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A MESSAGE FROM THE
1986 TECHNICAL PROGRAM CHAIRMAN

CHUCK BUCHHEIT
Technical Program Chairman, ITC/USA/’86
CONFERENCE THEME:

Telemetry: a Critical Element in System Design,
Evaluation, and Operation

This is the 22nd in a series of conferences started in 1965. The theme this year focuses
on the importance of considering telemetry requirements in all phases of system
implementation, as well as the contribution of telemetry data to the successful
implementation of the system. As systems become increasingly intelligent, the role of
telemetry in system implementation or utilization becomes increasingly important, with
requirements for the quantity and quality of telemetry data steadily growing. The challenge
is to not only provide the increased amounts of data required but to also provide it in a
format which makes it usable in near realtime. This implies realtime processing to
combine, scale, format, etc. the data as required, as well as the capability to display it in a
manner which makes it readily usable by the test engineer or end user. Our hope and desire
is that the papers presented at this year’s conference contribute to meeting this challenge.
This year we have attempted to build on the success of last year’s conference and to try
to improve it. The multiple sessions format has been retained with the addition of a general
applications session. We have also increased the number of tutorials to enhance the
educational value of the conference.
The response to the call for papers this year was truly outstanding with responses from
around the world--almost more than I could cope with. I think you will find them
interesting and informative. My sincere thanks to the authors, my session chairpersons,
and, especially, to Carl Ashley, Pacific Missile Test Center, whose assistance was

invaluable. Also, my deepest respect to the ITC/USA/’86 General Chairman, Dick Hay
and the many other chairpersons who put ITC/USA/’86 together. I can only hope that their
personal satisfaction in putting together this conference is commensurate with the
tremendous amount of hard work they put into it!
I hope to see you at the conference. Only through the continued education and
exchange of ideas and knowledge that conferences such as this offer can we hope to meet
the challenges of today and of the future.

Chuck Buchheit, Technical Program Chairman, ITC/USA/’86

KEYNOTE LUNCHEON SPEAKER

REAR ADMIRAL EDWARD J. HOGAN, JR., USN
Chief of Legislative Affairs
Edward J. Hogan, Jr., was born in Philadelphia, Pennsylvania, on August 17, 1932, and
graduated from West Philadelphia Catholic High School in 1950. He received his Bachelor
of Science degree from the U. S. Naval Academy and was commissioned an Ensign in
June 1954. He went directly into Naval Aviation and completed flight training in May
1956.
His early assignments included duty with Fighter Squadron THIRTY-THREE aboard
the carrier INTREPID; the Empire Test Pilot School in Farnborough, England; the Naval
Air Test Center as a Test Pilot; Aide and Flag Lieutenant to Commander Carrier Division
FOUR; the Command and Staff Course, Naval War College; Carrier Air Wing EIGHT
aboard carrier FORRESTAL, and on SHANGRI-LA with Air Wing NINE.
In 1968 he became Executive Officer, then Commanding Officer, of Fighter Squadron
NINETY-TWO aboard the nuclear carrier ENTERPRISE. This assignment was followed
by tours as Flight Training Officer, Commander Naval Air Force, Pacific Fleet, and
Operations Officer on the carrier KITTY HAWK. In 1971 he reported to the Chief of
Naval Operations in Washington, D. C., as Head of Medium and Long Range Plans and
Policy Branch.
Rear Admiral Hogan commanded the oiler KAWISHIWI from 1974-1975 and was
Commanding Officer of the KITTY HAWK, 1976-1978.

