performances above show:

D  = 2; P  = (1-P)  @ P2   2
2  2

On the analogy of the device, D  = 2, P  = (1-P)  @ P  can be reckoned up when {A }n   n          i
2  2

sequence has succesive errors in a number of n. Giving coordination of the results above
to (9), we have:



Here when n>>1,

P  = 2P - 2P  (14)xi

and because the channel error probability P<<1, (14) is proximately:

P  = 2P (15)xi

In the meanwhile (14) indicates that the output error probability is nearly doubled after the
simplified mod-2 additional operation and differential decoding.

Next we are to turn out the value of P . It is necessary to have some operations foryi

code translation as Y  = B  B . Because B  = BrB , accordingly,i  i i-1   i  i i-1
'     ' '

(16)

In particular, the phenomena about errors of B'  and B  giving errors to Y  are displayedi  i-1    i
'

in Table 2, here Y  means Y  with errors:i  i

Table 2
It seems that in Table 2 there are two kinds of condition which are accountable for Yi

having errors, first, if  B&'  and B  both fall into errors, the identity of B&'  with B  givesi-1  i-1        i  i-1
'           '

errors to Y ; second, if either B&'  or B  falls into errors, the equality of right B&'  or B  to 1i     i  i-1        i  i-1
'           '

gives errors to Y . Except what mentioned above, in any other case, Y  will not meet with'
i          i

errors. Hence, the evaluation step is as clear as follows. It is seen from (9) the key point is
to evaluate D  when sequence {B } has different kinds of error code length n. The way ton   i

'

evaluate D  is: first,supposing n to be a specialized value, there will, be 2  kinds of suchn
n

errors, each of which has 2  probability of occurence. Then from the analysis of two-n

conditions to give errors to Y  mentioned above, it is able to calculate the digit number ofi



error codes in each case, and it is required to have statistical mean under the
presupposition of equal probability.

When n= 1, the error form will be to [0 X 0], and each code position seems to have
two kind of value, that is '0' and '1'. As a consequence, there will be 2  = 8 kind of3

possible combinations, each of which meet the probability of 1/8. First, we should seek
for the digit number in Y  in these 8 combinations, then for the statistical mean, throughi

which D  is obtained. In table 3 there are 6 kinds of the combinations where B&'  and Bi              i  i-1
'

give errors to Y  in the condition of n= 1:i

Table 3

From Table 3 we have the statistical mean value of D :i

When n = 2, the error form displays as to [0 X X 0], where exist 2  = 16 combinations,2

each of which meet its probability of 1 / 16. Using the similar method as we have in the
condition of n = 1, it is possible to evaluate the statistical mean value of D , which is the2

result of the error propagation in 16 combinations. for example:

It is clear that in the combination of ( 0, 0, 0, 0) the number of error codes D  = 1. By2

using the method of same kind we can find out the number of errror coeds, which the
other 15 combinations give to Y . Thus, the statistical mean value for D  is:i        2



When n= 3, the errors give a form as [0 X X X 0], where exist 2  = 32 combinations, each5

owhich meets the opportunity of occurence with the probability of 1 / 32. Keeping on
with the same procesure we get the statistical mean value for D ,3

D  = 2.523

From the reasoning and calculating above it is seen that D , which refers to the result errorn

propagation of {Y }, has a little increase with the increase of successive-error digit ini

{B&' }, and P , related to n-digit successive errors, will be decreased sharply by P  with thei   n
n

increase of n. Consequently, (9) can be expressed proximately as:

P  =D P  + D P .P(1-P)  + P (1-P)  X 1.44 = P-0.5P (17)yi 1 1  2 2
2  2 2    2

From (13) it is known:
A  = x  + ygi  i  i

P  = P(X  Y&  ) + P(X&  Y ) = 3P-3.5P  + 2PAg  i i   i i
2  3

Because    P<<1,  P  = 3PAg

Then we inquire for P : (12) should be further simplified as:Bg

B  = (ArA )r(B&'  @ B  B +B&'  B&' @ B )gi  i i-1 i  i i-1 i i-1  i
' '   ' '   '

= (ArA )r(B&'  @ B (18)' '   '
i i-1 i-1  i

Making a comparison between (18) and (13), the first half part is identified completely,
but the second half part is in a different order: in (13) is put as B&'  @ B , in (18) is put asi  i-1

'

B&'  @ B . Reasonably, the value of the error codes amounts to each other equally betweeni-1  i
'

(18) and (13). Therefore, we have:

P  = P  = 3 P (19)Bg  Ag

and the statistical average value of P  and P  is the average probability of error codes inBg  Ag

the output sequence.

P  =(3P + 3P) / 2 = 3P (20)e

Now we are to calculate the error probability of the differential decoder of cyclic codes.
With the operative principle of the differential decoder of natural codes, given in (7)

and (8), it seems that in the sequences {A } and {B } we have an equal error probability,gi   gi

whether A' rB'  is equal to '0' or to '1'. And from (14) we know:g(I-1) g(i--1)



P  = B  = 2P - 2p  = 2P      (P<<1)Ag  Bg
2

Thus, in the output sequence of the differential decoder of cyclic codes, each code
element has such an everage error probability as

P  = 2P (21)e

Conclusively speaking, from the analyses we can see that the differential decoder of cyclic
codes has a favourable performance in the aspect of error propagation.
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Advanced Satellite Workstation

An Integrated Workstation Environment for Operational
Support of Satellite System Planning & Analysis

Marvin J. Hamilton
Stewart A. Sutton

The Aerospace Corporation
Los Angeles, California

Abstract

This paper describes a prototype integrated environment, the Advanced Satellite
Workstation (ASW), that has been developed and delivered for evaluation and operator
feedback in an operational satellite control center. The current ASW hardware consists of
a Sun Workstation and Macintosh II Workstation connected via an ethernet Network
Hardware and Software, Laser Disk System, optical Storage System, and Telemetry Data
File Interface. The central mission of ASW is to provide an intelligent decision support
and training environment for operator/analysts of complex systems such as satellites.
There have been many workstation implementations recently which incorporate graphical
telemetry displays and expert systems. ASW is a considerably broader look at intelligent,
integrated environments for decision support, based upon the premise that the central
features of such an environment are intelligent data access and integrated toolsets. A
variety of tools have been constructed in support of this prototype environment including:
an automated pass planner for scheduling vehicle support activities, architectural modeler
for hierarchical simulation and analysis of satellite vehicle subsystems, multimedia-based
information systems that provide an intuitive and easily accessible interface to Orbit
Operations Handbooks and other relevant support documentation, and a data analysis
architecture that integrates user modifiable telemetry display systems, expert systems for
background data analysis, and interfaces to the multimedia system via inter-process
communication.

Executive Summary

The Advanced Satellite Workstation (ASW) project was conceived as a mechanism
for demonstration of advanced information technology as applied to satellite support
activities. Initial prototypes concentrated on providing graphical telemetry displays



(“electronic strip-charts”) and very specific expert system modules for anomaly
diagnosis. As experienced was gained with the technology, and the technology itself grew
in capability, it became apparent that the definition of an intelligent environment for
decision support systems such as a satellite workstation encompasses more than expert
systems and displays. Central to the evolving ASW concept is a robust multimedia data
architecture and an integrated, communicating set of tools. Interation with this ASW
prototype system is providing a method for exploring operational questions relating to
satellite support activities.

ASW has recently been installed in an active Mission Control Complex. The current
hardware is composed of Sun and Macintosh II workstations. These two workstations
are connected via ethernet, and can interface to data products within the operational
environment over this network. The technologies being applied are expert systems,
graphical user interfaces, graphical data visualization, hypermedia and multimedia
information systems, and hierarchical design and modeling environments. The specific
applications that are being targeted as part of the current ASW implementation are:
Automated Pass Plan Generator, Electronic Orbit Operations Handbook, Telemetry Data
Graphical Display System, Telemetry Data Trend Analysis System, Vehicle Subsystem
Hierarchical Modeler, and On-orbit Event Scheduler. Prototypes of the first four have
been integrated and delivered. Major emphasis is on communication and data sharing
among these applications to provide an integrated environment for decision support.

Introduction

ASW Project History

The Advanced Satellite Workstation project was initiated in 1985. The primary initial
focus of the project was the technology transfer of expert systems to satellite support
activities. By mid-'85 an prototype system was completed on a Symbolics computer. This
first prototype was designed to solve anomalies in the attitude control system of the
DSCS III spacecraft. The initial system was useful in demonstrating the utility of rule-
based systems as applied to spacecraft system anomaly resolution.

Further work on this project resulted in the development of a lisp-based satellite
architecture browser. The browser was conceived as a tool that would allow engineers to
enter (in a hierarchical manner) schematics and subsystem documentation related to the
space vehicle. This information could be browsed by the user in a structured fashion, and
provide insight into any component of the satellite subsystem to the finest level of detail
installed in the browser. By 1986 the satellite architecture browser incorporated diagnosis
and simple simulation capabilities. This provided the user with the ability to simulate the 



operation of the hierarchical models installed into the browser; while comparing the
simulated output with actual telemetry data from the satellite vehicle.

1986 also saw the development of an expert system for anomaly resolution in the GPS
spacecraft. Again, the attitude control system was the focus of the effort. Specifically, the
system did long term trend analysis of the telemetry data representing the spin-rate of the
reaction control wheels. Upon analysis of this data, the expert system could determine if
upon exit from an eclipse the vehicle would tend to exhibit excessive roll and pitch.
Recommendations from the expert system would alert the operators to the condition of
the vehicle prior to exit from eclipse so that the vehicle attitude could be closely
monitored. This system demonstrated the value of expert systems for long-term,
automated monitoring of telemetry data not practical for human operators.

In 1987 development was initiated on hypermedia-based information system that
would provide the satellite operators with access to documentation. This system was also
used as a tool to rapidly develop and test (in conjunction with satellite operators) different
user displays and interfaces.

The concept of an integrated architecture that would combine the electronic
documentation system with the expert system based analyst, selectable telemetry displays,
and the architecture modeler was developed in 1987. By 1988 the entire ASW prototype
was migrated from the Symbolics lisp processor into a general purpose workstation. By
moving to a more general purpose workstation the project would be able to target delivery
into operational programs. 1989 efforts focused on the integration of general purpose
tools within the evolving environment that comprised the ASW satellite analyst’s
workbench. In 1990 the first operational prototype system was fielded and is currently
being tested by satellite operators.

Problem

Mission planning, analysis, and command and control functions for military systems
have increased significantly in complexity and can be expected to become still more
demanding as systems themselves become larger, more complex, and more highly
automated. This trend is especially true for large space systems. Future Air Force
satellites may have tens of processors onboard, with increased onboard autonomy and
higher telemetry and payload data rates. The number of vehicles in a satellite constellation
is also increasing. At the same time, budget pressures and shifting of operations from the
development community to the user community means fewer, less well trained operators
and analysts. To deal with this set of circumstances, we must use new ground station
technology to provide operators with a better environment. Intelligent tools for decision
support and training can provide significant leverage both in terms of functionality and



   What areas within satellite support activities are best suited towards
implementation using expert systems? Can experience on a specific
satellite subsystem for one program improve the efficiency of a similar
expert system development for a different program?

Expert
Systems

Telemetry
Processing

and Display
Systems

   Efficiency of user configurable telemetry display systems. Graphic
display of telemetry versus numeric display of measurands. Local
processing of telemetry data as needed versus batch processing. User
interface and control mechanisms.

Hypermedia and
Multimedia

Systems

   Can an interface to satellite vehicle documentation be developed
that is intuitive for all users of the system? Does having random
access to as-built photographs of the satellite vehicle assist the
operator in normal operations or during anomaly resolution
procedures? How should multimedia data be structured to provide
scalable systems with efficient user and programmed data access and
query capabilities? What procedures will streamline the development
of electronic multimedia data systems?

Modeling and
Visualization

   What modeling and simulation techniques can be used most
effectively in an operational environment? How can advanced
visualization techniques be used in conjunction with modeling to
improve operator understanding?

Artificial Neural
Networks and
Fuzzy Logic

Systems

By developing system models of space vehicle subsystems using
techniques that are based on examples of real world data, can a
decision support system be developed that provides good
recommendations under conditions that can include incomplete or
inconsistent data?

user friendly support to less experienced operators. The following technical areas are
being explored as part of the ASW prototype activity:

Technical Area Questions Being Explored



Solution

A significant number of projects to address the above issues are underway at Space
Systems Division, government labs, and contractors, focusing on workstation
environments for satellite commanding and control. Graphical telemetry displays and
simple use of expert systems for anomaly resolution have been demonstrated in support
of satellite programs, including DSCS, DMSP, IUS, GPS, and many others. Expert
systems are being used operationally by NASA at JSC and by JPL in support of current
satellites. Based upon our early prototypes, in ASW we are extending this expert system
and display metaphor to include a number of technologies such as fuzzy logic, advanced
visualization techniques, simulation, and multimedia/hypermedia. While each of these
technologies is a powerful approach to specific tasks, the integration of these
technologies in a unified support environment provides a new paradigm for operations
support.

Some space vehicle anomalies can be avoided if accurate and persistent trend analysis
of telemetry data is performed. ASW uses expert systems to encode the satellite
subsystems’ operational structure. The rule-based system makes use of objects for
modeling elements of the subsystem such as batteries, high-power amplifiers, solar arrays,
reaction control wheels, and thermocouples. This object-based representation of
components works well for system components that can be defined by a set of equations
or transfer functions. When a system component is best described by examples of its
operation under varied conditions, then mechanisms such as artificial neural network
models can be used to construct an object model. Object-based models of system
components are integrated into the rule-based system and together these elements form
the knowledge processing system for a specific space-craft subsystem. These knowledge
processing systems interface to telemetry server agents that provide data required for
trend analysis and health and status processing. All of these activities occur in
background as multiple processes and provide high-level messages to a user modifiable
graphics display system for operator interpretation. In addition to the messages that are
provided to the operator, an on-line documentation system is integrated into the
architecture to provide ready access to vehicle-specific data. This documentation system
can be automatically oriented to appropriate “chapters” according to the context of the
analysis being performed with the workstation.

System Architecture

The system architecture of the Advanced Satellite Workstation is composed of three
principal components. These components (shown in Figure-1) are the Knowledge Server,
Information Navigator, and Telemetry Server. The implementation of these components
and their integration with each other is a continually evolving process. In addition, ASW



includes a modeling and visualization system and more specific tools for satellite pass
planning, on-orbit event scheduling, etc. A fourth important component currently being
defined is an object-oriented data server to provide uniform access to multimedia
information.

Figure-1.
ASW System Architecture

Telemetry Server

The present telemetry server provides buffered telemetry data both for user displays
and for use by the expert system. Since the current system is designed for post-pass
analysis, a telemetry data file is created in shared memory with pointers to individual
parameter streams. The server also controls the user interface, handling input events and
using toolbox calls to provide selectable telemetry displays. The telemetry server forks a
Unix process which activates the expert system, and passes pointers to shared memory to
give the expert system access to telemetry. The expert system uses Unix pipes to send
diagnostic messages to the telemetry server for display to the operator. Modifications to
this architecture are currently being designed to provide control of digital real-time
telemetry streams provided by a dedicated preprocessor interfaced to wideband analog
satellite data.

Information Navigator

The Information Navigator’s primary function is presenting information to the satellite
operator in an intuitive fashion. A vast amount of supporting documentation accompanies
most satellite programs. Developing familiarity with the satellite program through
accessing this data is an inefficient, labor intensive process. The supporting
documentation that can be of particular importance during anomaly resolution procedures
is often difficult to locate, and may be in the archives of the satellite vehicle’s prime
contractor or associated subcontractors. Accessing this information would pose a
considerable challenge if it were even delivered as part of the contract, and chances are
that if delivered in its most popular form (paper) it would probably find a nice dark out-
of-the-way storeroom in which to reside.



Simply moving this information into electronic form is not sufficient. Standard
databases are powerful tools for structured data and provide flexible query capabilities,
but do not provide adequate methods for dealing with implicitly related information. The
data of potential interest to the satellite operator is not just alphanumeric data, but includes
engineering schematics, program schedules, animated models, and video. Object-oriented
databases offer the promise of dealing with such multimedia data, but are not yet a mature
technology. ASW currently deals with these different forms of information using an
Information Navigator able to provide automated access to video and still data on laser
disk as well as graphical and text data stored on optical and magnetic media. The
Information Navigator permits hypermedia techniques to be employed to link data
explicitly for user-directed browsing, and this approach has been used to develop an
online Orbital Operations Handbook (OOH) for a satellite program (See Appendix-A for
sample screens of the Information Navigator OOH). The Information Navigator also
provides the capability to perform text searches to locate implicitly related data without
explicit predefined links. The Information Navigator is currently based on the Macintosh
workstation, and can communicate with the processes on the Sun via a defined 2-way
communication protocol. This architecture permits both user and expert system control
of the information display, as well as the passing of information from the electronic
database to processes running on the Sun workstation.

Knowledge Server

In the context of ASW, a Knowledge Server encapsulates domain-specific knowledge
and uses this knowledge to provide advisory messages, suggest actions, and direct the
operator to documentation. Initial implementations have been limited to expert systems for
specific satellite subsystems such as electrical power. In a fully operational system,
multiple concurrent knowledge agents will independently process telemetry related to
separate subsystems, under the control of an executive process. In ASW, expert system
processes run in the background, reading telemetry from the shared memory buffer
created by the Telemetry Server. These processes use Unix pipes to send messages to the
operator’s screen. Since messages may be voluminous under certain conditions, these
message are read in a scrollable window by the operator. The Telemetry Server-
Knowledge Server interface permits to operator to automatically jump to telemetry data
related to messages by simply mousing on a button. At the operator’s discretion, the
Knowledge Server may also signal the Information Navigator to provide automatic access
to documentation relevant to a current area of concern.

A more robust system could use standard expert systems for the capture of high-level
knowledge and heuristics regarding system operation, while drawing on additional
techniques such a fuzzy logic for approximate reasoning and dealing with continuous data
with inexact boundaries. Real-world events can often be grouped into a continuous



spectrum of values that are termed fuzzy sets. Fuzzy inferencing on such data can provide
robustness to uncertainty and “common-sense” reasoning.

Artificial Neural Networks (ANN) can provide another technique for extending the
capability of intelligent systems such as a knowledge server process. While system
models can often be defined using a set of equations that precisely describe the behavior
of the system, at times it is not practical to model behavior based on a set of equations. In
such cases the application of an artificial neural network can provide a model that behaves
like the real subsystem, provided the ANN model is developed using data from real world
systems. An example of such a system would be an ANN model of a spacecraft battery.
Given specific inputs reflecting the state of the space environment, loading from the
spacecraft subsystems, and past charge/discharge profiles, an ANN battery model could
provide predictions of power system performance. These predictions would be based on
a model that was developed with real-world data. An expert system making assessment of
the state of spacecraft subsystems could use such models for hypothesis exploration.

Additional Capabilities

A realistic satellite support environment must provide many additional capabilities, and
these capabilities should be integrated into a consistent overall environment. At present,
ASW has developed tools for automated pass planning support, mission scheduling, and
systems modeling and browsing.

Pass Planner

The pass planning capability was specifically requested by operators to automate the
repetitive, labor intensive process of creating detailed pass plans used to control satellite
commanding and data recording during real time contacts. This tool uses many of the
same toolbox calls as the telemetry server display process to provide a consistent
interactive user interface. Based on input data the pass planner interrogates data files to
create a consistent plan. A specialized planning language was developed to provide
flexible programmatic control of this process so that it can be generalized to multiple
satellite families.

Satellite Architecture Modeler

Another important tool is the Satellite Architecture Modeler (SAM). SAM is written in
Smalltalk™, and runs on both the Sun and Macintosh computers. It provides a way to
graphically display color diagrams representing the functional structure of a system,
identifying the modules, interfaces, and communication routes. The user can navigate
through the system by pointing at the object he wants to move to, and the display then



changes to the part of the system centered on that object. In addition, the Modeler
provides a discrete-event simulation capability. The simulation of the entire system is
determined from the simulation of each fundamental component in the hierarchical
structure, organized and coordinated as specified in the diagrams. The simulation of a
fundamental component is specified purely locally, without reference to external entities,
and the structure of the system joins these independent parts into a cooperative whole.
The simulation capability was recently extended to include time, allowing feedback loops
and time-varying behavior: this has greatly increased the range of possible simulations.
Work is underway to fully integrate SAM with ASW.

In addition, future versions of SAM will provide advanced visualization capabilities.
Current space systems are deeply structured, complex mechanisms. Dealing with that
complexity is straining the capacity of even trained and experienced personnel, while there
is a high learning curve for new spacecraft operators. Simulation and modeling, combined
with graphical output showing the unfolding development of the system being simulated,
can be of significant benefit in understanding complex systems, as evidenced by the
growing interest in scientific visualization. Viewing the time-varying behavior of a
simulation conveys far more information to a user than static displays. For clarity, these
displays must be composed according to a consistent metaphor, focusing on a particular
subset of the system’s behavior. This subset could be qualified by structural, functional,
or dynamic considerations. There will often be multiple valid views of a system, which
may range from small to large, simple to intricate, static to dynamic, independent to
completely dependent. Multiple metaphors are necessary to provide appropriate views to
heterogeneous subsystems. Links to neighbor systems must enable rapid browsing
through associated concepts with possibly widely varying views. The user must be able to
expand or contract his focus of interest, or to easily redirect his inquiries to related
subjects. Since so much of the character of a system is shown through its dynamic
behavior, the user must be able to easily examine and change the state of the simulation,
using “ what-if” strategies to explore alternative behaviors.