He was selected for flag rank on January 1, 1981, while serving as Director, Aviation
Manpower, Training and Aircraft Carrier Programs in the Office of Chief of Naval
Operations. During this tour, he was instrumental in establishing the series production of
NIMITZ Class nuclear aircraft carriers. He then became Commander, Naval Air Test
Center, and Chief Test Pilot for the Navy at Patuxent River, and assumed his present
position as Chief of Legislative Affairs in November 1985.
The Admiral’s decorations include the Distinguished Service Medal, Bronze Star with
Combat V, Meritorious Service Medal and Air Medal. He holds an M.S. degree from
George Washington University and an M.B.A. from American University.
Admiral Hogan was Captain of Navy’s Eastern Region NCAA finalist basketball team
in 1954, and Pensacola’s All-Navy Championship team in 1955. He was also Captain of
Navy’s Woodruff Cup Inter-Service Squash Championship teams in 1981 and 1982.
He is married to the former Linda Lee Wilson of Akron, Ohio. They have two sons-Gregory, who attends the University of Maryland, and Steven, at West Virginia
University.
Rear Admiral Edward J. Hogan, Jr., USN, Keynote Luncheon Speaker ITC/USA/’86

FOREWORD TO THE 1986 PROCEEDINGS

Richard G. Hay
General Chairman ITC/USA/’86

The Proceedings of the ITC/USA/’86 is proudly presented to participants as a
permanent record of the conference Technical Program by the International Foundation for
Telemetering, the Instrument Society of America, and the ITC/USA/’86 committee. It is
my sincere hope that each of you will find this quality publication to be a valued reference
to aid you in pursuit of your individual telemetry related careers. To insure that this is the
case, your conference committee planned a stimulating and informative program of guest
speakers, tutorials, exhibits and technical papers.
The emphasis of the Technical Program for 1986 is on the educational aspect of the
conference. It will include three guest speakers, four tutorials and approximately ninety
technical papers from Europe, the Far East and the United States. Charles Buchheit, who
has served in the demanding role of Technical Program Chairman, has done an outstanding
job of obtaining and organizing this material for maximum benefit to the participants. The
program opens with an address by Dr. John Bolino, Deputy Director of the Test Facility
Resources, from the Office of the Under Secretary of Defense for Research and
Engineering. Dr. Bolino is currently serving as President of the Test and Evaluation
Association. Following the address, he chairs a Blue Ribbon Panel composed of the
technical directors from various Naval ranges discussing the developments and capabilities
of their home facilities.
The Keynote Speaker is Admiral Hogan who is Chief of the Legislative Affairs Office
of the Department of the Navy. Admiral Hogan’s observations on recent congressional
activity affecting our industry are particularly important in light of Gramm-RudmanHollings legislation. Finally, for 1986 the conference features a special dinner speaker at
the annual banquet. Mr. Marvin Jones, Director, Safety, Reliability and Quality Assurance,

Protective Services, NASA, will speak on the timely subject of the role of telemetry in the
Shuttle flight safety program.
The technical program follows the same five session format which was successfully
implemented at ITC/USA/’85. The exception is that emphasis will be placed on the
conference as an educational instrument. Four technical tutorials are planned for delivery
by leaders in their respective areas on the subjects of Topology Protocol Design for
Computer Communication Networks, Global Positioning System, the Impact of VLSI on
Aerospace Systems, and International Telemetry Utilization. The technical papers, as
presented in the Proceedings, round out the program stressing the importance of telemetry
on system design, evaluation and operation.
The conference represents a tremendous collective effort by the individuals who make
up the staff, speakers, authors, exhibitors, volunteers, and support organizations. I would
like to thank all of these people and especially recognize those of you who make the event
successful through your attendance and participation. It is only through service to the
telemetry community of users and suppliers that the conference continues to grow and be
successful. On behalf of the International Foundation for Telemetering and the
ITC/USA/’86 staff, please accept this Proceedings and my personal thank you for making
the conference a success.
Richard G. Hay, General Chairman, ITC/USA/’86

BLUE RIBBON PANEL CHAIRMAN

John V. Bolino
Assistant Deputy Under Secretary
of Defense
Test Facilities and Resources