Timeliner

The TIMELINER program is a prototype stand-alone application developed in
SuperCard™ for the Macintosh. It is a graphically-based scheduling tool for the
development and manipulation of event timelines that correspond to events that must be
scheduled onboard the space vehicle. The current version of the TIMELINER program
was tuned towards a specific satellite program, but future extension of this work will
address a more general tool for spacecraft event scheduling and management. This tools
is included as part of the ASW tool set for satellite support and is hosted in the Apple
Macintosh workstation.



TIMELINER has three parts: the TIMELINER application, the timeliness and the
activity cards. Activities are defined when the user enters information pertaining to an
activity on an Activity Card. These activity cards are stored in an Activity file which the
user creates during his or her first session with the program. Timelines are generated by
the user by choosing a time scale and scheduling activities from the Activity file. Timelines
are stored in a Timeline file which is also created by the user during the first session with
TIMELINER. A snapshot of a TIMELINER screen is shown in Figure-2.

Figure-2.

Implementation

ASW has been implemented using a Sun 3/470 workstation, Apple Macintosh IIcx
workstation, laser disk player, and associated ethernet network hardware. The basic
configuration is shown in Figure-3. The operator sits in front of these two workstations
that are located side-by-side. The Sun workstation provides the operators primary
interface to telemetry data, and data analysis tools. The Telemetry Server is implemented
in the C language, using DataViews™ toolbox calls for input handling and graphics
displays. In addition, the expert system processes are mostly resident on the Sun
workstation. Expert systems are currently implemented using the NEXPERT™ Object



expert system shell with C extensions. The Macintosh workstation provides the operator
access to hypermedia-based (electronic) documentation that includes schematics, text,
sound, and animation. The more exotic forms of information (sound and full-motion
random accessed video) are made possible through the use of high-density optical disc,
CD ROM, and video disc equipment that interfaces to the Macintosh workstation.

The Macintosh workstation and Sun workstation are connected to an ethernet network.
Custom protocols based on TCP/IP are used for communication between the Sun and
Macintosh computers. This network serves as the primary conduit for transfer of
information between each workstation. The telemetry data is currently provided to the Sun
workstation via a file system interface with a DEC PDP minicomputer. This pre-
processed data is analyzed and displayed on the Sun workstation. In the future, telemetry
data may be accepted over the ethernet network in real time from these front-end systems.
The Macintosh workstation is connected to the Sun workstation via ethernet and is
automatically oriented to the proper documentation screen according to the context of the
analysis being performed on the Sun workstation. The user may at any time direct his



attention to the Macintosh and via the Information Navigator and explore the data items
(text, graphics, and animation) in more detail through a hierarchical browser.

The Orbit Operations Handbook was prototyped using HyperCard™ for the
multimedia user interface environment. MacroMind Director™ was used to develop
animations that play through the HyperCard environment. Studio/8™ was used to
develop color images and to retouch scanned images taken from actual documentation.
OmniPage™ was used as the OCR (Optical Character Recognition) package for
translating printed text into ASCII files for installation into HyperCard-based text
containers (fields). Swivel 3D and Super3D were used to build simple 3D models of the
spacecraft and associated subsystem hardware. These 3D models were used to generate
different views of the space vehicle. These 3D views were assembled in a HyperCard
Stack for manipulation and orientation by the user. Later, higher quality 3D renderings
were taken from videotape after being produced on a Silicon Graphics IRIS workstation.
These individual views of the spacecraft were captured using Mass Micro’s ColorSpace
II, and ColorSpace FX video boards. The following diagrams included in Appendix-A
illustrate the style of information displayed by the Information Navigator OOH (IN-OOH).
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Abstract

Expert systems can be of great benefit to analysts, mission controllers, and
flight safety officers who must make real-time decisions based upon a myriad of
quickly changing parameters. Operators may require extensive training to view a
limited parameter set or they can be aided by computers systematically
monitoring many parameters. But, even today’s powerful general purpose
computers and workstations are limited in their capabilities to monitor (i.e.,
process) the desired number of parameters. Thus, applications are distributed
across multiple platforms. A telemetry ground station front end system (i.e., a
real-time data server) that distributes preprocessed data to multiple knowledge
stations over standard communications networks is presented.

KEY WORDS: expert system, artificial intelligence, telemetry, ground station,
real time.

What Is “Real Time?”

The term “real time” has many definitions. Reilly and Cromarty [1], Stankovic and
Ramaritham [2], and Stankovic and Zhao [3] present definitions of real time in
three recent articles. Several other common definitions include “the response is
available now,” “perceptually fast,” “faster than a human can do it,” “the system
responds to incoming data at a rate as fast or faster than it is arriving,”
“predictably fast enough for use by the process being serviced,” and “there is a
strict time limit by which the system must produce a response.” Stankovic, in his
definition of “Soft/Hard” real time [2, 3], proposes that a system can be said to
meet soft real-time requirements if the system performance is degraded if the
time constraint is not met, and yet the system can still fulfill its primary task.
Telemetry “quick look” displays meet soft real-time requirements where some



limited numbers of measurements are passed at a reduced rate to the operator
displays. Even though the amount of data is reduced sufficiently to be digested
by the operator, he still receives enough data to make meaningful decisions.
Hard real-time systems are those in which the system considers a function to
have failed if the results do not meet the timing constraint. If the timing
constraints are not met, a disaster may result. Many expert systems must meet
both definitions. For the purposes of this paper, a real-time system is one in
which the system has the “ability to guarantee a response after a fixed time has
elapsed, where the fixed time is provided as part of the problem statement,” per
the definition of Thomas Laffey, et al. [4]

In order for an expert system to be considered real-time, the system, when
given an arbitrary input or event and when in an arbitrary state, must be able to
produce a response by the time the response is needed, with the time being
defined by the expert system.

Real Time Versus Non-Real Time

Expert Systems, by tradition, had no concept of time. A typical expert system
would be given a problem to solve and the system would collect the necessary
data, start its reasoning process, and eventually respond with an answer or list
of possible answers. The process might take seconds or hours. Neither the
amount of time involved, nor the data validity interval (duration), was considered
in the reasoning process. Data was considered to be static for the length of the
reasoning process. In order to produce a response within the fixed time
constraints, real time expert systems must not only consider the data validity
interval, but also the amount of time spent in the reasoning process. Since the
incoming data can be considered to be valid for a fixed period, the facts
deduced from that data also have a validity interval. The system must be able to
ensure validity intervals for all data and for the facts deduced from that data.

Similar to the ability to take into account the data validity interval is the ability to
handle uncertain or missing data. There can be many reasons for missing data
values in real-time telemetry data, such as the loss of signal because of
obscuration or antenna movement, weak or noisy signals, or sensor failures.
The real-time expert system must be able to understand and correct for these
events, both through filtering in the front end and through built-in concepts.



The expert system must also be able to handle asynchronous events and
interrupts. During real-time processing, data flows in an orderly, well-defined
manner, and at a constant rate. But the purpose of an expert system is to
respond to unforeseen problems while continuing to process the normal data.
So, all rules must have a priority level, allowing the most important rules to
interrupt less important rules and producing recommendations that are
guaranteed to be on time.

The time it takes to perform forward-chaining and backward-chaining must be
considered an integral part of all rule processing. The system must return a
response in a fixed amount of time or return the response of the first rule that
returns a result. So, if an asynchronous event causes many rules to fire, the
results might be based on the first rule to return a result. Another scenario takes
the best answer from the first three rules that return results. Using time-based
reasoning in this way is quite human-like.

A real-time system also uses temporal reasoning to analyze the incoming data.
The system must be able to reason about the trend of a sensor value over time.
The value of a sensor at a single point in time may not be significant by itself.
But if the sensor is increasing 5% per minute over a period of 30 minutes, this
trend is significant and the system must be able to reason about the trend.

System performance should scale linearly with the number of rules. That is, a
system with 1,000 rules should take twice the CPU performance to produce the
same results as a system with 500 rules. This feature is important because the
number of rules tends to increase exponentially according to the amount of time
spent developing and testing the system. With the increases in performance of
new workstations coming to market, this feature means that a system that is too
slow today might perform very well in the near future. Since the product life-
cycle of workstations today is measured in months, the system must be
portable, able to support a heterogeneous workstation mix, and its processing
powers capable of being expanded on a network.

In order to have its processing capabilities expand on a network, the system
must support distributed parallel processing. A typical system may have four
workstations, with each workstation dedicated to monitoring a separate
subsystem and one workstation performing the mission management function.
All parts of the system must be able to “invoke” additional knowledge based on
some event or interrupt and to “focus” specific knowledge on a problem that the
system discovers. The source of the additional knowledge or data must be



transparent to the expert system making the request. That is, the additional
knowledge may be a rule set on the requesting workstation, another rule set on
another workstation, a new data request requiring a special type of Data Gather
from the data server, or archived data from the data server for some previous
test. A system that is able to “invoke” additional knowledge must also be able to
shut down or stop amassing certain knowledge. For example, suppose that a
sudden failure has occurred in a critical system. The system is requested to
recommend all possible solutions. As the system searches for possible
solutions, the system can sense that the CPU is nearly saturated and can shut
down processing of all low priority rules and non-essential systems, allowing
more CPU cycles to be focused on the failure.

System Architecture

Traditional telemetry ground station architectures (Figure 1) use large host
computers to preprocess, analyze, and distribute real-time data to applications
such as data displays to manage the vehicles being monitored. Host computers
receive real-time data via DMA channel from telemetry front ends or data
acquisition subsystems that consist of one or more bit synchronizers,
decommutators, multiplexers, data compressors, and word selectors. A
separate path, often a RS-232 serial or IEEE-488 parallel data link, is
maintained for control of the front end. Dedicated host computer memory,
called the current value table or CVT, is allocated to maintain the most recent
instances of all the real-time data [5]. Additional computer resources are
required to meet specific processing requirements, including maintaining data
integrity or homogeneity so that all values in a CVT instance come from a single
PCM data frame (i.e., all data words are the same age), or to move data to
storage or for secondary transmission to a network for display.

Today many applications (from accounting to computer-aided publishing and
design) use networks of computers from multiple vendors to distribute
resources through a system. Computing resources are often found at a user’s
work location. Each station may execute unique application programs, or the
same programs with different data sets, or both. In contrast, a server may
provide resources to several users. However, the requirement of providing
divergent sets of real-time data through a CVT to many users simultaneously
places a large, if not overwhelming, burden on the computer of a host-based
system. Perhaps distributed applications should contain a “distributed” front end
and CVT, where multiple CVTs and CVT formats are maintained on multiple



processors to service the unique requirements of each expert system
application-processing resource.

Loral’s System 500 [6,7] was designed with precisely such an architecture. (The
references describe the architecture in greater detail.) In essence, each
instance of a real-time data word from a raw, formatted data stream is converted
(acquired, digitized, decommutated, depacketized, parallelized, or assembled)
into one or more tag-data pairs, where one of 64k (where k = 1,024) tags
uniquely defines the 4-byte data word. (Note: multiple-tag data pairs can be
combined to form larger format data words.) Data pairs are placed on a
broadcast bus, called the MUXbus (Figure 2), for selective access by one or
more processors, mass storage devices, or output units in any format (analog,
parallel, serial, multiplexed, etc.). The results of processed data (e.g., converted
to engineering units) or derived data (e.g., created from multiple data values) are
given new tags and are returned to the MUXbus (Figure 3).

The processors (FPPs) also assume the task of maintaining the CVT (as well as
more complex versions called Data Gathers) for access by network controllers.
A traditional computer bus (VMEbus) provides the path from FPP memory to
network controllers (Figure 4). Each application, such as an expert system,
dynamically maintains a virtual path (a socket connection in UNIX terms) via the
network to the System 500’s network controller. The FPP maintains multiple
Data Gathers to meet the data rate and data characteristics of each application.
For example, unique data sets may include the traditional table of the most
recent instance of the data values (CVT), the collection of the last 1,000
instances of a data value for a power spectral density display (GatherAll), or a
complex Data Gather (StatGat) containing the arithmetic mean for samples
during a fixed period along with the last value and range during the period. In a
manner similar to developing FPP algorithms [7], users may also develop
unique Data Gathers to meet application-unique requirements. An example is a
Data Gather that does 5th order EU conversions, allowing the user or expert
system to change coefficients on the fly and to maintain the frame integrity of
the data. When the computing resources of an FPP are exceeded, additional
Data Gathers are assigned to another FPP. Similarly additional network
controllers may be added as the network controller’s capabilities are exceeded.

As the requested measurements and data characteristics of the expert system
change, the characteristics of the Data Gather mirror those changes. For
example, a message is sent via the network to the System 500 in response to a
request for a different measurement to be viewed on a workstation’s “glass strip



chart” window, to a change in the number of data samples per second, or
automatically upon defined out-of-limit conditions. By transmitting unique
packets of data at rates to meet requirements of each application instead of
sending all data to all systems on the network, network overhead is reduced.

Conclusion

Real-time expert systems require “answers” within limits set by the experts.
When the system is unable to meet the “real-time” requirements, the application
may be distributed across multiple platforms connected by a network. The
architecture of the System 500 telemetry ground station can continuously
provide real-time data to meet the continuously changing requirements of each
platform.
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ABSTRACT

Ford Aerospace Corporation has been working for several years on Independent
Research and Development (IR&D) that brings artificial intelligence technology to bear on
space mission operations tasks. During this time, we have developed a flexible and
sophisticated tool, called Paragon, that supports knowledge representation in a very
intuitive and easy to maintain manner. As a fallout of our knowledge representation
approach in Paragon, we get a simulation capability that supports testing and verification
of the model. This same capability can be used to support various space operations
training and readiness activities (1).

Recently, we became aware of the very flexible telemetry generation and display
capabilities of the Loral 500 system, and found that we could combine our Paragon
modeling and simulation capability with the Loral equipment to create an intelligent
telemetry simulator that has the potential to dramatically reduce acquisition, development,
installation, and maintenance costs for space system simulation.

This paper discusses the features and capabilities of the Paragon/Loral 500 Intelligent
Telemetry Simulator (ITS) as well as the prototyping we have accomplished to date.

INTRODUCTION

Paragon was developed specifically to support research and development involving the
use of artificial intelligence technology to increase satellite autonomy and to automate
space operations tasks currently performed on the ground. The initial development started
in 1984 on Xerox workstations to provide an environment for building model-based,
intelligent systems. It included a structure for knowledge representation and a 



sophisticated user interface that allowed knowledge engineers to enter main knowledge in
an intuitive manner that did not require programming expertise.

Over the past six years this environment was enhanced as necessary to support specific
research. Recently, it was ported to Lucid Common Lisp to run on additional platforms
including the SUN and MicroVAX.

Application model development requires no coding. The application developer works
with a knowledge acquisition interface that allows the developer to think in terms of the
concepts, attributes, relationships, and behavior descriptions that exist in the world or
system being modeled (1). The interface takes care of translating the developers’ input
into Lisp. Extensions to the interface, or translation routines, will be necessary to convert
the Lisp code to other high-level languages such as C or Ada.

The Loral 500 is an extremely flexible and powerful tool for real-time generation,
processing, and display of telemetry. It handles a wide variety of telemetry formats and
rates via custom boards that fit into slots in a modular chassis. This allows the user to
easily configure the Loral 500 to meet specific application needs.

The Loral 500 includes a high-speed, programmable telemetry wavetrain simulator and
associated software to generate a variety of patterns for particular telemetry parameters. It
also can accept data from external models for inclusion in the output telemetry waveform.
We exploit this feature for our Intelligent Telemetry Simulator (ITS). Paragon knowledge
bases dynamically model and simulate system behaviors. A separate process monitors
parameters in the knowledge base, which have been converted to PCM counts, and
passes them to the Loral wavetrain simulator over an Ethernet link.

All hardware for the ITS is off-the-shelf. We are using commercial SUN, VAX, and DEC
workstations and commercial Loral equipment. The hardware literally fits on a desk.
There are no special power or cooling requirements. Communication between
workstations is via Ethernet.

ITS PROTOTYPE

For the ITS proof of concept, we chose a representative Department of Defense (DoD)
program. For this program , unclassified satellite design and operations information is
readily available. The satellites are in subsynchronous orbit and are three-axis stabilized.

The ITS prototype includes detailed models of three satellite subsystems--the Electrical
Power Subsystem (EPS); the Telemetry, Tracking, and Command (TT&C) Subsystem;
and the Reactions Wheels System (RWS) which is part of the Attitude and Velocity



Table 1. ITS Prototype EPS Anomalies

1. SUN SENSOR FAILURE: Solar wing cannot track the sun due to a zero error
being returned by a failed sun sensor.

2. PWR A FAILURE: Solar wing cannot track the sun due to a System A power
source failing to that wing.

3. ELECTROSTATIC DISCHARGE: Solar wing cannot track the sun due to an
electrostatic discharge phenomenon
placing the wing in the hold mode without
ground commanding.

4. TRACKING FUNCTION FAILURE: Solar wing is unable to track the sun
due to a tracking circuitry failure.

5. BATTERY OVERTEMPERATURE: Battery 1, 2, or 3 overheats due to a
battery heater A-string problem.

6. BATTERY SHORTED CELL: Battery 1, 2, or 3 exhibits shorted cell
characteristics.

7. LOAD SHED 1 TIMR FAILS: The load shed 1 timer begins ramping up
without the proper conditions being present.

8. LOAD SHED 2 TIMER FAILS: Same as 7 above but for Timer 2.

Control Subsystem (AVCS). Portions of other subsystems, including the Payloads and
Thermal Control, were modeled where necessary.

EPS Simulation. For EPS simulation, the prototype includes 55 telemetered measurands
and accepts 56 ground commands. This represents approximately 75% of the command
and control functionality of the EPS for the satellite. Only the functionalities that are rarely
exercised were left out of the model. Power balance behavior, eclipse behavior, battery
charging/discharging behavior, wing behavior, automatic load shedding--just to name a
few, are represented in the model. The EPS simulation also includes eight built-in
anomalies for demonstrating ITS support for operations training and rehearsals. The eight
anomalies are listed in Table 1. Figures 1 and 2 are representative displays of an EPS
power balance anomaly. These displays are in color with “critical” and “warning” alarms
shown in red and yellow, respectively. The System 500 is extremely flexible for telemetry
display, allowing the user to easily tailor screens in ways appropriate for the domain.



When an anomaly is selected, the ITS telemetry responds accordingly. There is no need
for a rehearsal team to predetermine a “correct” command plan solution and account for it
in the “data base” since the model (or knowledge base) is dynamic and will respond to
any correct or incorrect commanding automatically. When the operations personnel try a
commanding sequence, the model responds accordingly and the ITS telemetry stream will
dynamically reflect the actual satellite behavior.

TT&C Simulation. For TT&C simulation, the ITS prototype includes 85 telemetered
measurands, 50 discrete commands, and 136 magnitude commands. This represents
approximately 90% of the command and control functionality of the TT&C subsystem
for the satellite. No anomalies are “built-in” for this subsystem, but they can be added for
almost any desired TT&C related problem. Anomalies can be modeled in such a way as
to be selectable. With this approach, nominal behavior (in the telemetry stream) is present
until an anomaly is selected.

The TT&C model includes the automated, onboard, bypass commanding and
crosstrapping modes, in addition to approximately 90% of the ground commanded
configuration possibilities. The automatic turn-on and command turn-on modes are also
supported.

RWS Simulation. For RWS simulation, the ITS prototype includes 36 telemetered
measurands and 31 discrete commands. Sixteen of the commands involve solar wing
rotations since rotating a wing causes attitude transients for the satellite. The RWS on the
satellite uses four reaction wheels for precise attitude control. Three wheels are adequate
for attitude control and the model supports the various 3-wheel configurations. Stiction
(a term used for degraded reaction wheel performance) can be induced for any  of the
four wheels to simulate performance degradation. Transient attitude perturbations can be
simulated randomly through user selection. Figures 3 and 4 are representative displays of
typical attitude perturbation data. Again, the displays are in color with “critical” and
“warning” alarms shown in red and yellow.

CONCLUSION

The ITS includes the Paragon knowledge-based modeling environment that allows for
model development, test, validation, modification, and maintenance through a user-
friendly graphics interface. This environment supports rapid prototyping as well as full
system (space vehicle) modeling. In addition, the ITS includes a dynamic and flexible
telemetry wavetrain generation capability which is configurable via a friendly user
interface. User displays are easy to define using a variety of graphical display tools. Also
included is user programmable telemetry preprocessing.



In conclusion, the ITS provides a powerful, flexible, and easy-to-use environment for
building dynamic, model-based telemetry wavetrain simulations that can be used to
support a variety of test, training, and readiness activities.
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Figure 1. Example display screen showing an EPS
power balance anomaly.



Figure 2. Example display screen showing an EPS
power balance anomaly.



Figure 3. Example display screen showing a snapshot of attitude
control system transcient behavior.