ITC/USA/’86 is pleased to present John V. Bolino as our guest Blue Ribbon Panel
Chairman.
Mr. Bolino is Assistant Deputy Under Secretary of Defense for Test Facilities and
Resources. He is responsible for oversight of the Department of Defense’s Major Range
and Test Facility Base and the development of test resources, such as aerial targets and
other threat simulators. Mr. Bolino is the Department of Defense’s senior official for test
facility management policy and acts on the behalf of the Secretary of Defense in giving
direction to the military services in this area.
Mr. Bolino has also held a position in the office of the Director of Operational Test and
Evaluation, Office of the Secretary of Defense. He was, for over one year, the only civilian
member of that staff and exercised a wide range of duties associated with establishing that
office. He was responsible for the first complete operational test and evaluation annual
report to Congress and won praise from the Secretary of Defense for its quality.
Previously, Mr. Bolino was a program manager with the Navy Department where he
had responsibility for developing an improved carrier-based airborne weapon system for
conducting Anti-Submarine Warfare. He exercised management direction over a
substantial team of contractors, government laboratories and technical specialists working
together to accomplish project requirements. This team included contracting experts,
logistic experts, fiscal managers, engineering personnel and testing professionals.
Mr. Bolino also served as the Chief Engineer for an integrated Ship/Air Weapon
System that required coordination of diverse technical specialties associated with
development of both shipboard and airborne equipment. This weapon system employed

over one million lines of computer code to achieve system performance requirements with
Mr. Bolino responsible for its development, delivery and operation.
Extensive experience in all aspects of acquisition, particularly in test and evaluation,
have made Mr. Bolino a leader in the field of acquisition management and the application
of test and evaluation to reduce risk within the acquisition process.
Mr. Bolino holds a Master of Science degree in Systems Management from the
University of Southern California, a Bachelor of Science in Engineering from Tufts
University and is a graduate of the Defense Systems Management College. During his 21
years with the Navy Department, he completed many technical and management postgraduate study programs.
Assistant Deputy Under Secretary of Defense John V. Bolino, Blue Ribbon Panel
Chairman ITC/USA/’86

BANQUET SPEAKER

Marvin L. Jones
Director of Safety, Reliability and
Quality Assurance, and Protective Services
NASA Kennedy Space Center

ITC/USA/’86 is pleased to present Marvin L. Jones as our guest banquet speaker. His
topic will be the role of telemetry in the shuttle flight program.
Marvin L. Jones is Director of Safety, Reliability and Quality Assurance, and
Protective Services at NASA’s John F. Kennedy Space Center. He is responsible for
developing and implementing overall safety policy and procedures at KSC and activities
relating to KSC programs at Cape Canaveral Air Force Station and Vandenberg Air Force
Base. His office also performs hazard assessment and risk reduction efforts for all
programs and projects assigned to KSC.
Mr. Jones has served as Director of Safety since April of 1985. Prior to that
assignment, he served as Commander of the Eastern Space and Missile Center, Patrick
AFB, Fla., capping a 28-year career with the U. S. Air Force where he attained the rank of
colonel.
During his service career, Mr. Jones attended the Air War College and the Command
and General staff school. He served as a navigator early in his career, and received his
pilot’s wings in 1961. He was a command pilot with more than 6000 flying hours including
738 combat missions in Vietnam.
Born in Ashville, North Carolina, he is a graduate of Frederick High School. He
attended Troy State University and received his Bachelor of Science degree in Political
Science.
Mr. Jones and his wife, Anne, live in Merritt Island. They have three children, Richard,
Stephen, and Susan.
Marvin L. Jones, Banquet Speaker, ITC/USA/’86
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ABSTRACT
Transmission of a binary signal representing a standard black-and-white television picture
requires several forms of compression to reduce data to bit rates compatible with
available telemetry links and equipment. Commercially-available compression systems are
made for video teleconferencing, and use interframe coding which cannot provide fullmotion display required in many applications. In the full-motion system described here,
some compression is obtained by a conversion process which causes no picture
degradation at all; further compression results in loss of expendable picture
characteristics. A brassboard system for use in television-guided missiles and remotelypiloted vehicles is built, tested, and demonstrated.
REQUIREMENT
Missiles and aircraft present various types of signals for transmission to ground
observers. A standard NTSC television picture is one of the more troublesome of these
signals, due to its large bandwidth and its decidedly analog nature. Digitization of such a
signal for transmission is desired for several reasons, including the relative ease of routing
and storing the received signal, the robustness of a digital signal, and to introduce
encryption when required. “Typical” digital data links for missile telemetry use
bandwidths between 100 kHz to about 3.3 MHz. An analog NTSC television signal has a
defined bandwidth of 4.2 MHz, which produces an RF bandwidth of at least twice that. A
42-dB signal-to-noise ratio would require 7-bit resolution and a sampling rate of at least
8.4 MHz; thus, a bit rate of 58.8 Mbits/second or a bandwidth of about 60 MHz is
required for direct digital transmission of the television signal. Since this bandwidth is well
in excess of bandwidths found in typical telemetry systems, transmitters, receivers,
recording equipment and other link components are not readily available.
Because an increase in bit rate carries with it a requirement for more bandwidth and/or
power, any high bit rate system necessitates an improvement in noise performance at
receiving stations and/or an increase in transmitter power, both of which have practical