Figure 4. Example display screen showing a snapshot of attitude
control system transient behavior.
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ABSTRACT

The FAA Sponsored a six months research program to
investigate the application of neural networks to
controlling aircraft. It was found that properly configured
neural networks offer powerful new computationally robust
methods to generate command vectors corresponding to
collision free routes. Methods using neural networks which
capture the expertise employed by controllers in resolving
conflicts were formed. This paper shows that many of the
neural network techniques applied to ATC can also be applied
to drone control. Two different networks are presented: a
multi-layer feed-forward network using back-propagation and
a method using a potential field where a gradient measure is
employed to maintain the aircraft separation in real time.

SUMMARY

During our study for the FAA it was found that very
restricted conflict detection and resolution functions could
be performed using such familiar approaches but vastly more
complex learning and modelling paradigms were required to
solve non-trivial air traffic control problems using methods
which essentially mimic methods employed by actual
controllers.

Neural networks provide solutions that are efficiently
generated by parallel processors in real time and can
Acapture@ knowledge observed from experts via training to
incorporate many intuitive relationships and rules which



experts use but cannot articulate. Thus, efficient parallel
operation and adaptivity via training both are embedded in
the capabilities desirable from neural networks. As such,
neural networks are a synergistic and complementary
technology with expert systems [Cross] and traditional
control techniques.

NETROLOGIC’s research to apply neural network methodologies
to FAA Air Traffic Control (ATC) problems is an entirely new
application of neural networks. Ultimately, the following
advantages can be derived from the use of neural networks in
ATC:

1) A powerful ATC training aid which contains a robust
representation of what a real controller does by use of
neural network paradigms and architectures.

2) A real-time decision aid which is trainable by each
controller.

3) A simulation of the air traffic environment can be used
to train networks to generate collision free paths.

During the study it was found that the network
representation problem (selecting network input data sets
which represent the air traffic environment was very
difficult. A representation which associates one neural
network with each aircraft vector and combining it with a
gradient representation for other interacting aircraft. A
network which defines a potential field and an interaction
architecture area was able to sequence twenty aircraft into
a successful landing pattern while maintaining separation
standards.

This research was the initial effort by the FAA to apply
neural networks to air traffic control problems. Despite
great progress in fielding the latest computational and data
processing tools into the nation’s Air Route Traffic Control
Centers, TRACONs, and terminal facilities the ever expanding
growth in air traffic and diversity of aircraft performance
capabilities requires that new methods for enhancing
computational capabilities be continually investigated.
Neural networks offer a revolutionary information processing
capability which in many respects duplicate the performance
of biological systems ([Lippmann], [Greenwood,88], and



[DARPA] for an overview of the state of the art of neural
networks). It is pointed out in [Cross], [Wesson] and
[Greenwood,73] that controlling aircraft even with modern
computational tools and procedures is more an art or skill
than a science or procedure. Controllers get better at their
jobs as they spend time at their consoles detecting real or
simulated conflicts and formulating methods to resolve the
conflicts. They develop a sense for what is right or wrong
with the flow of traffic and particular encounters. It takes
many years to develop this sense or level of expertise and
as yet their are no clearly articulated set of rules or
procedures which captures the essence of good control
practice. Neural networks technology offers a tool which can
be trained by example to yield desired decision aids /
commands for drone control as well as air traffic control.

There is a growing interest by military, aerospace and civil
agencies to augment or improve the performance of humans
performing difficult control tasks by applying parallel
architectures and connectionism to real-time decision
making. Interpreting the air traffic control environment and
reacting to a temporally presented high dimensional world is
an ongoing problem. Automating aspects of air traffic
situation assessment and control through the development of
connectionist (i.e. neural network) methodologies appears to
have significant potential. Neural networks are computers
that learn how to generate approximate solutions to problems
based upon sample data and built-in learning mechanisms. In
other words, neural networks can be trained to identify, on
their own, the key features which enable them to distinguish
different patterns. A neural network can learn on-line in
real-time or can be trained by a user with a sample training
set. They do not require expert knowledge representation,
logical inferencing schemes, statistical algorithms, or a
programmer to develop and code a solution to a user’s
problems. However, they do require an architecture with
sufficient capacity and a training scheme. Also, neural
networks do not provide responses for which no training has
occurred nor step-by-step explanations as to how answers are
achieved. Thus, neural networks provide a complementary
addition to conventional numeric or symbolic (i.e. expert
systems, AI) and Von Neumann processing for problems
requiring pattern recognition type tasks (see Figure 1)



APPROACH TO PROBLEM PERFORMANCE

“SOLVE THEN PROGRAM VS TRAIN: “ACCURATE VS COST EFFECTIVE”

EFFECTIVE PROBLEM SOLUTION GROWTH IN SYSTEM LONG-TERM EXECUTIVE TESTABILITY REALIAILITY
PROBLEM SOLVING CONVERGENCE PROBLEM DEVELOPMENT KNOWLEDGE CONTROL
DOMAINS COMPLEXITY COST

RECURES

MODESTLY KNOWN SOLUTION TIMELINESS MORE MORE SOFTWARE IN LARGE RULE- LOCAL FAULT
PARALLEL FEATURES TECHNIQUES DEGRADES WITH SOLUTION INTENSIVE: COMPACT DRIVEN REPRESEN- RECOVERY
NUMERICAL AND PROGRAMMED ACCURACY TIME AND HIGHER COST DATABASES: TOP=DOWN TATIONS: PLANNED
AND STATISTICS SO MORE MEMORY SLOWER CAN EXPLAIN
PROCESSING EFFICIENT RETRIEVAL WHY AND HOW

MASSIVELY UNKNOWN LEARNS TIMELY NEW MORE HARDWARE DISTRIBUTED SELF- DISTRIBUTED INHERENTLY
PARALLEL FEATURES SOLUTION APPROXIMATE CLUSTERED INTENSIVE: IN CONNECTION ORGANIZED REPRESENTAT FAULT
ADAPTIVE AND VIA SOLUTIONS CLUSTERED LOWER COST WEIGHTS: BOTTOM-UP IONS: TOLERANT
“NEURAL” STATISTICS SOLUTION NETWORKS EFFICIENT TESTED CASE
PROCESSING EXEMPLARS RETRIEVAL BY CASE

Figure 1 Complementarily of Neural Networks and
Conventional Processing

Shortly after the beginning of our Phase I research program
we decided to use the TRACON ATC simulation program as an
ATC simulation environment to be controlled by network
control programs developed for this project. There were
several advantages and considerations that made TRACON the
desirable choice as a simulation.

The first is that the time required to develop a flexible
simulation that could be easily demonstrated and accurately
represent the Air Traffic Control process would be long.
There is a great deal that would have to be modeled about
the information normally available to an Air Traffic
Controller and the operations of aircraft. TRACON has a
reasonable subset of required information already built into
the program. In addition, TRACON has a very good graphics
interface and is easy to use so that a user can control the
simulation by hand. As a result of using TRACON our
attention could be focused on developing the network
controller software.

Another advantage of using the TRACON program is a built in
scoring feature. In training the neural network controller,
this feature offers a hands off approach for network
adaptation. With it the neural network can control the
TRACON game simulation and evaluate its performance based on
the scoring feature in TRACON thereby making adjustments
using a reinforcement learning procedure as outlined by
Barto and Sutton [Barto]. The network controller can adapt
the network weights to improve the network performance with
respect to the TRACON simulation. Using the TRACON program 



the human controller can control the TRACON simulation and
the aircraft successfully.

Network Input and Output Representations

Successful network input representation depends on meeting a
number of specific requirements. First, it is important that
the network be capable of generalizing from a small set of
training examples. To achieve this with a given set of
training examples, the first requirement is that the
dimensionality of the input space to the network be small.
If a network is given a large input vector, on the order of
hundreds of elements, then it would be required to have
training examples for all reasonable combinations of inputs
and this could be a very large number of training examples.
The number of weights in the associated network grows
rapidly when the number of inputs are large and in order to
achieve adequate generalization a large training set is
required. However, having low dimensional input allows the
training set size to be small. In this case the probability
of generalizing from a small training set is high and the
network can run faster since fewer weights will be required
for the feedforward calculations.

A second requirement is that the input dimensionality be
fixed. For example, if we decided to input the position and
velocity of each of the aircraft on the screen to the
network with a variable number of aircraft, then we would
have a variable number of input for any given situation.
This is impractical with respect to the current level of
neural network technology since most neural networks require
a fixed input space, in other words a fixed input
dimensionality. Therefore, it is desirable to have an input
representation which can in some way be independent of the
number of active aircraft in the system. Two choices were
made regarding the input representation to the net. First,
it was realized that for multiple aircraft the easiest way
to handle the situation was to provide the network with
information that was representative of the situation as seen
by a single aircraft, instead of having a global view for
the situation which basically represents the normal view of
an Air Traffic Controller. Such a local view requires that
each aircraft has an associated neural network. For each of
these local networks associated with each aircraft, the
inputs must contain information about the other aircraft on



the screen. This local view provides duplicate copies of the
network produced for each of the aircraft on the screen, and
we are not limited by any dimensionality constraints on the
number of aircraft that could be handled at a given time.

The second problem regarding representation is that there
are a great number of potential commands that the network
could issue, for example, the network could issue a Aclear
direct to@ command when there is a large number of
intersections that would be potential candidates for
modifying that command. To solve this problem it is best
have a combination of a neural network and an expert system
which processes the information provided by the neural
network. The neural network could learn the fuzzy rules for
performing well in a simulation run and the weights of the
network would adapt to optimize that performance. The expert
system section of the controlling software would handle the
situation details. There would be no need for the network to
have an output for each of the potential destinations for a
given command since they are known to the expert system
section. For example for the Acleared direct to ...@ command
there are only a limited number of reasonable alternatives
for the associated destination. The expert system can
determine in a fairly straight forward manner the legitimate
alternatives for each type of command. Thus, it is the task
of the neural network to choose the form of the proper
command, if any, when the network is executed, followed by
the expert system. For example, if there were a separation
conflict at a given altitude, the network output could be
Aclimb to ...@ and the available altitude would be determined
by the expert system software. By comparison, if a network
output were assigned for each available altitude then the
number of network outputs, one for each command/modifier
combination, would be high and generalization would be
difficult to achieve.

With only one copy of the network being local to each
aircraft it is still necessary to deal with the issue of how
to represent an aircraft’s potential for conflict. The
information needed to determine a potential conflict for a
given aircraft is the positions and velocities of any
remaining aircraft on the screen. Calculations can
accurately be made to determine if separations might be
violated, by extrapolating from the current state of the
system out for a predetermined length of time. The result of



this calculation could set a conflict flag as an input to
the neural network controller. This piece of information in
itself is not sufficient to resolve the conflict. The key to
the input representation problem can be found in the ATC
Conflict Field Interaction Model developed from TRW’s
Electronic Warfare model. The solution derived for this
problem was essentially a coarse coding of the information
relating to the other aircraft. Since there could be any
number of aircraft on the screen at a given time, it was
determined through simulations of the TRW system that it
would be sufficient to provide the network controller with a
gradient vector that represented the accumulated repulsion
vector for each of the other aircraft on the screen. This
gradient vector could be calculated by the aircraft and the
resulting vector, which would represent the sum of the
interaction to each of the other aircraft, could be
presented to the neural network controller.

The basic idea of a gradient vector is that as one aircraft
gets closer to another aircraft a repulsion force vector is
developed between the aircraft which is inversely
proportional to the distance between the aircraft. An
associated potential field is centered at each aircraft
which may be circular aircraft. The field geometry should
take into account the separation requirements and the
anticipated position of the aircraft at some delta time
period from the current time. Aircraft fly in a forward
direction and therefore its repulsion gradient vector should
reflect this fact. The repulsion gradient vector is
illustrated in Figure 2 in two dimensions, as a contour plot
of the gradient. It shows that an area directly in front of
the aircraft has the highest conflict potential and an area
behind the aircraft has a low potential since the aircraft
is moving away from that point and towards the points in
front of the aircraft. Simulation runs at NETROLOGIC using
both repulsion and attraction gradients have illustrated
that with continuous local control on each aircraft most
conflicts can be resolved solely with such gradient
information. Attractor gradients are also used to indicate
the aircraft closeness and relative position to waypoints,
destination airports and flight paths. The use of these
gradients is modified, however, in the network controller
since the ATC Network Controller cannot provide proportional
control to each aircraft. It is necessary for the network
controller to provide a limited number of discrete commands



at varying intervals of time. Thus, the network controller
uses the gradient information to trigger certain command
sequences to perform the required avoidance maneuvers.

Figure 2 Repulsion Gradient Vector Contours

The basic processing flow for the ATC network controller
program is given in Figure 3. When the ATC network
controller program is loaded under the DoubleDos operation
environment, the ATC network controller loads the TRACON
program and begins to send keyboard commands to TRACON to
start the simulation. The first operation performed is to
erase the radar sweep and the ground outline from the radar
display. This operation is performed to simplify the
identification of aircraft on the screen to process
conflicting pixels in the video graphics interface. The ATC
network controller then checks for pending and active
aircraft on the radar screen. When a pending aircraft is
found, keyboard commands are issued to accept the aircraft.
Once accepted, the aircraft position and flight plan
information is Aread@ from the TRACON graphics screen. Only
pixel information from the screen is available to the ATC
network controller. The program actually uses a template
matching character recognition method to Aread@ the
information. For each active aircraft, the current position
of the aircraft is determined, and the input information for
the neural network is generated.

The inputs to the neural network are as follows:

1. Conflict in the next t minutes.
2. Is other aircraft going to the same destination.
3. Is the next waypoint a tower.
4. Is the next waypoint an intersection.
5. Is the next waypoint a center.
6. X attraction gradient vector.
7. Y attraction gradient vector.
8. Z attraction gradient vector.



9. X repulsion gradient vector.
10. Y repulsion gradient vector.
11. Z repulsion gradient vector.

Figure 3 ATC Neural Network Controller TRACON Interface

The outputs of the neural network are defined as follows;

1. Change Altitude.
2. Change speed.
3. Change next waypoint.
4. Issue Acleared direct to ... @for a tower.
5. Issue Acleared direct to ... @for a center.
6. Issue Acleared direct to ... @ for an intersection.
7. Issue handoff to tower command.
8. Issue handoff to center command.
9. Set handoff command altitude and speed.
10. Increase speed.
11. Increase altitude.
12. Turn right.
13. Turn left.

Except for the gradient inputs, all the inputs and outputs
to the neural network are binary, taking on TRUE/FALSE or
YES/NO meanings.



Network Architecture

There are many neural network architectures that could be
applied to this problem. The most commonly used network type
is the feedforward network. Since this network cannot
develop its own internal state some form of feedback is
required to maintain any state information. In the ATC
environment the state information is as follows:

1. The position and velocity of each aircraft.
2. The flight plan for each aircraft.
3. The commands issued to each of the aircraft.
4. Information regarding the ATC environment such as, the

location of airways and intersections, and the
location and headings for airports.

5. Weather related information.

For the ATC network controller, all of this information is
maintained outside the network and therefore the system can
be controlled by a feedforward network. In addition, it
should be noted that feedforward networks are easier to
train than feedback type networks.

Under the category of feedforward networks, there are
several types and several training methods. Kohonen learning
can allow a feedforward network to self-organize on the
input data. Also, supervised learning methods like
backpropagation and MADALINE rule II can be used to train
feedforward networks. The MADALINE consists of threshold
logic units and the backpropagation network uses Asigmoidal@
processing elements. The threshold logic element has several
properties that make it desirable for use in the network
controller. Threshold logic can be trained in several ways
including modified backpropagation, MADALINE rule II and by
a reinforcement learning technique called the associative
reward/penalty algorithm. Furthermore, it is possible to
load the weights to this kind of network Aby hand@ (e.g. most
neural net courses have students build a network for the
parity or XOR problem using threshold logic by inspection).

BASELINE MODEL

Providing decision aids for an air traffic controller
involves interpretation and learning based on a sampled and 



quantified environment followed by commands to aircraft.
Such a system should ultimately have the ability to:

1) Deal with very high dimension environments (a variable
number of aircraft and complex scenes).

2) Be able to react rapidly (reflex) to unambiguous
environments.

3) Reflect on planned actions in complex scenes in real
time.

4) Execute exploratory learning behaviors designed to
enhance knowledge of the environment when it is
ambiguous.

5) Resolve conflicts for resources (prioritize message
traffic).

These features are incorporated into our baseline model
which provides a conceptual framework for embedding the work
done in this phase of the study into a complete system in
Phase II.

Our basic model satisfying the five requirements listed
above is illustrated in Figure 4. The above model processes
an air traffic conflict vector, T, generated by a situation
assessment preprocessor indicated by (1) in the figure. The
model has two processing paths producing both a reflex
response and a reflective response. Both responses create a
request for resources which may conflict, so that conflicts
which may arise must be adjudicated in a conflict resolution
(7) function. The reflex response converts known environment
interpretation T vectors or temporal sequences of T vectors
into responses. The reflective networks which do planning
react to an internally generated environmental
representation formed by the inner model. The inner model
represents both linear and nonlinear aircraft interactions.
In a neural network object oriented version of an inner
model, the activation at the network nodes represent a
measure of net aircraft collision probability or threat,
while planning is done by minimizing this probability over a
mission, i.e., getting aircraft to their destinations and
efficiently (minimizing fuel consumption) within the
airspace available while maintaining safe distance
separations. Evaluation of the air traffic control
environmental feedback or of a proposed effect on the ATC
environment will be processed in a response evaluation unit.



Figure 4 Baseline Cognitive Model

Finally, whenever the ATC environment input T cannot be
evaluated, or when all possible response lead to
unsatisfactory results in the ATC environment, it may be
desirable that a learning behavior be activated in order to
improve the situation. The learning behavior is activated by
environmental feedback. In a more advanced model, the
learning behavior would be tested on an inner model as a
planning phase. The use of learning behaviors in any future
cognitive ATC system may hold some risk and may not be
advisable.

ATC Environment Characterization

The task of mapping an arbitrarily dimensioned, time varying
internal representation sufficiently rich to permit the
cognitive processor to cope with any situation is critical
for success in an autonomous system. In a connectionist
system representation of the environment is input via a set
of sensors. The number of objects or classes discernable
becomes a variable internal representation. For example, the
air traffic environment under control may contain a
previously unspecified number of objects of potential
interest to each pilot, each object belonging to a conflict
group, and conflict groups may in turn belong to different
classes. In practice the unbounded dimensional world must



first be quantized and limited for presentation to a
topologically connected information processing system.

When dealing with multiple conflicts, only a fixed number
may be dealt with simultaneously by considering their
individual properties. As the number of objects in a scene
increases, one is forced to prioritize and select the ones
to process, for example, those in closest proximity, the
fastest, etc. As the numbers of objects in the field of view
increase still further, individual object conflict
descriptions are augmented by group conflict descriptions.
Group properties are cognitively emergent and may include
such items as group type, center of mass, cluster volume or
shape, distribution (aircraft formation for example), group
velocity, number of objects, group intention and so on.

THE AIR TRAFFIC CONTROLLER INNER MODEL

A complete Acognitive@ ATC controller system has elements of
rapid reflex response, planning and the means for measuring
the effects of the controller’s commands. In order to deal
with the temporal aspects of aircraft conflicts, an
autonomous controller should rely on the use of inner
models. These inner models generate test outcomes of
possible responses generated in the reflex and reflective
networks. These knowledge intensive models demand a
methodology with which to gather expert flight controller
knowledge by rule or by observation. The knowledge is used
to instantiate the system to cope with uncertainty and
novelty on a dynamic basis.

ATC Conflict Field Interaction Model

The development of the ATC Conflict Field Interaction Model
was originally motivated by the difficulty we anticipated in
representing and processing spatial information in a neural
network. In a general air traffic environment controllers
must keep track of the relative locations and velocities of
many planes and react accordingly. Before TRW’s research
program started, there were no network models which were
able to deal well with spatial information and motion
control. Consequently, TRW designed a network which can
maintain and update spatial coordinates for all the objects
in an arbitrary scenario simultaneously based on flight
objectives/intent and perceived collision threats.



The ATC Conflict Field Interaction Model is used to simulate
the conflict environment. Traditional simulations use pre-
defined trajectories or waypoints to control the motion of
objects, however, the ATC Conflict Field Interaction Model
uses a heuristic motion control algorithm incorporating
field effect interactions and gradient descent to minimize
accident probability. Therefore, it can be thought of as an
autonomous vehicle control system or a flight path planner
as well as a conflict threat simulation.

The system essentially has two systems which operate
somewhat independently: the motion controller and the
conflict simulator. The motion control method is based on
the principle of attraction / repulsion fields between
objects arising from mission objectives and perceived
conflicts. The network combines each object’s multiple goals
to create a trajectory which will allow an aircraft to fly
it trajectory free of conflicts.

The motion control algorithm was designed with a parallel
neural network implementation in mind. The proposed network
implementation would result in a system with constant
processing time independent of the number of objects in the
scenario. The conflict simulations are state-transition
systems which operate independently. Their independent
operation makes them a good candidate for parallel
implementation, but we did not design our network for this
purpose.
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ABSTRACT

TASC is currently developing for the GPS Range Applications Joint Program Office
(RAJPO) the mission planner which will be used by test ranges procuring RAJPO-
developed GPS test range instrumentation. Test Range User Mission Planner (TRUMP) is
a user-friendly, PC-resident tool which aids in deploying and utilizing GPS-based test
range assets. In addition to providing satellite/jammer visibility (for a Digital Terrain
Elevation Data (DTED) range map) and dilution-of-precision (DOP) information, TRUMP
features:

C Time history plots of time-space-position information (TSPI)

C Performance based on a dynamic GPS/inertial system simulation

C Time history plots of TSPI data link connectivity

C DTED maps with user-defined cultural features

C Two-dimensional coverage plots of ground-based test range assets.

This paper will discuss TRUMP’s role on the test ranges and its current features. In
addition, the functionality to be added during the next development phase will be
presented.

Key Words: GPS mission planning, TSPI performance, GPS/inertial system simulation,
PC-based tool, test range assets, data link.

INTRODUCTION

The satellite-based Global Positioning System (GPS) is revolutionizing navigation and
positioning by providing a worldwide, all-weather system with anticipated accuracy of



under ten meters. The multi-user, all-altitude, high accuracy features of GPS will be
exploited by the national test ranges as the long-sought-after solution for a common time-
space-position information (TSPI) system. GPS will fulfill the requirement for test range
interoperability and will provide a cost-effective solution to instrumenting large numbers
of users involved in operational test and evaluation (OT & E) and training operations.
Test Range User Mission Planner (TRUMP) will be the mission planner used by test
ranges procuring GPS instrumentation from the Range Applications Joint Program Office
(RAJPO).

There is a need for GPS-based mission planning because GPS performance is scenario
dependent. Achievable GPS navigation/positioning performance is dependent on the GPS
receiver/antenna architecture and integration strategy. In addition, environmental factors,
including satellite availability and visibility (i.e., terrain blockage), vehicle dynamics, and
the presence of jamming/interference also impact performance. The test range community
will use TRUMP to aid in deploying GPS-based test range assets (including pseudo-
satellites) and in assessing the adequacy of resultant positioning performance.

This discussion begins with background information about GPS instrumentation
developed for the test ranges. This is followed by an overview of TRUMP and its role in
helping the test range user realize the desired accuracies/benefits of GPS.

BACKGROUND

To meet the requirements of the GPS Range Applications Program (GPS-RAP),
contracts were awarded to develop a family of GPS instrumentation to provide accurate
TSPI for the tri-service test and training ranges. Brief descriptions of the receivers,
translators, ground transmitters (pseudo-satellites), and the data link system follow.

Receivers can provide GPS-based TSPI data in the form of pseudorange and delta range
(Doppler) measurements with a minimum of onboard processing, or position and velocity
measurements in cartesian coordinates with a moderate amount of onboard processing.
Interstate Electronics Corporation (IEC) has developed the Low Dynamics
Instrumentation Set (LDIS) and High Dynamics Instrumentation Set (HDIS) for the
RAJPO. The LDIS emphasizes minimum cost and size, while the HDIS emphasizes
performance. The reference receiver (RR), also developed by IEC, is a rack-mounted
version of the HDIS that operates from a surveyed site to calibrate the systematic errors
(introduced by uncertainties in satellite location and signal transmission delays through the
ionosphere) and computes differential corrections. These differential corrections are used
by the HDIS and LDIS for increased accuracy. A GPS receiver normally processes
signals from four different satellites to compute a position and velocity fix. Integrating the
receiver with an inertial measurement unit (IMU) improves the performance of the receiver



and maintains TSPI system performance through signal outages (introduced by such
factors as antenna or terrain masking).

The type of receiver used, the use of an RR, and the quality of the integrated IMU impact
the achievable accuracies of GPS and are important in mission planning.

A translator acts as a wideband RF relay which frequency-shifts (to S-band) and
retransmits the unprocessed GPS signals to a translator processing system (TPS). The
TPS either wideband records the unprocessed signals for post-mission processing or
tracks and processes the signals for real-time tracking. The translator and TPS have been
developed by IEC. Translators perform a relatively simple function, hence they are smaller
and less expensive than a full-up receiver. Consequently, they are well-suited for small or
expendable vehicles.

Ground transmitters (GTs), developed by Standford Telecomm, act as GPS satellites on
the ground. A test range may use them to augment the GPS satellites until the constellation
is complete. There are several aspects of GTs that make incorporating them into mission
planning important. Because GTs are located on the ground, terrain masking is a key issue
and must be taken into account. In addition, proximity to a GT may result in
unmanageable Doppler rates and multiple access interference. In order to minimize the risk
of excessive range acceleration, GT-induced accuracy degradation or signal capture,
“exclusive regions” should be established about each GT. Mission planning can be
effectively exploited to address these issues.

The GPS data link subsystem (DLS), currently under development by QUALCOMM,
Inc. under contract to IEC, has as its primary purpose to support GPS position data
collection and processing. The DLS will provide high reliability message transmission
while downlinking data from highly dynamic aircraft, as well as allow cooperative
interoperation among adjacent ranges. As with the GTs, tile data link ground stations are
vulnerable to terrain masking. Mission planners call be used to investigate the effect of the
terrain on system performance. To provide a high quality measure of overall DLS
performance, a mission planner needs to assess link margin, for both direct links and
relays between participants and/or data link ground stations (to allow for operation in
areas without ground stations).

There are aspects of GPS mission planning that are independent of the test range
instrumentation. Clearly, the availability of satellites (which changes with time, location,
launching of new satellites, and problems with satellites already in orbit) must be taken
into account. Certain characteristics of the vehicle involved in the mission must be
specified so that dynamics, limitations, and body masking are modeled. Unintentional
jamming oil the range should also be factored into performance evaluation.



USING TRUMP

TRUMP is a PC-resident tool which aids in deploying and utilizing GPS-based test range
assets. It will be delivered to all test ranges procuring the RAJPO-developed
instrumentation. TRUMP integrates a user-friendly, menu-driven interface and high quality
graphics with a fully-modeled dynamic GPS/IMU simulation. It features GPS coherent/
non-coherent tracking, signal reacquisition, receiver aiding by an IMU, and automatic
mode transition logic. The TRUMP implementation of the GPS receiver is based on the
functional block diagram shown in Figure 1. DOP information, terrain blockage, and
jamming are all reflected in the TRUMP-generated output. With TRUMP, the user can
examine time-history plots of data link connectivity, TSPI performance, receiver channel
tracking status, and TSPI asset visibility.

Figure 1  GPS Receiver Functional Block Diagram - Coherent Mode

TRUMP is a package of C and FORTRAN programs that requires a minimal hardware
configuration of an IBM-PC/AT or its equivalent, 640 KBytes of random access memory
(RAM), a hard disk with roughly 4 MBytes of available disk space, a floppy disk drive,
and an EGA color monitor and adapter. The addition of a math co-processor chip,
mouse, and modem enhance the system by improving the speed, facilitating scenario
set-up, and allowing the update of the GPS satellite almanac, respectively. The user goes
through the mission planning process with TRUMP by exploring different deployment
options, setting up the desired scenario, executing the mission, and examining
performance plots.



Deploying GPS Test Range Assets

Prior to setting up the mission, the user should examine the area visibility of the sites
chosen to deploy the ground-based test range assets. Potential ground sites (for GTs and
data link ground stations) are specified by the user on the test range terrain map (delivered
with TRUMP). Figure 2 is an artist’s depiction of a coverage map for ground-based
assets. From such a map (normally color-coded), the user can quickly determine how
many of the specified ground sites are visible from any point on the map. In this figure,
ground sites are labeled G1, G2, and G3, and terrain clearance is 2000 m. The
computationally efficient software allows the user to experiment with different site
locations until the desired two-dimensional range coverage is achieved. These site
locations are then used in specifying the mission scenario.

Figure 2 Two-dimensional Coverage Map

Setting Up the Scenario

With the use of built-in map and text editors, the user specifies the desired trajectory and
sets parameters that define the mission. Each test range will receive the appropriate terrain
elevation map along with TRUMP. The user has the option to enter the Map Editor and,
with a mouse, draw the desired trajectory on the range map. Tick marks call be placed at
specified time increments on the trajectory. These marks will also be displayed on the time



plots so that the performance at specified points in the mission can be easily identified. In
addition, jammers (representing L-band jamming sources on the range), GTs, and data
link ground stations call be placed on the map; the latter two should be placed as
determined by the two-dimensional coverage plots output during the test range
deployment phase of mission planning. If an air vehicle is under consideration, the user
may indicate those portions of the trajectory to be traversed in the cruise mode and those
to be flown in the terrain following mode. Figure 3 is a monochrome rendition of a
pseudo-colored terrain map on which is overlaid the mission trajectory, ground-based
assets, and cultural features for a specific test range mission. Once the scenario is
depicted properly on the map, the user can enter the Text Editor to supply additional
mission parameters and/or refine the map entries. If desired, the user call set up the
scenario entirely within the text editor and subsequently view it on the map.

Figure 3 Map Editing with TRUMP

The Text Editor allows the user to specify several classes of parameters. Mission
Parameters include general specifications; e.g., the date and time of the mission, as well
as the vehicle type (air, land, or sea). The user may also set default cruising elevation
(relative to mean sea level - MSL) and terrain following clearance; these may be
overridden at any individual waypoint. In addition, vehicle limitations are defined; these
include the maximum MSL elevation, speed, slope, and acceleration that the vehicle of
interest can realistically maintain. If these limitations are exceeded, TRUMP will see the



mission to completion but indicate the time(s) that a given limitation violation occurred.
Finally, the user may indicate the desired update time interval (e.g., one second for air
vehicles, ten seconds for less dynamic ground vehicles).

Trajectory Parameters define the mission course via waypoints. From the Text Editor,
the user may specify waypoints or modify waypoints that were specified from the Map
Editor. Each waypoint is defined by its position (lat, lon), MSL elevation (if the default
cruise elevation is not desired), and the speed that the vehicle will strive to maintain from
that waypoint to the next. The flight mode (cruise or terrain following) is also specified for
each waypoint; the user has the option to override the default terrain clearance for terrain
following mode. A turn value is associated with a waypoint, allowing the user to
command a change of heading or 180-degree circular turn at that point. Finally, the user
may specify the turn acceleration at each waypoint.

The quality of the GPS receiver is specified as part of Receiver Parameters. Carrier loop
and code loop bandwidths can be adjusted to emulate the equipment implemented on a
given range. TRUMP defaults to bandwidths emulating the HDIS.

GT Parameters, Data Link Parameters, and Jammer Parameters are similar to
Trajectory Parameters in that they may be introduced in the Text Editor or initialized in the
Map Editor and modified textually. Each item in these classes is represented by a position
(lat, lon), MSL elevation, and two-character identification. Each jammer, data link ground
station, and GT is also assigned a power level. While this remains constant throughout the
mission for data link ground stations and jammers, the power level is specified
dynamically for GTs. Test ranges have the ability to power-manage GTs so that flying at
close range to a GT (whose power has been reduced) won’t result in inadvertent jamming
of the receiver. In addition to position, elevation, and power, jammers are assigned a type
(point, sector, area, or airborne) and orientation.

Boundary Parameters, the final class represented in the Text Editor, allow the user to
overlay boundary and cultural features on the terrain elevation map. While the overlaid
boundaries/features don’t impact the mission performance, they provide the user with
important points of reference that aid in setting up the scenario.

Editing parameters, either textually or with the map and a mouse, is fast and easy with
TRUMP’s Custom-designed menus and on-line help. All waypoints and ground assets
defined in the Text Editor call subsequently be viewed on the map.



Running the Mission/Examining Plots

The first step in running a mission is generating a trajectory. This can be accomplished by
either reading a trajectory file previously created from an actual flight tape or running the
Trajectory Generator. The former method allows the user to incorporate real vehicle
dynamics in trajectories that have been previously run, while the second mode makes it
possible to traverse new trajectories with characteristics specified in scenario setup. The
Trajectory Generator supports use of terrain elevation data. It outputs data at a user-
defined rate (e.g., once per second for air vehicles) for land, air, or sea vehicles. This
module supports cruising flight or terrain following, user-specified turn modes, and
vehicle limitation checks. The resulting trajectory can be viewed on the map or on an
elevation time-history plot, presented relative to the local terrain.

Following trajectory generation, the user can execute Data Link Analysis. This set of
routines provides the user with plots showing data link ground station visibility (taking into
account terrain blockage) over time. In addition, a link budget is calculated for each
ground station, providing the user an assessment of connectivity.

GPS Analysis generates several plots that aid the user in assessing mission performance.
A polar plot illustrates the paths of the GPS satellites over the mission area at the
specified time. A DOP plot provides further information about the geometry of the
satellites. The receiver tracks satellites that have the best geometric dilution of precision
(GDOP), so DOP impacts achievable accuracy. Visibility plots are generated for
satellites, GTs, and jammers. The receiver must “see” at least four GPS signal sources
(either satellites or GTS) to generate a position and velocity fix. The visibility of the
satellites is determined by their orbits, while the visibility of the GTs and jammers is a
function of terrain blockage. The signal-to-noise ratio (SNR) of each GPS source is
plotted; SNR includes the effect of interference (by either jammers or GTs). In addition,
the SNRs of those sources actually tracked by the receiver’s four channels are plotted on
graphs that also illustrate channel tracking status; i.e., coherent tracking (carrier and code
loops), non-coherent tracking (code loop only), or loss-of-lock. GT vehicle dynamics are
plotted, indicating at what time the carrier loop is unable to track due to excessive
doppler. This plot tells the user when the specified trajectory is too close to a GT. Finally,
the TSPI accuracy (position and velocity) is presented. Figure 4 shows the composite of
three position errors in local level coordinates (north, east, down) at the user’s position.
These TSPI data are generated by a covariance analysis program which presumes the
presence of an IMU and an eleven state navigation filter. If the TSPI accuracy (and data
link coverage) meets the user’s requirements, the mission can be run as planned. If not,
the user can examine the data plots provided to determine what factors contributed to the
unacceptable performance (e.g., poor satellite coverage, inadequate coverage by ground 



assets, jamming) and revise the mission scenario. After a mission has been run, the user
can enter the Report Writing mode and generate listings of his mission specifics.

Figure 4 TRUMP Navigation Assessment Plot

SOFTWARE ENHANCEMENTS

Several features have been identified by members of the test range community as
important enhancements to TRUMP. These features will be implemented in the next phase
of the software’s development and should be completed by mid-FY91.

The DLS supports a multi-level relay feature which allows each user to serve as a relay for
other users’ data. Because of the relay feature and the deployment of multiple ground
stations, in many situations there are several routes from the user to the DL controller/
processor. TRUMP will rank the viability of each path and derive an estimate of overall
message acceptance rate.

Presently, TRUMP supports an integrated GPS/IMU configuration. Receiver parameters
are user-definable to support modeling of a specific quality receiver. The IMU is presently
fixed to model a low quality strap-down. TRUMP will be modified to allow the user to
vary the IMU quality.



The test range community has indicated a need to be able to create range-specific
jamming types. TRUMP presently supports four specific jammers. TRUMP will allow the
user to specify a new jammer by using the text editor to enter jammer parameters and by
using a mouse to draw azimuth and elevation antenna patterns.

The Defense Mapping Agency (DMA) is providing a set of compact discs (CDs) which
contain DTED for the entire United States. As part of TRUMP’s enhancements, TASC
will create a software package which will utilize these CDs to create range-specific DTED
maps.

Differential GPS is an operating mode whereby a surveyed-in reference receiver estimates
system biases by differencing its known location with its GPS-computed location. These
bias estimates are then provided to the user as corrections to his TSPI solution. TRUMP
will model the differential GPS mode, including reference receiver operation, and
differential correction generation and utilization.

Several additional features have been identified but are not presently scheduled for
implementation. These include modeling of translator/TPS equipment and an LDIS (i.e.,
no IMU) and incorporating a map zoom/scroll capability.
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Abstract

New developments and modifications to existing gas turbine engines require
qualification through extensive ground testing followed by flight testing. An
increasing work load necessitates productivity improvements in the test platform
utilization and the telemetry ground station.

This paper addresses the application of a compatible family of commercial off-
the-shelf telemetry systems for quick-look to ensure data integrity on board the
Boeing 720 test platform, and a distributed architecture ground station to serve
multiple engineering disciplines through the use of an acquisition subsystem
serving data to independent color graphics workstations via an Ethernet local
area network.

Introduction/History

Garrett began flight test in 1963 to support turboprop engine development and
demonstration on a modified A-26C. In 1977, a Falcon 20 was added to the
flight department to provide a turbofan test platform. The original A-26 was
replaced by a B-26K (an updated version of the same aircraft) in 1980 to
accommodate turboprop engine growth. In 1987, a replacement vehicle for the
B-26 was needed to allow testing of a greater variety of engines. This prompted
the purchase of the existing Boeing 720 now operating as a testbed for the
“pusher” turboprop. The generic pylon adapter and the easily configurable data
acquisition system allows testing of many types of engines on the Boeing 720.



Previous System

Data acquisition, prior to the implementation of PCM at Garrett, was performed
by ruggedized analog recording equipment and computer-controlled data
logging equipment. The analog equipment was used to record data on-board
the aircraft and to display only basic safety of flight and data confidence
parameters. The need for precise measurement was filled by a data logger
patterned after the test cell computer systems.

The basic structure of the data logging system was a computer-controlled
multiplexer with a precise A/D converter. Once digitized, the data was fed back
into the controlling computer and routed to a digital tape recorder.

After the flight or ground test was completed, the digital data tape was removed
from the aircraft and carried to a central data acquisition computer network. The
data was then corrected, reformatted, and sent to the Cyber computer used in
Garrett’s engineering department for data manipulation and engine modeling
analysis.

In 1977, an FM telemetry link consisting of 21 VCO channels was installed to
allow real-time monitoring of analog engine data. This system has provided a
reliable data link for many programs and continues to be a valuable asset.

Ground Station Goals

The ground station has traditionally provided only twenty real-time analog
parameters to strip charts and a “slave” computer CRT to repeat the data of the
on-board data logger. This slave CRT was fed by downlinking the RS-232 signal
from the on-board system through a special VCO in the FM telemetry link.

The primary goal of the new ground station data displays (Figure 1) is to allow
real-time digital and analog display of ALL parameters in the on-board
acquisition system. IRIG standard equipment was selected so Garrett Flight
Test could conform to the flight test industry standards rather than the company
standard for data acquisition.

A second goal of the ground station is to provide expeditious transfer of flight
test data to Garrett’s engineering department.



New System Requirements and Objectives

The new ground station equipment has two primary tasks. First, the system is
required to offer real-time display of all data parameters in engineering units.
This requirement includes the display of parameters calculated from multiple
raw data measurements and the analog output of any parameter in scaled
engineering units to strip charts.

The system’s second requirement is to provide data to the Cyber engineering
computer system. The data has to be in a format identical to that coming from
both the test cell computer and the previous flight test data logger. The data
transferred from flight test has to be identical in form, fit, and function to
eliminate new software development on the existing engineering computer
programs.

On-Board Data Acquisition System

Sensor Description

The parameter list for turbine engine flight test consists primarily of pressure
and temperature measurements. In 1984, the flight test department established
a goal to condition and convert all possible parameters to high-level, single-
ended (0 to 5 VDC) form as close to the sensor as possible. This practice has
changed the discrete sensor inventory to newer technology and has provided
the base for simplified on-board systems. Full bridge pressure transducers
requiring external signal conditioning are being replaced by amplified devices
that offer high-level, single-ended output. These new transducers no longer
require regulated excitation voltage, and the ripple effect through the sensor
inventories has eliminated the need for complex signal conditioning and
amplifiers.

Encoding System

The aircraft-mounted data gathering hardware (Figure 2) is divided into two
major areas. A cabin-mounted encoding system and an engine mounted
encoder are tied together through a digital interface that allows the engine-
mounted hardware to appear as an extension of the main encoder. The entire
system is under program control and is configurable on a test-by-test basis so
the input range of each parameter can be optimized.



The cabin multiplexing system consists of a 12-bit Aydin-Vector PMU-700
encoder with internal analog, bi-level, counter-timer, and ARINC-429 signal
conditioning. This master encoder has an internal time code generator that
provides embedded time in the data stream and is externally tied to a Datum
time code generator for synchronization of recording systems. The master
encoder has a satellite temperature multiplexer providing PAM data into the
analog inputs at the system minor frame rate. A pressure scanning system,
which is tied to the master encoder word rate, provides digital corrected
pressure data in engineering units in some of the bi-level input lines. Engine
control and operating data from the test engine fuel control computer is fed into
one of the four input channels on the ARINC-429 module.

The engine mounted multiplexer, acting as an extension chassis, is a 10-bit
Aydin-Vector MMP-900 encoder tied by way of a 10-wire interface to the master
encoder. When the 10-bit data is fed through the interface module in the master
encoder, the two missing bits are added to each data word, simplifying data
decommutation. The engine-mounted encoder has internal analog, bi-level,
counter-timer, and thermocouple signal conditioning. For measurements
requiring greater resolution or accuracy, a patch network of both thermocouple
wire and instrumentation wire is provided to allow engine parameters access to
the cabin-mounted equipment.