limits. Compression of the digital signal to provide the best possible signal in the lowest
practicable bit rate is, hence, an attractive alternative.
COMPRESSION METHODS
A standard NTSC signal consists of a signal whose amplitude indicates the brightness of
any point in the picture, interleaved with signals to allow synchronization of the receiver to
the transmitted signal. These synchronization pulses are transmitted as “blacker-thanblack” signals to easily allow analog circuits in the receiver to distinguish them from video
data, and to blank out the video beam as it retraces from right to left and bottom to top of
the screen. These synchronization signals can be thought of as “carriage return” and “top
of form” signals, as would be found in printing. The time duration of these
synchronization and blanking intervals is considerable, reflecting the analog nature of the
television signals and the state of the electronic art in 1941 when the standards were
established. Most of this synchronization overhead can be eliminated in a digital system.
Thus, only the “active” portion of each horizontal scanning line need be sent, and only
those horizontal lines that contain picture information at that. Also, since the normallydefined 141-step voltage range has video information only between +10 and +100 (a 91step range), a reduced gray-scale resolution range is possible. None of these savings
causes a degradation of picture quality when properly reconstructed and displayed on a
standard television monitor. Although 525 lines are present in each complete frame, about
40 of those lines are blanked and represent part of the vertical synchronization signal,
leaving 485 “active” lines. Since the aspect ratio of the picture is 4:3, similar resolution can
be obtained in the horizontal direction with 4/3 x 485 = 647 picture elements, or “pixels.”
And since there are 30 frames per second, this translates to a pixel rate of 9.413... million
pixels/second, or with 6-bit gray-scale resolution, a bit rate of 56.48... Mbits/second. This
digital representation of a “perfect” picture results in very little savings in bit rate, so
additional compression is required.
PICTURE CHARACTERISTICS
Any “real” television signal contains redundancies which might be eliminated in some
form of compression. Individual pixels are very much like the ones immediately above,
below, or to either side; individual frames look much like the one that preceeds or follows.
A standard NTSC frame, moreover, is split into two fields, one containing the odd lines
of a given frame, the other the even. This is done to reduce flicker on the screen that
would result from a 30 Hz scanning rate, much as a movie projector shows each of its 24
frames per second three times. In some solid-state cameras the odd and even fields are
scanned from the same photodiodes and are thus identical, having the effect of cutting
vertical resolution in half. Pictures produced by a missile or aircraft are generally analyzed
one field at a time, rather than one frame at a time, to reduce blur caused by motion. This