New System Architecture

Both the on-board “quick look” and ground station telemetry data acquisition and
processing systems employ the same architecture. Common function modules
are interchangeable between both systems to reduce the requirement for
spares. The “quick-look” system is based on Loral Instrumentation’s ADS 100.
The ADS 100 is a complete system in a box, providing bit synchronization,
frame synchronization, decommutation, data distribution, IRIG time data, and
analog outputs. The ground station system is based around a System 500,
which extends the ADS 100 architecture to enhance and distribute data display
and control. The data display and control functions are made available to
multiple color graphic workstations through a local Ethernet network.

On-Board “Quick Look” System

The ADS 100  includes an integral display for viewing tabular data, bar charts,1

and graphs, and for setting up the system. The user interface is friendly and
easy to use. Flight test engineers set up the system via a menu-driven, self-



prompting series of commands and page displays. Data entry is made easier by
an anticipation mechanism that attempts to complete the command with a
minimum of key strokes. Page definition is simplified by cursor keys and the
“next” key, which allows the operator to see quickly the complete library of
allowable entries for many fields. Programmable function keys are also available
to automate command sequences and data entry operations. All data base and
module setup information can be saved for later use with the integral 3 1/2-inch
floppy disk drives.

Modules, in the ADS 100 (Figure 3), provide real-time processing, data
compression, equation processing, and analog outputs (for driving on-board
discrete displays). A complete PCM simulator in the ADS provides essential
system setup and troubleshooting capabilities. Additional modules are available
to provide MIL-STD-1553B bus monitoring, analog input, computer interface,
disk and tape storage and control, multiple stream handling, etc. This
expandability of the ADS 100 allows easy configuration for any future on-board
needs without major system changes.

In hardware and software, the ADS 100 has a multiple bus architecture. This
architecture facilitates expansion at the module and chassis levels. The system
is organized around two independent buses: the Microprocessor bus, and the
MUXbus.

The Microprocessor bus provides the setup and control interface for all
modules in the system. It also allows the system microprocessor to access
resources for user interface functions and for various background tasks. In
addition, several modules have on-board processors, which apply distributed
processing techniques to specific real-time tasks.

The MUXbus is a high-speed, 4 million word-per-second, real-time data bus. It
is fully arbitrated in hardware and implements a data flow architecture for all
modules that acquire or process real-time data. The MUXbus consists of 16
data bits, 12 tag bits, three stream bits, and one alarm bit. The 12-bit tags are
data identifiers and are used to control data distribution. The alarm bit is used by
the ADS 100 integrated alarm handling system. Each incoming data word is
checked against upper and lower limits. Limit violations are flagged via the alarm
bit on the MUXbus. The alarm bit can signal other modules to take action based
on the alarm (data display, audio alarm, function key execution, etc.).



The MUXbus priority scheme is based on a rotating priority. A module places
data onto the MUXbus and the arbitration circuitry latches the request and
checks the priority of the module. If no higher priority requests are pending, the
arbitration circuit allows the requesting module to place the tag and data onto the
bus. Data on the MUXbus is available to all modules on the bus, allowing
multiple modules to receive the same data during one bus cycle. Tag
assignment and recognition are defined during setup from the system data
base. Thus, data distribution becomes a simple hardware function with no
overhead required during real-time operation.

The software consists of system software and module software. System
software performs initialization, setup, memory management, task management,
command processing, and other overhead functions. Each module contains the
additional code required to implement the routines unique to that module.
System and module software communicate via a software bus across the
Microprocessor bus. This arrangement eases system expansion and module
addition by eliminating lengthy and complicated “sysgen" sequences when the
system is changed.

Ground Station

The ground station system utilizes the Loral Instrumentation System 500 , a2

product that has extended the ADS 100 architecture. An Ethernet Processor
within the System 500 architecture (Figure 4) distributes information for the man-
machine interface to multiple color graphics workstations. The availability of
lower cost workstations that adhere to computing industry standards (UNIX for
the operating system, Ethernet for the network, TCP/IP for reliable data transfer,
UDP for efficient data transfer, NFS for remote file access, SQL for data base
access, and the X Window System for graphics) allows rapid system
development and eases operation and maintenance.

PCM data is brought through Loral’s DBS 530 Bit Synchronizer  into the System3

500, which applies algorithms to the data, converts it to engineering units for
display on the workstations, and scales it for display on the strip chart recorders.
FM telemetry data is converted back to analog through the 21 discriminators and
is fed into the quantizer inputs of the System 500 for digitizing. The System 500
then corrects the data, applies algorithms, and converts the data to engineering
units for display on the workstations and chart recorders. The simultaneous
throughput of both PCM and quantized data allows the ground station to 



reconstruct both the slower PCM and wideband FM data to the original
relationship for display on the workstations and chart recorders.

Workstation displays (Figure 5) provide a consistent interface to users. A “soft”
annunciator panel makes up the top 20% of the screen for real-time monitoring
of critical parameters, data streams, the network, system errors, and data
alarms. The remaining screen area is available for viewing data in independent
windows defined through pull-down menus and list picks. Operators quickly
define each window with the Display Builder (Figure 6) and its catalog of display
objects. The catalog contains a variety of strip charts, bar charts, and
annunciator panels. In addition, users may import bit maps of unique characters
or photographs, or draw diagrams and objects connected to form a process.
Along with defined parameters, these window formats may be stored, and then
retrieved modified in real time. In addition to depicting data (e.g., graph or text)
(Figure 7), the display object has a background color that indicates adherence
to predefined limits (e.g., green - within limits, yellow - caution). The data value
can determine which bit map is presented, enabling process diagrams to depict
switch or valve status, aircraft systems operation, or antenna direction.

On demand, operators may capture data to a workstation file (Figure 6). They
can dynamically switch between real-time and data file playback, or play back a
data file even while recording is in progress. Optionally, the user can select a
start and end IRIG time for viewing portions of the data file. After the data file is
selected, a scroll bar appears. The user manipulates the mouse to move the
slider on the scroll bar which in turn moves through the data file and display
points on the screen. The data can be played back in both forward and reverse
directions. Users can play back data a single point at a time in forward or
reverse direction by simply clicking the mouse button on the right and left
direction arrows on the scroll bar. Note that single-stepping maintains the exact
order the data had in real time. A user can have two identical quick-look displays
on the same screen, with one display showing real-time data and the other
display showing recorded data.

The real-time, quick-look displays also support a history buffer for reviewing the
most recent (n) real-time samples that have been displayed. The value of (n) is
user-configurable. The user activates playback of the history buffer by pressing
the playback button on the display. Once playback is activated, a scroll bar
appears. The scrolling works in the same manner as the data file scroll bar. A
data loss indicator provides confidence of the integrity of data versus a static
value measured earlier in time.



Because of the limited capabilities of the network and workstations, the System
500 maintains a complex CVT (Current Value Table) in the front end’s
programmable processors (FPP). Only those parameters required for
processing or display on a workstation are gathered and transmitted. A library of
“data gather” algorithms  pass all or compressed data to the workstation. For4

example, the STATGAT data gather sends the minimum, maximum, average,
current value, and number of samples read for the specified parameters and the
specified time interval. The GATALL data gather sends all samples of the
specified parameters. Unique gather algorithms may be created in “C” for
display use or workstation applications. A digital data tape is prepared using the
gather programs for engineering analysis. Though not presently used at Garrett,
the system can transfer data in real-time to the front end for control and
simulation applications.

In addition to maintaining the CVT, the FPP provides real-time preprocessing
and data compression. Algorithms may be chosen from a library of traditional
flight test routines (e.g., bit manipulation, data conversion, EU conversion);
unique ones can be created in “C”. Algorithms are created and tested on the
workstation and are then downloaded to the FPP . A rich debugging5

environment is provided for testing under real-time conditions. The front end’s
parallel data flow architecture allows multiple FPPs to maintain the desired
throughput. Garrett is using two FPPs in the current system.

Present Data Display and Transfer Methods

The Western Graphtec chart recorders in the ground station (Figure 1) are
interactively controlled by the 386 computer. These devices offer engineering
unit scaling, on-page annotation of test configuration and parameter
identification, overlaid traces, and many other features.

Through the years, a real-time analyzer, providing spectral density display of
vibration and strain parameters, has been attached to the discriminator outputs
of the FM link. This tool has become valuable for recognizing flight safety issues
and analyzing engine vibration.

The data gather program that allows post-test data to be sent to the 9-track
digital tape for transfer is now being developed to send a similar packet to one
of the workstations for on-line processing. This feature differs from real-time
display because of delays of transfer (1-3 seconds) and application to imported



computer programs (10-30 seconds). In addition, the gathered data must be fit
into the complex engine modeling programs from the engineering computer
system. Because of this process, the display of vital engine performance
information is now reduced from two days to less than a minute.

Data Transfer Tomorrow

The ground station will soon be connected to the engineering computer system
by the large area Ethernet that links all the company computing systems. Data
will be ported across a separate Ethernet node in the larger workstation and will
be sent directly to the Cyber system. The realization of this process will open
nearly unlimited access to post test, on-line, and eventually, real-time flight test
data.

Conclusion

The flight test analog data systems at Garrett have ranged from humble
beginnings in the early 1960s with simple analog meters and oscillograph
recorders in an A-26 to today’s state-of-the-art computer-generated analog
displays in a telemetry ground station. The digital data acquisition systems have
come from low-speed data logging equipment on-board a Falcon 20 to a
distributed PCM acquisition system with nearly unlimited growth potential. Three
years ago, the units of time describing data transfer for engineering analysis
were in days. The present units of time for the same operations are in hours,
with simpler analysis in seconds and some even in real time.

The hardest question to answer when speaking about flight test data acquisition
at Garrett is, “What are the limitations of the new data system?”
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Figure 1. Garrett Engine Ground Station



Figure 2. Airborne Data Acquisition System



Figure 3. ADS 100 Data Flow Bus Architecture with Separate
Control and Display Bus



Figure 4. System 500 Data Flow Bus Architecture with Separate
Control and Display Bus



Figure 5. Components of the Color Graphics Display



Figure 6. Example of a Display Created with the Display Builder Feature



Figure 7. Example of Four Typical Display Windows
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ABSTRACT

Various PN codes for use in TTC spread-spectrum systems are considered. The
evaluation is based on peak magnitudes and amplitude distributions of both the even and
the odd autocorrelation and crosscorrelation functions. Furthermore the influence of the
phase of a sequence on the correlation parameters is studied, multiple-access
characteristics in terms of the total interference parameter are evaluated and synchronous
as well as asynchronous code generation is considered.1

Key words: Code division multiple access, spread spectrum transmission, cross
correlation, pseudonoise sequences, multiple access.

1   INTRODUCTION

For various reasons, direct-sequence spread-spectrum multiple-access (DS/SSMA)
systems have been proposed and are currently considered for TTC systems (e.g. by
ESA). In addition to other advantages such techniques can solve significant interference
problems with common used modulation techniques. They provide high protection
against external and internal interference and operate at low power flux density levels.
For use in TTC systems good correlation and multiple-access properties of the
pseudonoise (PN) codes are required. To characterize their performance, various key
parameters should be evaluated such as even and odd correlation functions, initial phases,
multiple-access parameters, synchronous (Chapter 3) and asynchronous (Chapter 4) 
“code generation". In accordance to the requirements of a typical TTC system, PN codes
up to length N = 1023 are considered and K = 10 simultaneously transmitting users are
assumed.



2   KEY PARAMETERS

An asynchronous DS/SSMA system supporting K users is shown in Figure 1. The signal
of the k  user is given byth

(1)

where the code waveform a (t) and the data signal b (t) are both sequences of rectangulark      k

pulses of amplitudes +1 or -1. P is the common signal power for each user, T  is thec

common carrier frequency and 1  the k  signal phase. It is assumed that the same powerk
th

is received from any other user and that the delay J  is randomly distributed.k

For further discussion let u and v be two {-l, +1}-valued PN codes of the set of K binary
sequences of period N = 2  - 1 where n is the length of the linear feedback shift registersn

(LFSR) which generate the PN sequence. Then the aperiodic crosscorrelation function
C (l) for u and v is given by:u,v

(2)

2.1   Autocorrelation functions

Good autocorrelation properties are required to achieve proper acquisition and to
maintain synchronization. Assuming “synchronous code generation” (i.e. exactly one bit
is modulated onto the entire PN code) two autocorrelation functions (ACFs) are given by
(see Figure 2):

• For b  = b : The periodic or even autocorrelation function (EACF) 1 (l) = C (l) +i-1  i         u,u   u,u

  C (l - N), 0 # l # N - 1 with the peak magnitude 1  max{*1 (l)* : 1 # l # N - 1}.u,u               a u,u

• For b  = -b : The odd autocorrelation function (OACF) :Ô (l) = C (l) - C (l - N), 0 i-1  i       u,u   u,u   u,u

     # l # N - 1 with the peak magnitude :Ô  = max{*:Ô (l) : 1 # l # N -1}.a  u,u

Note that the amplitude distribution does not depend on the phase of the sequence which
corresponds to a particular initial loading of the LFSR.
The OACF depends strongly on the phase of the sequence. Thus, a proper selection of
the phase can yield significant reductions in the peak magnitudes of the OACF without
influence on the EACF. The “best” phase with respect to :Ô  is the so-called AO/LSEa

phase (auto-optimal phase with least sidelobe energy) introduced by Massey and Uhran



[3]. It is characterized by the minimum :Ô  over all phases and by the minimum number ofa

occurence of that peak magnitude with “least side-lobe energy”. In [7] a procedure for
searching this AO/LSE phase is described.

2.2   Crosscorrelation functions

Analogue to the ACFs, two crosscorrelation functions (CCFs) are considered:

• The periodic or even crosscorrelation function (ECCF) 1 (l) with the peak magnitude u,v

     1  = max{*1 (l)* : 0 # l # N - 1.c  u,v

• the odd crosscorrelation function (OCCF) :Ô (l) with the peak magnitude :Ô  =u,v      c

max{*:Ô (l)* : 0 # l # N - 1.u,v

As before the phase of the sequence does not influence the ECCF but the OCCF. Since
optimum phases with respect to the OCCF are generally not AO/LSE phases, the phase
optimization is restricted on the search of the AO/LSE phases.

2.3   Multiple user interference

Assuming simultaneously transmitting users of equal power, additive white Gaussian noise
and the random character of the multiple-access, the signal-to-noise ratio SNR  for thei

i  correlation receiver after despreading is given by [2]:th

(3)

where SNR  is the original signal-to-noise ratio without the effect of multiple-access0

interference. SNR   = %2E /N  where E  is the energy per data bit, N  the one-sided noise0   b 0  b       0

spectral density and R  the total interference parameter (TIP) for the i  user assumingi
K        th

K transmitting users:

(4)

where J  is the average interference parameter between the i  and k  user, defined byk,i
th  th

(5)



Thus, considering the TIP sets of good codes for simultaneous use can be chosen. For
characterizing the total system performance the overall average interference parameter RT

av

is evaluated [5].

(6)

The system degradation * due to the multiple-access is defined as

(7)

For antipodal signaling the bit-error rate P  at the i  correlation receiver can be very goodb
th

([2]) approximated by P  = Q(SNR ).b  i

3   EVALUATION FOR VARIOUS PN CODES

The key parameters are calculated for “synchronous code generation”. The results are
summarized in Table I and II. The results of column 2 through 4 of Table I and of column
2, 3 and 6 of Table II are also given in [1]. The tables contain the code family size N  ands

the maxima of the peak magnitudes of the EACF, the OACF, the ECCF and the OCCF.

3.1   M-sequences

It is known that m-sequences have ideal EACFs (1  = 1) and that they are balanced (i.e.a

the number of “1’s” in the sequence exceeds the number of “0’s” only by one).
Figure 3 shows the amplitude distributions of the CCFs for 7 pairs of m-sequences of
period N=255. Each pair consists of the m-sequence generated by the shift register
polynomial (561)  (octal notation according to [1]) and of one of the 7 other m-sequences8

as given in Figure 3. All sequences are in AO/LSE phases. It can be seen that the ECCF
provide quite high peak magnitudes which are larger than those of the OCCF.
In order to choose the best set of sequences with respect to the MA behaviour the
procedure of El-Khamy [5] is applied ([10]): The TIPs are calculated for N /2s

m-sequences in AO/LSE phases (note that reciprocal m-sequences should be omitted in
an MA system). Then the sequences are ordered according to increasing values of R .i

Ns/2

The first 10 sequences of the ordered set are selected constituting the best set. Table III
shows the normalized R ’s for the selected sets in comparison with the correspondingav

10

parameter of purely random sequences. It can be seen that there is almost no difference
between the best sets of 10 sequences and random sequences.



3.2   Gold-sequences

They exist for n … 0 mod 4, the family size is N + 2 and they provide quite low peak
magnitudes of the EACF and the ECCF [1]. Many of the Gold sequences are balanced
[4]. In the following only the balanced ones are considered.
The AO/LSE phases as well as (:Ô )  (see Table II) are calculated up to length 1023. Ina max

Figure 4 the histograms of the amplitude distributions of the CCFs are given for Gold
codes generated by the shift register configuration (211 - 217)  which is a preferred pair of8

m-sequences. The period is N=127 and all codes are in AO/LSE phases. Note that the
various Gold codes of one family are characterized by the delay of the two generating
m-sequences [1]. Figure 4 shows the characteristic three-valued ECCF of Gold codes.

The normalized R ’s of sets of 10 Gold codes are listed in Table III up to period 1023.av
10

In order to reduce the computational effort only a portion of the 513 and 1025 Gold
codes of length 511 and 1023, respectively, were taken into account [10]. Best sets of 10
sequences perform considerably better than sets of random sequences.

3.3   Kasami-sequences

Sequences of the small set of Kasami sequences exist for n even. Their code family size
is 2  and none of them is balanced. The amplitude distributions of the ECCF and of then/2

OCCF of sequences of length 255 are presented in Figure 5 for sequences generated by
the shift register configuration (435 - 23) . They are in AO/LSE phases and are8

characterized by the delay [1].
As for Gold codes the peak magnitudes of the OACF of sequences with AO/LSE phases
are calculated up to length 1023 (results in Table II). Evaluating the TIP shows that the
MA behaviour of Kasami sequences is similar to that of Gold sequences (Table III)
although the peak magnitudes of the ECCF are smaller than for Gold codes. A reason for
this might be that the number of occurrence of the peak magnitudes is higher than in the
case of Gold codes.

4   ASPECTS OF ASYNCHRONOUS CODE GENERATION

We speak of asynchronous code generation, if a data bit is not exactly modulated over
the entire PN code of length N, but over B chips of the PN sequence with B … N.

4.1   Systems with B Greater than N

Assuming correlation over the whole bit length B all peak magnitudes of the correlation
functions will increase by a factor B / N compared to a correlation over the PN sequence
of length N. Also the MA performance becomes worse as is shown in [8] considering



random sequences. For B = MN, J  = 2B (2/3M + 1/(3M)) compared to 2B  for systemsk,i
2      2

with B = N. In [8] it is shown that in systems where B and N are relatively prime, the J ’s k,i

become substantially greater than 2B .2

4.2   Systems with N Greater than B

In systems where N is greater than B, peak magnitudes of all correlation functions are
carried out [10]. As an example Figure 6 shows the peak magnitudes of the partial ECCF
of various Gold codes as a function of the correlation length B. Compared to
synchronous code generation the partial peak magnitudes are considerably larger if B … N.
Thus, the good properties of Gold codes with respect to 1  and 1  get lost.a  c

In [9] it is shown, that Gold codes have not a worse MA behaviour if B > N than if
B = N. Even a slight reduction of the bit error rate can be expected. The influence of the
initial loadings vanishes and for longer periods (N $ 511) the performance will be close to
that of random sequences.

5   CONCLUSION

M-sequences, Gold sequences and sequences from the small set of Kasami sequences are
compared with respect to various criterions.
Although m-sequences have ideal EACFs, many pairs of m-sequences provide
undesirably high peak magnitudes of the ECCFs. Gold codes are shown to have good
correlation functions with low peak magnitudes and acceptable amplitude distributions.
Kasami sequences provide smaller peak magnitudes of the even correlation functions than
Gold codes, but are not balanced. Their family size may be too small.
In Figure 7 the degradation of the best sets of sequences for the considered code types
are shown. M-sequences (denoted as “M”) perform like random sequences, the optimized
sets of Gold and Kasarni codes (denoted as “G” and “K”, respectively) provide a better
MA performance than random sequences. However, these differences vanish increasing
the code period. For longer codes (N > 1023) the optimization with respect to the TIP is
negligible.
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Figure 1: Asynchronous DS/SSMA system



Figure 2: Autocorrelation of a PN sequence

Table I: Key characteristics of m-sequences

Table II: Key characteristics of Gold and Kasami sequences



Figure 3: Amplitude distributions of the CCFs of m-sequences of period 255

Figure 4: Amplitude distributions of the CCFs of Gold-sequences of period 127



Figure 5: Amplitude distributions of the CCFs of Kasami-sequences of period 255

Table III: Overall average interference parameters of best sets of 10 sequences



Figure 6: Partial ECCF of Gold codes as a function of the correlation length B

Figure 7: Degradation * of the system due to multiple-access for various
I sequences (M = m-sequences, G = Gold-codes and K = Kasami codes)
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ABSTRACT

Development of a next generation modular PCM system to satisfy a variety of
applications for a decade or more resulted in a greater design effort than the
use of the latest device technology to satisfy a current customer’s functional
needs. Functionality of the existing product line, as well as competitive products,
was coupled with a survey of users’ present and future needs, and their opinions
of both the good and bad features of existing products. The survey covered
system architecture, system throughput, signal conditioning, packaging,
software, telemetry, recording and support. A phased development schedule
implemented current customer requirements first, followed by development of
ultimate system capabilities. Proof-of-concept prototyping proved extremely
cost effective as significant changes and improvements in both mechanical and
electrical designs resulted from the prototyping. Extensive internal design
reviews permitted a wide range of engineering talent to contribute to the overall
design. This major undertaking was started just over two years ago with
mechanical prototyping and environmental testing of the new “Loaf-of-Bread”
(LOB) packaging concept. The core system functionality, composed of 17
different types of functional modules, is now entering the production phase
following full environmental qualification. Expanded system functionality is
currently developed through proof-of-concept operational hardware which will be
upgraded to production hardware within the year. The mechanical modularity
achieved by the LOB package will permit system users to make low cost,
periodic upgrades of key system functional elements by slice replacement
without obsolescence of the majority of the users’ delivered hardware.



INTRODUCTION

For decades the telemetry industry has primarily developed new products and
systems under contracts to satisfy specific customer requirements and not
under the broader guidelines used by commercial product developers. With the
number of new-start military and commercial aircraft programs rapidly declining
it was decided that the next generation of modular PCM systems could not just
respond to the next major customer’s needs and ignore the current and future
needs of the rest of the user community. This decision was reinforced by new
functional requirements of the first customer, which, if implemented as
proposed, would have materially increased the size of the existing multiplexer
box at a time when many users were saying the box was already too large for
many current and almost all upcoming flight test applications.

These events caused a complete rethinking of not only classical packaging
concepts but total system architecture and the procedures to be used for the
development of the new system. A crash program was launched to investigate
truly modular packaging concepts in parallel with an industry requirements
survey. The results of this effort pointed to the need for a significant departure
from the original design objectives envisioned at the start of the program. The
user survey showed that not only reduced package size was essential, but the
system throughput needed to be much greater than was originally believed
necessary. A “Loaf-of-Bread” (LOB) package concept was developed which
permitted doubling the channel capacity per cubic foot of aircraft volume and
eliminating many of the restrictions imposed by fixed size boxes. A mechanical
prototype was built and subjected to vibration and shock testing in order to verify
viability of the new packaging concept and acceptability to the customer of the
launch program.

In the area of signal conditioning, cost estimates of the new software controlled
Programmable Presample Conditioner Unit (PPCU) led to the conclusion that all
potential system users would not universally agree that a 100% software
controlled data acquisition system was cost effective (or affordable). Thus, it
was necessary to include in the overall system design provisions for existing
hardwire programmable presample conditioners to supplement the software
programmable units. It was also necessary to develop a more accurate cold
junction compensation technique for processing thermocouples. The survey
showed the need for increased accuracy over a narrower operating temperature
range to satisfy wind tunnel and ground engine test applications. This, of course,
expanded the system word length requirements to be able to process 16-bit



words as well as the classical 10-bit and 12-bit words used in most current flight
test applications.

A CRITICAL LOOK AT EXISTING DESIGNS

The first task in developing the new system was to take a critical look at both the
existing system architecture and at other manufacturers present designs and try
to assess the good and bad points of those designs.

System Architecture - Without exception, all users considered it essential to
have a distributed system architecture with a central controller and remote
multiplexers and signal conditioners. System throughput was where the widest
range of requirements was identified. Some current flight test programs such as
the Canadair RJ program only identified needs of 20k to 40k wps as they still
planned to use FM/FM for dynamic data channels. Agusta Helicopters in Italy
was using 128k wps, as was Caterpillar in testing large earth moving equipment.
For the LHX program, Sikorsky was planning to use multiple PCM streams and
an aggregate data acquisition word rate of about 800k wps. The European
fighter had specified throughputs of up to 400k sps as had Douglas for the
MD-11/C-17A data acquisition systems. Rolls-Royce had identified needs for
approximately 500k wps for a 2500-channel engine test system (steady state
and transient data only) with over 1 M wps for a 5000-channel system for a new
large engine. At the same time the US Navy on the F-14D program identified a
need for 1.8M wps to acquire and merge data from eight 1553B data buses,
pilot voice and other general parameters, plus data from a DMA channel
between the radar and flight computers converted to eight 1.5M bps PCM
streams (150k wps/stream). Just these few users generated a 90:1 ratio of
throughput requirements for currently identified applications. Since the past 20
years has shown a steady and consistent increase in data acquisition system
throughputs, it was clear that a system must be able to handle these currently
identified requirements yet at the same time, by parallel system expansion, be
able to have throughput capabilities significantly beyond these identified
requirements.

Recent developments in tape recorders backed up these conclusions. Single
track recorders from Datatape and Honeywell provide recording bit rates to
4.8M bps with 8mm cassette recorders, 8.0M bps with VHS recorders, 20M bps
with S-VHS recorders, 100M bps with 14-inch reel-to-reel rotary head machines
and up to 420M bps with the new MIL-STD-2179 cassette recorders. Ku-band
telemetry would also support much wider bandwidth rf links than the present



L- and S-band links. At the same time, it appeared necessary to be able to
divide high aggregate throughputs into multiple low bit rate PCM streams to
permit existing 7-, 14-, 28- and 40-track longitudinal head recorders for onboard
recording at low enough tape speeds to permit 1 to 3 hour recordings with only
one pass through the recorder.

System channel capacity was another critical capability requiring evaluation. The
existing AIFTDS-4000 system had a master/slave remote multiplexer capability.
One master unit (functioning as a central controller) could control up to 44 slave
Remote Multiplexer/Demultiplexer Units (RMDUs) with up to 352 analog inputs
per RMDU. This permitted configuring a system with a total of 15,488 channels.
Less than 1/5 of this capacity was ever used in a single system because it was
orders of magnitude beyond the requirements for classical temperatures,
pressures and positions for airframe certification. At the same time, however,
Aerospatiale recently flew an A320 flight test with 120 ARINC 429 buses that
generated over 30,000 measurands on one test aircraft. ARINC 429 data
requires two or three PCM words to acquire one 32-bit measurand. Two PCM
words are required to acquire a 16-bit MIL-STD-1553B bus data word while the
data acquisition system concurrently samples 10-bit or 12-bit classical
temperatures, pressures and positions. For large systems with many digital data
buses, the PCM channel (word) addressing capability of 15,488 words did not
seem totally adequate for the next generation of PCM system architecture.
Thus, it was decided to double this capacity to 30,720 channels (or PCM word
addresses) and change the product identifier from AIFTDS-4000 to AIFTDS-
8000.

Signal Conditioning - The AIFTDS-4000 system had always permitted
concurrent use of either integral signal conditioners and multiplexers packaged
on pluggable PC cards installed in I/O card slots of a RMDU chassis or
separate signal conditioner cards installed in 16- or 64-channel Presample
Conditioner Units (PCUs) feeding 32-channel differential analog multiplexers in
the RMDU. Signal conditioner complexity only permitted packaging from 4 to 12
channels per card. Thus, an RMDU chassis with 11 I/O card slots could only
support from 44 to 132 channels. However, with the use of colocated 16- or
64-channel PCUs, one RMDU chassis with eleven 32-channel differential
multiplexer cards could support up to 352 analog inputs. Thus, the decision to
use integral or separate signal conditioners, or a combination thereof, was left to
the system designer depending on the channel density of different types of
sensors in each zone of the test aircraft requiring an RMDU. Without exception,
this system capability was considered by users to be essential in future



systems. The AIFTDS-4000 signal conditioners went through their lost
pluggable PC level upgrading in the mid-1980s. Therefore, it was decided to
keep the 16-channel and 64-channel PCU packages as is, with the next upgrade
to raise their operating temperature limits from +71EC to the +85EC operating
limits of the new AIFTDS-8000 system. Other manufacturers also offered
standalone or integral signal conditioning, so there was no significant difference
in competitive products here except to consider the use of hybrids to materially
reduce the signal conditioner’s size.

Teledyne Microelectronics is currently the world’s largest manufacturer of
hybrids and produces hybrids that cover the product range from signal
conditioners through computers to microwave rf devices. Thus, reducing the
size of the PCM system through the use of hybrids could be easily
accomplished in-house if the market demanded if. Here, however, most
customers surveyed indicated they wanted to be able to repair the hardware
themselves (or have in-country representatives be able to do the repairs in
Europe or Asia) so they did not have to send modules back to the factory for
repair. Of course, the higher cost of hybrids over discrete ICs entered into the
picture and none of the users wanted to make the significant investment
necessary to purchase an inventory of a large variety of spare hybrids to permit
field repairs, unless it was necessary for their application. This sentiment even
flowed over into the use of surface mount devices because, at this time, even
that technology requires a significant capital investment by the user just to be
able to replace devices.

From the standpoint of size it appeared that the primary flight test users who
must have the much smaller multiplexer or signal conditioner size afforded by an
all-hybrid system implementation were testing drones, RPVs or helicopter
rotors. Rotor testing often required sampling 300 to 400 strain gauges with the
complete PCM system on top of a rotor in an area typically less than 16 inches
in diameter and 10 inches high, and coming off the rotor on slip rings with serial
PCM. The market for microminiature hybridized systems did not appear large
enough to justify the costs of concurrent development of both a microminiature
hybridized system and its functionally equivalent larger discrete version.

Packaging - Packaging was the area where it was believed necessary to provide
a significant improvement in the state-of-the-art. Modularity of PCM systems for
decades was implemented with different boxes of different sizes for different
types of signal conditioners and multiplexers. The survey showed a desire for
modularity at the Line Replaceable Unit (LRU) level.



The AIFTDS-4000 system attempted to satisfy this need by offering a Short
RMDU chassis with four I/O card slots and a Long RMDU chassis with eleven
I/O card slots. Experience with this concept in package modularity indicated that
most zones of a test aircraft either had too many channels for a Short RMDU (16
to 48) with integral signal conditioning, or just a few more channels than are
possible with a Long RMDU with integral signal conditioning (44 to 132). The net
result was that the user almost always required a Long RMDU box that only used
5 or 6 I/O card slots or it was necessary to install a second Long RMDU that still
had only 1 or 2 I/O cards installed. Because of the high cost per channel of the
short RMDU box (the chassis and power supply costs were a significant part of
the whole RMDU chassis costs) very few customers opted for the short RMDU
chassis over the years.

The principal cost drivers of the empty box were the eleven 66-pin center jack
screw I/O connectors and the flex cables to route input signals from the
connectors on the the front face of the box to the I/O side of the 150-pin
backplane connector. As depicted in Figure 1, this chassis has 25 flex cables
and over 3000 hand solder joints making, it a very labor intensive assembly.
Flex cables, however, were essential to reducing the height of the box and in
providing constant distributed capacities from I/O slot to I/O slot and chassis to
chassis. To keep the connector face of the box as small as possible and still
provide the 66 pins/connector required by a 32-channel differential multiplexer,
only two types of I/O connectors could be used; either the Deutsch center jack
screw rectangular connector or the Hughes Bullseye center jack screw round
connector. The 4" high by 8" wide dimensions of the AIFTDS-4000 RMDU
chassis thus were dictated by the need to accommodate eleven 66-pin Bullseye
connectors plus a twelfth connector to bring thermocouple reference wires into
the chassis. All available twistlock MS connectors providing the same pin
capacity would have made the multiplexer box nearly three-fold larger.

In the beginning the Hughes connectors cost only about $60 a mated pair.
Although their cost was higher than low cost “D” series connectors, they were
still acceptable. However, over the years, because they were not multi-sourced,
their cost rose to over $360 a mated pair. The best solution to these packaging
problems was the LOB packaging concept where low cost “D” series Mil-Spec
I/O connectors are attached directly to one side of the PC card with the 90-pin
extendable backplane connector attached to the opposite side of the PC cards.
This eliminated all costly flex cables and permitted mass soldering processes
to replace hand soldering.



For years two U.S. PCM system suppliers had offered modular LOB system
packages. They were recently joined in this area by a European PCM system
supplier and a U.S. aircraft manufacturer with their in-house designed digital data
acquisition system. One of the two U.S. suppliers producing an LOB PCM
system package offered a microminiature design based on the exclusive use of
hybrids, while the other used discrete devices in a larger LOB package. All of
these system packages, however, have one or two principal drawbacks that
were disliked by many system users.

The microminiature hybrid-based package was considered the best of the
current LOB designs because it uses intermodule connectors to implement the
backplane where each slice, added to an LRU assembly, physically extends the
backplane. However, it uses four long bolts to hold the “loaf” together. Thus, for
every different length of loaf a separate set of bolts is required for final
assembly. The LOB package using discrete parts originally developed for
NASA was larger but its mechanical assembly had the same problem. The more
recent European supplier’s system and the U.S. aircraft manufacturer’s
packages use conventional PC backplanes with the modules plugging into and
fastened to the backplane with two through-module threaded rods to tie the LRU
together on the surface opposite the backplane. Thus, these systems not only
require a large inventory of variable length bolts or threaded rods but they also
require a large inventory of different lengths of backplanes for full modular
flexibility at the LRU level. The European system supplier currently only offers
11-slot and 15-slot backplanes as standard and the system developed in-house
by the U.S. aircraft manufacturer is not yet used by other aircraft manufacturers
and to date is not being marketed commercially.

The U.S. aircraft manufacturer’s discrete component LOB and the hybridized
LOB packages, both with slices less than 0.5 inches thick, require the use of
subminiature D-series connectors for both the I/O and backplane connectors.
These small I/O connectors require the use of 26 gauge signal wires. This, of
course, is one of the principal problems users of the microminiature hybridized
system complain about.

Without exception, no user wanted to have to use delicate 26 gauge wires from
the sensors to the data acquisition units unless there was no other alternative.
They also questioned the reliability of the subminiature connectors as compared
to the MS connectors that accept 22 gauge wire. Some users, such as Boeing,
Douglas and Rolls-Royce, preferred to use 20 gauge sensor cables to provide
even greater cable reliability.



Finally, there was the problem of not having captive hardware in the assembly of
the LRUs. This, of course, is not possible with the threaded rod or through bolt
method of securing the slices of a loaf together longitudinally.

Thus, achieving a modular LRU package concept dictated an integral through-
slice backplane connector so that separate PC backplanes of different lengths
are not required, as is the case in two of the existing system designs. The slice-
to-slice attachment hardware had to be captive and at the same time compress
the interslice O-ring required for unit sealing during the engagement process.
Finally, the endplate used at one end of the loaf and the power supply at the
opposite end of the loaf, where the LOB assembly was bolted to the aircraft
structure, also had to be able to be provided with conventional mounting holes
or with captive hold-down bolts if desired by the user.

Software - Most PCM system suppliers do not presently emphasize software as
an important part of the product. Until now this has not been too important as
usually only one data cycle map was stored in onboard EPROM or EEPROM
memories and many ground stations could not accept changes in the data cycle
map size from program to program much less from flight-to-flight or during a
flight. Recently developed ground stations, however, have more flexible
hardware and software which permit multiple test scenarios to be prestored and
selected dynamically for realtime data processing. Because of this ground
station capability all recent PCM system requirements have specified storage of
multiple PCM maps selectable during a test. Also, the larger number of
channels being used in newer systems make the laborious process of manually
programming data cycle maps into EPROMs or EEPROMs highly undesirable.
Thus, software is now an important integral element of a new data acquisition
system.

The programming problem is significantly increased with the advent of software
Programmable Presample Conditioner Units (PPCUs). Each presample filtered
channel has a gain, offset and knee frequency to select, in addition to the gain
and offset programmed for each sample in the common GPA used in the
multiplexer unit following the PPCU.

For the past few years the AIFTDS-4000 system has been supported by a
multiplexer compiler which converts the ASCII string defining the characteristics
of each time slot in a data cycle map into the object code to be loaded into the
sampling format memory of the airborne data system. This compiler must now 



be expanded to incorporate PPCUs which get downloaded from the PCM
Central Controller (PCM-CC) Unit before a test flight.

Finally, most new data systems require realtime calculations of critical flight test
data with the EU results displayed to the test pilot or onboard test engineer in
realtime. The EU data must also be inserted in the telemetry stream for realtime
observation on the ground plus being tape recorded onboard to provide a
record of what the test pilot or test engineer actually saw during the flight. These
requirements expand the functions and complexity of the airborne software to
the point that it is not something the flight test engineer does in his spare time.
The complexity and details of this software are too extensive for this paper and
will be covered separately.

Built-in-Test - The ever increasing complexity of the airborne PCM system has
brought a new meaning to Built-in-Test (BIT) which has, heretofore, been
primarily restricted to complex military avionics packages. This problem is
exacerbated by the need to install the LRUs in places such as wing and tail
surface leading and trailing edges and crowded avionics boys where access
during the test program by instrumentation engineers is difficult and time
consuming, if not impossible.

The AIFTDS-4000 system had offered built-in calibration channels in all RMDUs
functioning as BIT channels that could be programmed into a data cycle map for
realtime diagnostic purposes. Individually addressable BIT channels previously
included a power supply secondary output voltages test bit, high level calibration
of the analog-to-digital converter, measurement of the offset of the common
GPA at different gains and a precision low level to high level calibration channel
on each 32-channel differential multiplexer module. Also, there was the classical
R-Cal and/or Z-Cal of bridge type sensors to determine sensor health.

This comprehensive built-in-test capability has been expanded in the new
system to include a shorted input to the A/D converter to permit separating end-
to-end gain and offset errors between the common GPA and the ADC.

To permit in situ LRU testing in the aircraft a bus terminator module has been
included as a part of the LOB endplate so that test equipment can be connected
to the backplane during operation while the LRU is still installed in the aircraft.

The PPCUs can have their setup programs downloaded, inspected and
changed from a single download/test connector using the same full duplex



communications bus used for data acquisition. The unique mode select word in
the address structure permits both PPCUs and RMDUs to reside on the same
party line bus so that only one set of bus cables need be routed to and through
any zone of the aircraft. This also permits programmable I/O modules such GS
a 1553B bus listener module in an RMDU to be downloaded and tested without
physical access in the same manner as PPCUs.

CHANGES FROM CONCEPT TO FINAL DESIGN

There were many significant changes made in various areas of the system
between the proposed concepts and the final mechanical and electrical
designs. Some were architectural, others were driven by throughput
requirements, while others were necessary to meet accuracy and environmental
requirements. We will touch upon the highlights and tradeoffs in these key areas
of the design.

System Bus Architecture - The original system bus architecture was established
by the first user. It is a distributed star configuration with a PCM Central
Controller (PCM-CC) acquiring data from up to 32 RMDUs and producing from
1 to 6 PCM streams with an IEEE-488 DMA interface to smart graphics
terminals. As depicted in Figure 2, it supports up to eight communications
buses and requires fiber optical communications between the PCM-CC and a
Multiplexer Adapter Unit (MAU) that demultiplexes channel addresses and
multiplexes returned data words from up to four RMDUs connected to the MAU
by copper cables. Each bus is limited to the 125k wps throughput limit of the
AIFTDS-4000 RMDU which must be able to be used concurrently with the new
AIFTDS-8000 LOB RMDUs.

The original PCM-CC, designed by the first system user, has an aggregate
throughput limit of 400k wps and requires round-robin demultiplexing of
acquired data to generate from two to six slower PCM streams for onboard tape
recording. It was packaged on 1/2 height VME cards installed in a VME card
cage, eliminating the possibility of its use in a small aircraft with severe
environments. This PCM-CC and the MAU being built to print for their application
and were offered to Teledyne for use under license as a part of the AIFTDS-
8000 system architecture. This capability, although a large improvement over
previous system controllers, was not selected by Teledyne because it fell far
short of some of the identified market applications.



The AIFTDS-8000 PCM-CC is modular and packaged using the same LOB
hardware used by the RMDUs and PPCUs. It supports up to eight input or data
acquisition ports and up to eight data output ports. The data input ports are
designed as single RMDU buses, or, with a wider sampling format memory, they
are multi-drop party-line buses. In the party-line bus configuration the PPCU
filter characteristics can be downloaded and tested offline via the same bus that
is used for full duplex communications to the RMDUs. During on-line operations
the PPCUs do not accept addresses or output data on the bus. The multi-drop,
party-line bus concept eliminates the cost of the MAU. The optional Electro-
Optical Converter (EOC) modules are separate slices added to the LOB
assemblies at both the PCM-CC and the RMDU and PPCU. Thus fiber optical
buses are optional on a bus-by-bus case when needed either for high common
mode voltage levels between zones of the aircraft and/or when the
communication word rate or bus physical length cannot be satisfied with lower
cost copper cables.

Synchronization signals between two PCM-CCs will permit synchronized
master/slave controller operation to expand the number of input ports (party-line
buses), the number of output ports and/or the aggregate system throughput.