also gives a 60-per-second rather than a 30-per-second time resolution. Use of a shutter
that opens only during vertical blanking can eliminate motion blur entirely. The
combination of single-field display and shutters is used in stop-action sports scenes in
commercial television. In sports systems, the missing field in each shot is generated by
interpolation of the one from the recorder.
If vertical resolution is limited to half of normal by use of individual fields for analysis,
horizontal resolution can generally be halved as well. This reduction is such that the
smallest resolved element is a square rather than a rectangle. The missing pixels from a
faster sampling process can then be filled in by interpolation or repetition. The reduction
in bit rate from this decrease in horizontal resolution is substantial, cutting the required bit
rate in half to about 38.25 Mbits/second. Some improvement in apparent vertical
resolution can be produced by interpolation to produce the missing field, but this is
seldom done.
Since the brightness of any pixel is related in some way to the brightness of the pixels
around it, transmitting the difference between the brightness of any pixel and the one
before it can be done differentially without much degradation. Tradeoffs exist between the
maximum brightness difference allowed between pixels and the number of steps of grayscale allocated, but differential coding can cut the required number of bits per pixel by
half or more. Depending on the step sizes allowed and the number of steps permitted,
various types of picture degradation result, so such tradeoffs need to be studied with
actual pictures. An adaptive system might adjust resolution as a function of picture “busyness.”
If a combination of neighboring bits is used as the “predictor” instead of the one just
previous, the difference between the prediction and pixel to be sent can be made smaller,
and thus the difference transmitted can be quite accurate with relatively few bits. Use of a
larger prediction kernel adds complexity, so, again, a tradeoff exists. Finally, the
compression of the bitstream resulting from the differential coding can possibly be
compressed further by use of run-length coding and other techniques.
Additional compression can be realized by transmitting frame-to-frame differences (called
“inter-frame coding”). This greatly reduces the amount of information required to be sent,
since succeeding frames may be identical or differ only in perspective or framing.
Unfortunately, the delay introduced in any device which stores at least one frame and
compares a “new” frame to an “old” one can be quite significant--in some systems as
much as a quarter of a second--and, worse, the delay may not be constant. Worse yet, the
most difficult portions of the picture to handle--and thus those most distorted by the
process--are the motion products where the most interesting data are. If the picture is
emanating from a television-guided bomb, for example, transmission will end abruptly

when the bomb hits its target or the ground, and the last few fields--the ones of greatest
interest--will be lost forever.
Another practical consideration limiting the amount of compression attainable is size.
While no particular constraint exists at the receiving end, the encoder is ideally small to
allow placing it into an aircraft or missile where space (and power and weight, for that
matter) is at a premium. The memory capacity required to hold even a single frame and
operate at the required bit rates makes such design impractical, at least for the present.
BRASSBOARD SYSTEM
A specification describing the desired system was issued and proposals were received
from four bidders. The winning bidder, Delta Information Systems of Horsham,
Pennsylvania, proposed a system which uses 3-bit differential coding and a negotiable
prediction kernel. The bitstream thus generated is then fed into an entropy coder to further
decrease the bit rate. The output bit rate from the entropy coder is variable, so a first-in,
first-out (FIFO) register is used to produce a constant output rate to the transmitter. The
FIFO causes a transmission delay of one field, regardless of its fullness, although other
delay times are possible. If the buffer is in danger of overflowing, it signals the encoder,
which can decrease the buffer’s input bit rate by reducing the grayscale resolution
between pixels, reducing the horizontal sampling rate (i.e., turning the square pixels into
wider rectangles), or averaging two or more lines (making the pixels taller). The normal
and fallback modes for the various output bit rates are shown in the table below. The
Delta system operates at output bit rates of 5, 10, 20, and 40 Mbits/second.
TABLE 1. Modes of operation.