PCM Central Controller - The PCM Central Controller (PCM-CC) design is still
evolving even though proof-of-concept prototypes have been built and tested.
The principal changes in design direction have resulted in the decision to
produce two different versions of the PCM-CC to satisfy the wide range of
market requirements. This is essential, so as to have a lower cost version for
the less demanding system requirements with a higher performance, higher
cost version for the most demanding requirements. Here again, the LOB
package permits the PCM-CC to be developed in a phased manner so that
functional capability can be upgraded without changing the entire concept and
upgraded I/O modules may be used with different types of overhead modules.
With the use of a Bus Terminator/Isolation slice, a small PCM-CC can be
physically attached to an RMDU to produce a single LRU standalone PCM
system.

The basic PCM-CC architecture is composed of three different overhead
modules; (1) The Master Memory/Timing module, (2) The Controller module
and, (3) The RMDU/ PCM-CC Power Supply Assembly. To this group of
overhead modules may be added from one to eight data input modules and
from one to eight data output modules. All versions of the PCM-CC use the 



seven basic types of modules, but different dash numbers of the modules will
provide the two basic subsystem performance capabilities.

The principal difference between the lower performance PCM-CC and its higher
performance counterpart is limited to the number of I/O modules supported
concurrently, the sampling format memory size and the aggregate throughput.
Figure 3 is a functional block diagram of the higher performance, fully expanded
PCM-CC.

The low-end PCM-CC supports up to four single RMDU communication buses
as data inputs with up to five PCM encoder or other types of output modules. It
is provided with 8k words of sampling format memory that can be configured as
four 2k word blocks or two 4k word blocks to store larger data cycle maps. This
PCM-CC has an aggregate throughput of 500k wps for 10- and 12-bit words
and 250k wps for 16-bit words. It operates as a synchronous system generating
10-bit, 12-bit or 16-bit PCM words with or without parity and with four RMDUs will
acquire data from up to 1920 differential analog inputs. It is provided with a
master/slave capability where two PCM-CCs can operate from the same clock
and double the number of I/O ports and the aggregate system throughput (i.e.,
support eight RMDUs’ and output up to ten PCM streams with an aggregate
throughput of 1M wps for 10- and 12-bit words and 500k wps for 16-bit words).

The high-end PCM-CC supports up to eight data input ports and up to eight data
output ports. The RMDU communication buses are multi-drop party-line buses
and the aggregate throughput is up to 1 M wps. With a single PCM-CC it, too,
has master/slave synchronized capability supporting up to 16 input ports and 16
output ports. This enhanced system capability is depicted in Figure 4.

The principal data input module of the PCM-CC is the RMDU Communications
Module (RCM). This module can be used with either the Memory/Timing Module
(MTM) using the 32-bit wide format memory which supports a single RMDU bus
with up to 4 buses per PCM-CC or the MTM with the 40-bit wide format memory
which supports up to 8 inputs buses and up to 8 RMDUs and 8 PPCUs per bus.
The MTM for the high performance PCM-CC is provided with either 32k words
or 128k words of sampling format memory and the memory is contiguous for
multiple map storage, as compared to fixed size memory block. This MTM
provides the system with a 30,720 channel data acquisition capability based on
fifteen 32-channel low level multiplexer slices/RMDU.
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The PCM Encoder Output Modules (PEOs) for the high performance PCM-CC
provide a programmable 256:1 bit rate ratio between output ports. The lower
performance PEOs only generate a 64:1 programmable bit rate ratio between
ports. A computer controlled PEO generates the extremely low bit rate PCM
stream required by crash recorders. Either type of PEO can be used with either
type of MTM.

The parallel bus architecture of the PCM-CC permits the use of other types of
I/O modules than the basic RCM input module and the PEO output module.
Other planned modules include a PCM Decommutator Input Module (PDI). The
PDI will permit acquiring and merging of data from multiple PCM encoders to
generate a single PCM stream for telemetry and/or recording on one of the new
high bit rate rotary head recorders. The PDI(s), of course, can be mixed with the
RCMs as inputs to merge data from AIFTDS RMDUs with data from other PCM
systems. Other types of planned output modules include a 1553B RT module,
an RS-422 (or -232) module or a Host Computer DMA module.

All PCM-CCs use three internal data buses: an Address Bus, a Data Bus and a
Delayed Data Bus. The delayed data bus permits overhead words, such as
frame synchronization patterns, subframe ID words and other overhead data, to
be sent directly from Format memory to any or all of the output modules under
program control. The delayed data bus is the path used to place computed
results output by the Floating Point Computer module (FPC) onto the delayed
data bus for insertion into any of the output data streams. The FPC can be used
as one of the output modules in either the low-end or high-end PCM-CC. The
FPC also has a DUART which provides two alternative methods of routing
computed data to other display devices onboard the test aircraft. A functional
block diagram of the FPC is presented in Figure 5.

Mechanical Package - The mechanical package concept proved to be the most
important element of the system design. The Loaf-of-Bread (LOB) package
concept was described mechanically in a paper presented in 1988  at the start1

of the design and it wilI not be repeated here. As with other elements of the
system design, there were many changes and improvements in the LOB
package design between the concept and the final design.



The principle package refinement at the slice level was the development of a
casting with a high percentage of side wall and base overlap when mated to the
casting of an adjacent slice. Another refinement was the A1 to A2 card spacing,
which was selected to permit either of the two I/O connectors to be connected
to either PC card, or one to each PC card. The intercard spacing also permits
the IC devices to be located between the cards so that the back surfaces of
both PC cards are available for testing when the slice is assembled.

Thermal analyses prepared during the design showed that power dissipation
should be limited to less than 1.5 watts per module to safely meet the +85EC
operational temperature requirement. Multi-layer PC cards were designed to
permit Vcc power (+5V, and ±15V if used) and ground distribution to be
implemented as copper layers instead of just traces for power distribution. The
use of a significant amount of copper gives each PC a lower resistance path for
heat transfer from the devices to the six casting attach points and thus to the
aluminum frame. This also considerably reduces trace to trace capacitive
coupling, as the power planes function as shields within the PC. A thermal layout
of the PCs was used in place of a logical layout, with the hottest parts located
closest to the edges of the cards and the coolest devices located in the center
of the cards to normalize thermal gradients across the cards. A metal-core
board is used for the one board whose total dissipation could not be kept below
1.5 watts by device selection. This package concept has demonstrated
operability at temperatures up to +117EC. Figure 6 is a photograph of a
2-channel Programmable Presample Filter slice depicting how the
daughterboard attaches to the motherboard, which in turn attaches to the slice
casting with six machine screws.

The interslice attach pins are fabricated as two piece assemblies to reduce
manufacturing cost while maintaining the required precision dimensions
between the tapers at the base and at the head of the pin that draws the slices
together when screwed into the steel fittings pressed into the top and bottom of
the aluminum casting. Roll pins pressed into the casting bosses with shoulders
on the taper pins preclude a pin from being removed too far and having the
threads on the pin hamper the slice separation. The roll pins, of course, can be
removed to replace a damaged or worn stainless steel taper pin assembly. On
full insertion of the pins into the steel fittings of the adjacent casting, the
interslice’s electrically conductive O-ring compresses a minimum of 0.015
inches to provide a slice-to-slice seal.



Slot recesses were cast into the outside surface of each side of the base of the
slice casting. This permits right-angle prying tools to be inserted between slices
when the LRU is installed on its mounting surface. This permits easy separation
of the slices when an LOB assembly is installed within 1/2 inch of a bulkhead in
the aircraft and the loaf cannot be gripped by hand for separation of the
backplane connector.

A bus isolation slice permits backplanes of different functional LRUs, such as
an RMDU and a PCM-CC, or a Time Code Generator to be assembled as a
single LRU. Bus isolation is achieved by cutting off all pins on the backplane
connector of the isolation slices, except the power and ground pins, after the
connector is soldered to the PC card and before installation of the pin shield.
The isolation slice PC board permits termination of that functional
subassembly’s backpIane, as well as bringing all functional pins to the two
44-pin test connectors on the slice so test equipment can monitor backplane
operation without disassembling the loaf.

The carrying handle that originally was to be integral to the endplate costing has
been made an optional feature. To make the handle protrude far enough to be
gripped by large hands would make it extend 1.5 inches beyond the endplate.
This, of course, would restrict the allowable length of the loaf by 2 slices in tight
installation locations in the aircraft.

The use of either single or double density MS I/O connectors in either or both
I/O locations on the slice casting provides from 25-pin to 88-pin I/O and/or test
capability on a single slice. An external flat backplane assembly consisting of a
shielded PC Card terminated in two floating I/O mating connectors provides a
capability for an external private backplane between slices in complex dual-slice
functional modules such as the Time Code Generator (TCG) or the Floating
Point Computer Module (FPC).

Software Programmable Presample Filters - The software Programmable
Presample Filters (PPSFs) presented the most difficult electrical design
requirement because the low cost, mask programmable switching capacitor IC
filters originally proposed proved to have too much offset drift across
temperature to meet the tight accuracy requirements. Thus, this design had to
be implemented using the classical multi-pole RC feedback type of filter with
software selectable networks to implement the seven single octave knee
frequencies between 10 Hz and 640 Hz.



Spare switches on the R-Cal switch device permitted the addition of a Z-Cal
capability that is invaluable in measuring offsets. The large number of
components to implement an instrumentation amplifier with eleven gains and
seven offsets plus the seven knees, all under software control, only permitted
two channels to be packaged on a single slice.

A microprocessor-based download overhead module is required to store in
local non-volatile memory the gain, offset, and knee configurations of each of up
to thirty-two channels (16 PPSF slices) in a PPCU. A power-on interrupt causes
automatic downloading of each filter’s characteristics from the overhead module
to each PPSF channel.

Test data on the PPSF shows it meets its stringent accuracy requirements
across an operating temperature of -55EC to +117EC, which is welI beyond the
+85EC requirement.

Wiring of the PPSF input stage is configured so that sensor excitation can be
brought through the PPCU backplane to each slice or brought in through the
module ID/test connector on top of the slice, providing each channel with a
6-wire input configuration. Filtered outputs are routed from each of up to 16
PPSF slices in an LRU to the backplane and output through the connectors on
the bus termination module for connection via two cables to a 32-channel analog
multiplexer in an RMDU. Both filtered and unfiltered outputs of each 2-channel
assembly are also brought to the module ID/test connector on the top of the
slice.

Remote Multiplexer/Demultiplexer Unit - The Remote Multiplexer/Demultiplexer
Unit (RMDU) is composed of two or three overhead modules coupled to a
number of I/O modules which is architecturally the same as the AIFTDS-4000
RMDU. The LOB package, however, permits a single LRU to have up to 15 I/O
modules (the logical capability of both RMDUs) whereas the AIFTDS-4000
RMDU was limited to eleven or less modules by the fixed box size. The 15
module capacity is even possible with multi-slice modules, such as the 1553B
Mux Bus Listener, because each module only uses one of the fifteen I/O logical
addresses. Figure 7 is a photograph of three small RMDU configurations.

The Bus Interface Controller Module (BIC-M) for the RMDUs has been
designed for 250k wps and 500k wps throughput (two dash numbers to the
same assembly with different cost) so the individual or party-line serial bus data
acquisition rate is not restricted to the 125k wps data acquisition rate of the



AIFTDS-4000 RMDU. The communications protocol is programmable to permit
the use of 10-, 12- or 16-bit words in the RMDU. Although a given bus can
operate to 500k wps, the PCM-CC throughput is limited to 1M wps by the speed
of current advanced CMOS devices.

By having module select implemented via jumpers on an I/O connector as
opposed to using dedicated module select lines in the backpIane wiring, any I/O
or overhead module can be located anywhere in the loaf. This should provide
more flexibility in LRU assembly and in wiring the aircraft. The only module
location restriction is that the power supply must be located at one end of the
loaf and a bus terminator module must be located at the other end of the loaf.
Module select via jumpers on one of the slice I/O connectors permits
addressing to be changed without removing a slice so that “spare” slices can be
included in the loaf at the time of LRU installation and addressed when required
by adding/changing the logical address connector. It also permits visual
verification of the logical number of the I/O module without disassembly of the
LRU.

All of the Classical I/O functional modules were implemented including: a 32-
channel differential Analog Multiplexer (AMX), a 48-channel Discrete Multiplexer
(DMX), a 16-channel DC Bridge Multiplexer (DCB), a 4-channel Synchro/
Resolver to Digital Converter (S/RDC), a 4-channel Linear/Variable
Displacement Transducer to Digital Converter (LVDT), a 4-channel ARINC 429
Bus Listener, a 4-channel Serial Digital Transducer (SDT) and a MIL-STD-
1553B Mux Bus Listener. The only functional modules not yet carried forward
from the AIFTDS-4000 RMDU I/O complement are the 16-channel Parallel
Sample and Hold Multiplexer (PSH), and the 4-channel hardwire programmable
Presample Filter/Multiplexer (PSF). These will be implemented in the near
future.

The major technical advance in RMDU I/O modules was the development of a
4-channel multi-purpose Frequency to Digital Converter Module (FDC) which
can perform any of three different pulse rate signal conditioning functions on a
channel by channel basis. The new FDC thus replaces three classical pulse rate
conditioner modules: the Frequency Counter, the Period Counter and the Pulse
Totalizer. This was achieved by having a high speed microprocessor perform all
three functions on all four inputs concurrently and buffer the results in RAM for
sampling by the appropriate channel address. This module can accept inputs
from either 5mV to 250mV or from 20mV to 100V at pulse rates from 0.1 Hz to
1.0 MHz. Each 20-bit data sample is output as two 10-bit PCM words giving the



pulse totalizer a 1,084,576 count full scale rollover period. The maximum input
pulse rate of 1.0 MHz is also significantly greater than the output of any current
pulse rate generator sensors. A functional block diagram of the FDC module is
presented in Figure 8.

The fifteen I/O module capacity of a single RMDU produces a channel capacity
of from a minimum of 60 channels using all 4-channel integrated signal
conditioner modules to a maximum of 480 differential analog inputs or 720
discrete inputs. One RMDU with a 1553B mux bus listener can extract up to 2k
bus words as 4k PCM words in addition to the up to 448 inputs from the other
14 I/O modules which could be configured as a single LRU. The dual-ported
RAM buffer memory on the bus listener is 8k words by 20 bits. Therefore, by
restricting the total number of I/O modules (including the 1553B bus listener) to
either 7 or 4 modules, the one or two unused I/O module address bits can be
used to increase the number of different bus words sampled from a single bus
from 2k words to 4k words (8k PCM words) or 8k words (16k PCM words),
respectively, in addition to the inputs from the other 6 or 3 I/O modules.

Accuracy - A 16-bit Analog Data Processor Module (ADP-M) has been built as a
proof-of-concept demonstrator that shows that the RMDU can be used to
achieve better than 0.08% accuracy across a narrow 10EC temperature range
with low level inputs and a GPA gain of 1024 (excluding wild points) and can
achieve accuracies exceeding 0.005% using a presample filter across the
same temperature range (again, excluding wild points). The true noise within
these limits was random and bipolar, so that oversampling of steady state data
in the test aircraft and then averaging samples in the ground computer (which
also throws out the wild points) permits one to achieve better than 0.001%
accuracy. These proof-of-concept demonstration data were taken at a sample
rate of 50k sps.

The normal 12-bit ADP-M has a guaranteed accuracy of better than 0.5%
across the operating temperature range of -55EC to +85EC. It has not yet been
evaluated across the narrower temperature range with which the 16-bit ADP-M
has been tested. It is believed that the much better than expected accuracy
achieved by the 16-bit ADP-M has been largely possible due to the superior
module shielding offered by the LOB package and the fact that this package
concept is less susceptible to the pickup of noise within the package.

The 16-bit ADP-M accuracy tests were conducted with 6 ft of unshielded twisted
wire in series with 10 ft of TSJP cable driven by a low impedance precision



millivolt source simulating a thermocouple connected to a Thermocouple
Compensator Assembly. Thus, it was not the classical unrealistic accuracy test
with the signal input shorted at the input connector or the signal injected directly
at the low level multiplexer input. In fact, it is estimated that these proof-of-
concept accuracies in the measurement of steady state data can actually be
improved by using a 15 Hz as opposed to a 150 Hz first order passive filter
which is built into each low level multiplexer and selecting recently available
MOS-FET gates which have 100 ohm “on” resistance and 150 nanosecond
transit times to replace the 1500 ohm “on” resistance, one microsecond transit
time switches used in the demonstration system. Along with these better
devices, there is now available a 16-bit ADC with twice as good linearity
(0.0015% versus 0.003%), three times better total harmonic distortion (0.001%
versus 0.003%) and a better power supply noise rejection ratio of 84 dB.

Thermocouple Compensator Assembly - A dramatically improved
Thermocouple Compensator Assembly (TCA) was developed in conjunction
with the 16-bit ADP-M to be used for processing thermocouple inputs. The TCA
is a passive, basemetal to copper conversion device that measures the
unwanted junction temperatures in the TCA with a reference measurement
channel using very linear, temperature sensitive, resistive type sensors. The
TCA uses two sensors to measure the temperature of critical pins in the input
connector where the unwanted junctions are created by crimping the
thermocouple basemetal wire to the copper pins of the input connector. One of
the key requirements in achieving high accuracy in measuring unwanted junction
temperatures in the TCA is in tightly wrapping the first six inches of TC cable
extending from the input connector with aluminum foil tape. The tight wrapping
brings all TC cables in contact with each other to homogenize the temperature
of the cable assembly before it reaches the input connector. The surface of the
foil tape reflects heat radiated from the warmer TC cables to aid in
homogenizing the cable bundle so that all unwanted junctions are the same
temperature.

Three inch long thermal antennae of 22 gauge bare copper wires connected to
the temperature sensor pins of the input connector permits them to better
measure the input cable assembly and unwanted junction temperatures. Finally,
the TCA is placed inside an isothermal sleeve that produces a greater than
5-minute thermal delay between any temperature changes applied to any portion
of the outside of the isothermal jacket and the TCA itself. The proof-of-concept
TCA installed in the isothermal cover demonstrated a 10-minute thermal delay
when the assembly was placed inside an oven and the ambient temperature



was raised in a few minutes from +25EC to +60EC. An illustration of the TCA
and its thermal jacket is presented in Figure 9.

CONCLUSIONS

Development of a completely new modular PCM system composed of nineteen
different types of functional modules proved to be a much larger development
effort than originally estimated. The successful design of the Loaf-of-Bread
package concept eliminating the classical fixed size box was one of the most
demanding of the design tasks. It was only possible by building and testing
proof-of-concept models. This iterative process started with environmental
testing of mechanical and electrical mockups of the package at the beginning of
the program. These tests verified the electrical integrity of a variable length
computer backplane, as well as isolating the best techniques for interslice
assembly using captive hardware. Thermally driven PC layouts using multi-layer
PC boards with copper planes for power distribution and heat transfer were
essential in conservatively achieving the high-end operating temperature of
+85EC with a significant margin of safety.

The LOB modularity applied to the PCM-CC design has permitted two different
sets of overhead modules to be used with different quantities and types of input
and output modules to produce a wide range of system capabilities, with
correlative variations in cost. The use of isolation slices permits small LRUs with
different functional backplanes to be integrated into a single assembly, resulting
in lower costs and a smaller size IRU than can be achieved with separate
assemblies interconnected by cables.

The LOB package permits achieving more than two times the channel density
per cubic foot of installation volume than was achievable with the older fixed size
box with pluggable PC card modules. The LOB concept has achieved lower
production hardware costs with less noise susceptibility and greater accuracy
than has been achievable with classical fixed box designs. Phased
development of the modular design has permitted meeting initial customer
requirements first with expanded system capability following core system
availability. Development and testing of proof-of-concept versions prior to
production releases has proven very cost effective as the best design is never
the first design.

 













Figure 6.  2-Channel Programmable Presample Filter

Figure 7.  RMDU Configurations





Figure 9.  Thermocouple Compensator Assembly & Thermal Jacket
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ABSTRACT

This paper describes the overall system design and performance characteristics of a
complete telemetry system for a new flight test center which Loral Data Systems is
currently under contract to provide to a European government. The system encompasses
subsystems for airborne data acquisition and flight line check-out, a mobile ground
telemetry system, and a fixed facility. The fixed facility includes a ground telemetry
system for real time data processing and test control, and a data processing system for
postflight analysis.

The system represents a fully integrated approach to flight test systems which addresses
the end-to-end requirements from airborne data acquisition and real time flight monitoring
through aircraft performance and stability/control analysis. The architecture of the ground
systems illustrates how preprocessing can be utilized to create powerful real time
telemetry systems even with modest general purpose computer capability.

INTRODUCTION

Figure 1 illustrates the relationship of the various subsystems within the overall flight test
center operations. During actual flight tests the aircraft data acquisition systems can
transmit telemetry data to either the mobile or fixed ground telemetry stations. The fixed
station will normally be used for local flight test operations. In this case, the flight line
check-out station is utilized for loading the sample plan data and for preflight checks on
the aircraft mounted acquisition hardware. Operations at remote locations will be
supported by the MGTS which will be utilized for telemetry reception and test control. If
necessary the airborne system format can be modified and loaded directly from the
MGTS. PCM data can also be input to the mobile system directly from the aircraft for
test purposes. The normal use of the DPS is for processing of data from airborne or



ground recorded instrumentation tapes or for post flight processing of data archived to
disk from the telemetry stream during flight test operations.

AIRBORNE SUBSYSTEMS

The airborne data acquisition subsystems were required to be general purpose to satisfy
the wide range of data acquisition problems normally found in modern aircraft test
programs. General requirements included:

! Acquisition and PCM output of normal analog voltage, frequencies and discrete events
! Programmable sampling plans
! Recording and telemetry transmission of PCM
! Acquisition of data from two MIL-STD-1553B busses
! Output of selected 1553 bus words in the PCM stream
! Recording of 100% 1553 data from both busses
! Color video data recording and telemetry transmission

Figure 2 illustrates the typical configuration for a system. General aircraft measurement
data is acquired using an EMR 5000 Series Ruggedized Data Acquisition System. This is
a remotely multiplexed system which provides a maximum PCM bit rate of 3.2 Megabits
per second with a maximum total sample rate of 200,000 samples per second. PCM
formats generated may use variable word lengths. This allows analog channels to utilize
word lengths of 8, 10, or 12 bits and digital channels to utilize word lengths of up to 16
bits. Each remote signal conditioner chassis may contain up to 16 analog or digital
conditioner cards which may contain from 2 to 16 channels each depending on the
conditioner type. Format and sample plan data are loaded into the system’s EEROM
memory via an RS232 port.

An EMR 5500 All Bus Instrumentation System (ABIS) provides for the acquisition of all
1553B bus data from multiple busses in accordance with the recent Inter-Range
Instrumentation Group (IRIG) standard. 1553B bus word selection for insertion in the
general PCM output is performed by a data selector card which interfaces to the 5000
data acquisition system like a signal conditioner chassis.

Datum 9150 airborne time code generators provide serial time code for recording, and
parallel time code for input to the 5500 ABIS for 1553B bus data time correlation.
Schlumberger ME4115 airborne instrumentation recorders are provided for direct
recording of all data.

Videospection cockpit color video cameras and Teac airborne video recorders are
supplied for video data acquisition. Dual L-band telemetry transmitters operating on



different frequencies are used for the simultaneous transmission of video and PCM
telemetry data. The outputs of the transmitters are mixed in a diplexer and the resulting
signal is split between two transmitting antennas normally located on the top and bottom
of the aircraft.

FLIGHT LINE CHECK-OUT SUBSYSTEM

The Flight Line Check-Out (FLCO) subsystem provides equipment for decommutation
and engineering units display of the PCM data from the airborne system. It performs flight
line loading and updates to the programmable PCM system over an RS232 serial port.
Also, it supports the acquisition and evaluation of on-aircraft end-to-end measurement
calibration data. A block diagram is shown in Figure 3.

PCM input data is synchronized, decommutated and input to the MicroVAX II. The
software hosted in the computer provides for real time display of the decommutated data
on a color/graphic terminal. Displays available include fixed alphanumeric, scrolling
alphanumeric time histories, barcharts, and scrolling graphic time histories.

End-to-end calibrations on the aircraft of measurements such as control surface positions
can be performed with this system. The operator can store samples of a specified
measurement decommutated from the PCM data stream, and manually enter the
corresponding engineering units value as read from a reference standard. Trial curve fits
can then be performed and reviewed by the operator. The polynomial coefficients and/or
calibration data table can then be stored to cartridge tape.

Airborne system formats are read from cartridge tapes and downloaded to the airborne
package via an RS232 port. These formats can also be edited at the FLCO prior to
loading.

GROUND TELEMETRY/DATA PROCESSING SYSTEM

The equipment and software installed in the fixed facilities represent two system functions
which have been integrated into a single system architecture. An overall block diagram of
the system with its combined functions is shown in Figure 4. The integration of the two
capabilities has provided several system advantages:

! Some redundancy has been achieved so that the two system functions can back-up
each other

! System resources have some flexibility and can be shifted between the two functions



! Independence of operation and the capability for simultaneous operation has been
preserved.

The Ground Telemetry System (GTS) supports real time flight test operations and is
required to provide the following capabilities:

! Dual axis tracking antenna

! PCM and video telemetry reception and recording

! PCM telemetry or instrumentation tape playback processing

! Real time workstation displays for test director

! Independent real time workstation displays for engineering personnel supporting the
test

! Real time control system transfer function analysis (expandable to real time flutter
analysis in the future)

! Disk data formatting with intermaneuver playback analysis

The Data Processing System (DPS) is utilized for post flight data analysis and report
generation. It is required to perform the following functions:

! PCM and 100% 1553 input from instrumentation tape

! PCM input from Damien cassette tape

! Playback processing from instrumentation tape or disk files

! Central flight test database management
Calibration files
Airborne sampling plans
Measurement processing definitions
Telemetry processing hardware configuration

! Aircraft performance, stability/control and other analysis

! Independent color/graphic workstations for engineering analysis

! Report data generation



In the GTS an L-Band dual axis tracking antenna receives the RF telemetry signal
containing both the PCM and video data. Dual receivers and a diversity combiner
equipped for both pre- and post-detection combining are provided for the PCM data to
improve the signal quality. A single receiver is utilized for the video data which may be
both recorded and viewed on the monitor. Both the GTS and DPS are equipped with
identical Loral Model 9 instrumentation recorder/reproducers for the recording of
telemetry data and playback of tapes. The DPS also contains a Damien cassette
recorder/reproducer.

The GTS is equipped with a single stream of EMR 8000-Series PCM synchronization/
decommutation hardware which provides a high performance input link for the telemetry
data. The DPS is equipped for the playback processing of three simultaneous streams of
PCM data from instrumentation tape - one general-purpose PCM stream, and two PCM
streams containing 100% of the data from each of two MIL-STD-1553B busses.

All input data streams from both systems are input to an EMR 8715 Telemetry Multiplex
Processor. This preprocessor performs all preprocessing tasks including 1553 data
decommutation, engineering units conversion, limit/events alarm checking, simple derived
calculations and other commonly required telemetry functions using parallel word slice,
floating point processors. The device uses a dual bus architecture and performs I/O,
decommutation, and parallel processing tasks with a family of plug-in modules. The unit
contains a standard VME bus for set-up, control and some low rate data transfer. An 81
bit wide proprietary bus operating at 10 million transfers per second with masked
arbitration transfers data between modules.

The two systems utilize separate DEC MicroVAX II hosts, but share the single
preprocessor. Each system can operate independently and can load, start, and stop the
processing of different data streams and formats even though the preprocessor is shared.
This capability is made possible through configuration support software. This software
allows the user to define and logically partition the input, output, and parallel processing
modules of the preprocessor among multiple input stream processing tasks. Each set of
modules can then be independently loaded with a format processing definition and
processing can be started, stopped, or reloaded independently of what is occurring within
other logical partitions.

Five I/O paths exist between the preprocessor and the host computing network. All set-up
and control data is loaded over the Ethernet local area network. Each host is also
connected to the system with two parallel paths. One path outputs data into a dual port
memory channel on the host for display and processing, and the second channel outputs
data to a high speed parallel I/O channel for archiving.



The dual port memory is used to form a Current Value Table (CVT) by depositing
successive engineering unit values of each measurement in fixed memory locations. This
method allows the CVT to exist in host address space without consuming the use of any
host processor or bus bandwidth. Programs running in the host processor for display,
distribution or data processing functions can asynchronously access the CVT for input
data. The high speed parallel channel performs buffer building and chaining functions to
allow data to be continuously archived to disk at maximum system rates.

An array processor is included with the GTS for real time transfer function computation.
A separate output port from the preprocessor outputs arrays to the Analogic AP500
Array Processor through its parallel I/O port. The array processor performs FFT and
vector arithmetic operations for calculation of transfer functions. A Q-bus interface
between the array processor and the GTS host provides for program loading and control
and output of processed transfer functions.

An Ethernet local area network interconnects the two host processors, six DEC
MicroVAX 2000 engineering workstations with 19" color monitors, and a server with
color hardcopy unit and a laser printer for alphanumeric and monochrome graphic output.
Any of the six workstations may independently logon to either host for maximum
utilization of facility resources. All hardcopy output is queued to the output devices on the
server.

The three primary system computing resources are the preprocessor, the host processors,
and the workstations. Data processing and software functions are distributed across these
resources as shown in Figure 5. All system software on the DEC equipment runs under
standard DEC VMS as a local VAXcluster. The host processor is allocated the functions
of database management, data acquisition control, data archiving, derived parameter
calculation, data analysis and data distribution. The workstations provide the system user
interface, perform data display, do hardcopy formatting of displayed data, and run a
powerful graphics display editor.

All system functions can be performed from any workstation using a master menu from
which all configuration editing and data acquisition control functions can be accessed. All
workstations can be used for real time display and playback processing of data being
acquired on the host processor on which the workstation is logged. The graphics editor
gives the individual workstation user total flexibility to construct his own displays and
connect measurements to drive display symbols.

Database editing and management is performed through edit and configuration utilities
which result in a series of files from which load images can be constructed and loaded as
shown in Figure 6 and Figure 7.



Once all loading functions have occurred and data acquisition has been initiated, the data
flow proceeds as shown in Figure 8. Data is normally converted to engineering units in the
preprocessor and input through the data channels in DEC floating point format. Data is
archived to disk along with 16-bit identifying tags. The data is formatted as single
continuous file made up of records whose length is determined by the selected buffer
length. Time is treated as a tagged measurement and is interleaved with the data at
millisecond intervals. For real time display, the CVT in host dual-ported memory is
broadcast over the Ethernet network at periodic intervals. A streamlined protocol rather
than standard protocol is utilized to improve the efficiency of the network for CVT
broadcasting. Functions other than CVT broadcast utilize standard protocol.

Each workstation retains a copy of the CVT in its local memory which is used as the data
source for the displays being viewed. The workstation display contains a fixed header and
footer and a display screen area which may be partitioned into up to four windows with
various types of display formats defined for each window. Displays may be dynamically
swapped out of individual windows and individual measurements may be added or
deleted within individual display windows. An example of a display is shown in Figure 9.

Simple derived calculations such as airspeed and Mach number can be calculated at the
incoming data rate in the preprocessor and treated as measured data. More complex
calculations which are not practical to perform at the real time data rate can be performed
in the host processor. The input data is obtained from the CVT and the results are both
archived to the disk files and input to the CVT for distribution to the workstations.

The host is also responsible for archived data retrieval. Data can be recalled from the
archival files by any workstation for display. Recall can be performed simultaneously with
real time data acquisition. The host will retrieve the data set and send it over the Ethernet
to the requesting workstation. The workstation may then display archived data in one
workstation window while displaying real time data in another window. Since the data is
archived in engineering units form, no host or workstation processor time is consumed in
file references and engineering unit conversions for playback display.

A Flight Test Applications Software Package (FTASP) is also being furnished for aircraft
performance and stability/control data analysis. The input to this package is recorded
engineering units data as well as flight-specific information such as engine start weight,
stores loading, fuel density and other test-specific information. Aircraft configuration
information such as airspeed calibration data and the orientation of gyros and
accelerometers is also required for error correction. The FTASP can execute on a
workstation or the host and has provisions for both interactive and batch operation.



The airborne system configuration software also runs on the host processors. Airborne
formats can be defined and recorded on cartridge tapes which can then be loaded from
either the FLCO or the MGTS. A historical calibration library which can maintain the
calibration history of the measurements on a particular test aircraft is also supported.
Calibration data can be input to this file manually or transferred from cartridge tapes after
being acquired and curve-fit at the aircraft on the FLCO.

MOBILE GROUND TELEMETRY SUBSYSTEM (MGTS)

The MGTS is installed in a four-wheel tow trailer and is equipped with a single-axis
tracking antenna. A block diagram of the system is shown in Figure 10. Except for the
antenna, the hardware configuration is a subset of the GTS. A telemetry preprocessor,
host processor, and workstation comprise the processing elements of the system. The
system software is identical to that described for the GTS/DPS. Functional requirements
for the MGTS include:

! PCM and video telemetry reception and recording
! PCM and 100% 1553 input from tape or umbilical from aircraft
! PCM input from Damien cassette tape
! Airborne encoder loading/programming via umbilical from aircraft
! Real time telemetry or tape playback processing
! Disk data formatting with intermaneuver playback
! Engineering workstation display for test director
! Compatibility with fixed ground processing facilities



Figure 1.  Overall System Relationship



Figure 2.  Typical Airborne Subsystem

Figure 3.  Flight Line Check-Out Subsystem



Figure 4.  Fixed Ground Facilities

Figure 5.  Distribution of System Functions



Figure 6.  Configuration Definition Software

Figure 7.  Telemetry Equipment Loading Software



Figure 8.  Network System Data Flow

Figure 9.  Typical Workstation Display



Figure 10.  Mobile Ground Telemetry Subsystem
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ABSTRACT

This paper discusses the specific applications at White Sands Missile Range to certify the
airborne telemetry packages, to receive, relay, and record Pulse Code Modulation (PCM)
telemetry data.

One of the most critical areas of data transmission throughout the Range is that of
telemetry data. As digital data transmission becomes more commonplace, it becomes
necessary to develop new methods for receiving, relaying, and recording digital telemetry
data. A recent requirement to support reception, relay, record, and processing of a
ten-megabit PCM telemetry signal drove the development of the system described in this
paper. New receiving equipment was procured in order to handle the high bandwidth.

Two new methods are now being used at White Sands Missile Range to relay high rate
PCM data.

-  One is the Lightwave Fiber System.  There are four telemetry lightwave links presently
being used at WSMR:  a multiple fiber link from the Master Relay Control Station (Jig-56)
to the Telemetry Data Center (TDC), a duplex link between Jig-56 and Launch Complex
37, a simplex link from Chin Site to Jig-56 and a simplex link at Holloman Air
Development Center.

-  The second method is the Digital Microwave Links from a TransportableTelemetry
Acquisition and Relay System (TTARS) to Jig-67 and from Jig-67 to Jig-56.



AIRBORNE TELEMETRY SYSTEM

All airborne telemetry systems must be tested and certified by White Sands Missile Range
in accordance with WSMR Regulations 105-10 and 105-11. The telemeter shall then be
certified by the Telemetry Branch to ensure compliance with the IRIG Telemetry
Standards. Telemetry Branch personnel will assist the Projects in setting the proper carrier
deviation and certify that the telemetry package is compatible with the Range Relay
System. A portable RF test rack is used at the missile assembly buildings to test and
certify the airborne telemetry packages.

TRACKING SYSTEMS

The systems described below are all located on the forty-by-one-hundred-mile White
Sands Missile Range. Jig-56 is located at the extreme south end of the forty-mile east-west
expanse. Jig-67 is located at Alamo Peak just outside the eastern boundary of the Range.
Jig-10 is located on Atom Peak near North Oscura Peak at the north end of the range.

Jig-56 uses a 15-foot parabolic antenna to cover all of the South Range launch areas.
Jig-67 and Jig-10 use 24-foot parabolic antennas to cover the mid-trajectory and terminal
phases of a missile test (Figure 1). Seven Transportable Telemetry Acquisition Systems
(TTAS) are used throughout the Range to support multiple object test scenarios or to
provide redundant coverage. These data are microwave relayed from several sites on and
off the Range to (Jig-56) and then to (TDC).

RECEIVING SYSTEMS

All of the telemetry receiving systems consist of right and left circular polarization RF
channels which are fed into a diversity combiner (Figure 2). The combined signal is tape
recorded in pre-detection and video composite form. The combiners’ ten-megahertz IF
signal is applied to the Telemetry Acquisition Relay System (TARS) for relaying to
(TDC). PCM data is “conditioned” using a PCM bit synchronizer whose output can be
applied to a digital multiplexer and relayed over the digital microwave system. The bit
synchronizer output can also be directly modulated onto the TARS microwave baseband
along with other data channels. The telemetry receivers are the latest model
microprocessor-controlled state-of-the-art receivers. The standard configuration consists
of two receive channels (left hand circular and right hand circular polarizations) and an
optimal ratio combiner. Wideband receivers with Intermediate Filter (IF) bandwidths of 15
and 20-megahertz are also available.



RELAY SYSTEMS

Three different methods are used at White Sands Missile Range to relay high rate PCM
data.

-  The Telemetry Acquisition and Relay System (TARS) accommodates NRZ-L PCM
data rates from 100-kilobits per second to five-megabits per second in addition to several
IF converted signals on the TARS baseband channels.

-  The Digital Microwave Radio System (DMRS) is used to relay two high rate PCM data
streams to Jig-56. The highest rate is 11.5-megabits per second. As many as twenty data
streams at one-megabit rates can be relayed on the DMRS by applying ten PCM data
streams to the inputs of two intelligent multiplexers (Figure 3). The intelligent multiplexers
will accept from one to ten data streams with an aggregate rate not to exceed
11.5-megabits per second. Digital microwave equipment is installed at Jig-10 and
equipment is available for the prototype mobile relay link into Jig-56. The DMRS RF
bandwidth is twenty-megahertz. The capacity of the DMRS is forty-five megabits per
second. This is accomplished by using eight level Phase Shift Keying (8PSK) modulation.

-  The Telemetry Lightwave System (TLS) can accept PCM data rates of 100-kilo- bits
per second to forty-five megabits per second. The single mode fibers can accomodate
five hundred and twenty-five megabits of digital data. The limitation of forty-five megabits
per second is due to the input conditioning circuitry of the transmitter and receiver
modules. The laser diodes used in the TLS operate on an emission wavelength of 1300
nano meters and can handle from one megabit per second to five hundred megabits per
second. The TLS consists of four fibers between Chin Site and Jig-56, two fibers
between Launch Complex 37 and Jig-56, two fibers between Elephant Mountain and
Jig-56, and six fibers between the Range Control Center and Jig-56 (Figure 4).

Most t of the light wavelinks are used in a simplex mode (one-way). Some are used in a
duplex mode (two-way). The duplex links provide a means of “loop-back” quality
assurance testing, and tape recordings to prove that the lightwave links were transparent
during a Range test.

AUTOMATIC SYSTEM CALIBRATOR

For link verification, the Automatic System Calibrator (ASC) is used to simulate the
missile telemeter. The ASC is modulated with an IRIG Standard Psuedo Random Bit
Stream (PRBS). The transmitted ASC signal is received by all of the tracking and
receiving sites, and relayed to the TDC. A “loop-back” channel from TDC to Jig-56 is
used to measure the Pit Error Rate (BER) performance of each acquisition/receiving/



relaying site. The BER test performed before the missile firing verifies that all systems are
configured and working properly and that the analog, digital, and lightwave relay systems
are transparent.

HIGH DENSITY DIGITAL RECORDING

Recording High Rate PCM Data -- IRIG Standard wideband, magnetic tape recorders are
used to record the PCM data. Up to six megabits of randomized NRZ-L data can be
direct recorded at 240 inches per second. Higher data rates are recorded using parallel
high density digital recording formatters. Data rates up to 20 megabits per second can be
recorded using the existing high density digital formatters. The extensive use of encrypted
telemetry data required implementation of new procedures to ensure that the telemetry
receiving and relaying links are transparent.

New procedures have been implemented to produce high quality magnetic tape recordings
of PCM signals. The procedures include conditioning the magnetic tape and recording a
PCM tape signature.
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1816 Santa Barbara Street
Santa Barbara, CA 93101

May 26, 1990

To:  Directors of the International Foundation for Telemetering

From:  Erwin H. Straehley, Chair, TSCC

Subject:  1989 - 1990 Annual Report

The TSCC held two formal meetings during the 1989 - 1990
year.  One on 30 October 1989, in conjunction with
ITC/USA/1989 in San Diego, and the second on 24 April 1990 at
the Naval Air Test Center, Patuxent River, MD. We have
returned to the practice of holding our Spring meeting at a
telemetry-related facility. This has been popular.

The following documents were reviewed during the year.

Modifications to RCC 106, Chapter 8, MIL-STD-
1553 recording. The modifications were minor; no
comments were received. No suggestions for further
revision were recommended. A letter was sent to the
originator on 27 June 1989.

Draft Standards document relative to
Standardization of Format and Medium for
Exchange of Telemetry Attributes. This document
was reviewed by the Time Division Multiplex sub-
committee. Comments were forwarded to RCC/TG
on 24 January 1990. This will be the subject of
continuing action by TG and pink sheets are not
expected for about a year.



The following were received at the April meeting and are presently under review.

Proposed Preamble/Postamble Standards for Longitudinal Instrumentation
Magnetic Tape Recorders, TG/TTC, 2 April 1990.

Universal Source Coding for Data Compression, CCSDS, March 1990.

The committee made the following administrative changes.

The membership category of Emeritus Member was added. Hugh Pruss was
honored as the f irst TSCC Emeritus Member.

Adrian Hooke declined reelection to another membership term; Merv
Macmedan was elected to a five year term in his stead. Ed Snyder was
elected to fill the remaining year of Hugh Pruss’ regular membership and
reelected to a five year term. Don Sackman, Bob Beasley, and Bob
McElhiney all were reelected to five year terms.

The new officers for 1990 - 1991 are: G. Galleher, Chair, D. Sackman,
Vice-Chair, and E. Snyder, Secretary/Treasurer.

Respectfully Submitted,

TELEMETERING STANDARDS COORDINATION COMMITTEE

Erwin H Straehley
Chair
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