Nominal bit rate,
Mbits/second

Horizontal
resolution
pixels/line

40

900

Any

20

10

5

Image complexity

Lines horizontal
subsampled, %

DPCM coding precision,
bits/pixel

0

3

640

Typical
More complex
Worst case

0
0
50

3
3
3

640

Typical
More complex
Worst case

60
100
100

3
3
2

320

Typical
More complex
Worst case

60
100
100

3
3
2

Resolution of the Delta system varies with the output bit rate as well as with buffer status.
When the buffer is not in danger of overflowing, the resolution for a single field is never
less than 160 pixels per line; future systems will increase this minimum to 240 pixels per
line.
The Delta codec overcomes transmission errors by transmitting a line completely (i.e., not
differentially coded) every few lines. Sync information at the top of the picture can also
re-establish a noisy link. This is important since some systems transmit digital data at the
top of the picture, not unlike closed-caption, videotex or test signal transmission in
commercial TV. These data transmissions make the lines they occupy “busy” with lots of
transitions, but occupy only two brightness levels and thus do not severely overtax the
system.
The Delta decoder also senses when a horizontal line, as received, contains probable
errors. When such a line is detected, the last good line is repeated until an error-free line is
received. The pictures resulting from this drop-out compensator are thus improved over
what would have resulted from providing no correction.
REPRESENTATIVE SCENES
Normal television scenes from a missile or aircraft are relatively uncluttered, much in the
same way a printed page (even with pictures on it) is mostly white. Such a picture does
not overwhelm the Delta codec even at the low output bit rate. When the buffer status
indicates that the picture contains aspects which may cause the encoder to overload, the
system falls back to a lower resolution mode between fields. The highest resolution mode
possible is always selected. A synchronous idle character is used to prevent FIFO
underflow.
Figures 1-7 show representative scenes as originally generated and as rendered by the
codec at 5, 10, and 20 Mbits/second. The pictures were produced by still-framing
videotapes from various sources and electronically converting the input and output
pictures to print without the use of photography. Use of single frames or fields is entirely
representative of the effects produced by moving pictures, since each field is processed
separately; the still-framing is a requirement for the picture printer used. The effects of
overly “busy” scenes are apparent, obviously most evident at the lowest bit rates. When
the buffer in the encoder is in danger of overflowing, the encoder-compressor takes larger
jumps in gray-scale between pixels, reduces the number of pixels per line, and averages
two adjacent lines in the next field to decrease the amount of data transmitted. Generally,
this will in general occur within a picture rather than at the start, with the results as shown.
The actual system wil use interpolation to produce the 5 Mbit/second pictures and with
greater resolution (240 versus 160 pixels/line).

WHAT HAPPENS NEXT?
The system, as demonstrated, is practical and functional, but one or more iterations on
making the encoder-compressor smaller is required. A specification completely describing
the algorithms and protocols used in this system will be issued to allow competitive
procurement of both system components. Specifications for telemetry-type transmitters,
receivers, and bit-synchronizers have been produced and representative hardware is being
tested. Introduction of the system in ground-to-ground systems is expected within a year
and in airborne systems within two.
A system to encode a color (RGB, RGBY, or NTSC composite) picture for display on
an NTSC color monitor is planned for next year. The color system will take advantage of
the eye’s relatively poorer color resolution, not only in the horizontal direction as the
NTSC system does, but also in the vertical. A system for digitizing and compressing the
wideband signals produced in radar. receivers is also planned.

FIGURE 1. Equipment panel, full bandwidth

FIGURE 2. Equipment panel, 10 Mbits/second.

FIGURE 3. Equipment panel, 5 Mbits/second

FIGURE 4. Sherri Gattis, full bandwidth.

FIGURE 5. Sherri Gattis, 20 Mbits/second.

FIGURE 6. Sherri Gattis, 10 Mbits/second

FIGURE 7. Sherri Gattis, 5 Mbits/second, 160 pixels/line, no interpolation.
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ABSTRACT
A realtime, multi-system, dynamic vehicle test capability has been developed for the
testing of tanks and large vehicles under all possible conditions of terrain and
environment. The systems, produced under a turnkey contract, include: a fixed base
ground data processing system; a mobile ground station with the same processing
capability; two vehicle-borne systems with on-board computing, recording and telemetry;
and a large integrated software package for all four systems. The mobile ground station
can be mounted on a rail car, a ship or the chassis of a diesel truck capable of operating
across open field terrain. All four systems have computers and realtime EU data displays.
The vehicle-borne systems can be assembled and mounted inside a tank turret for
underwater testing. Optionally, they can be installed in an environmental enclosure
mounted to the outside of the vehicle for open field testing or tests where the armament
supply hardware must be installed inside the armored vehicle. Several special sensors
were developed for the vehicle-borne instrumentation to permit measurement and display
of terrain contour, ground speed, track efficiency, power train performance, vehicle
direction, velocity and acceleration in 3-axes, vehicle attitude and stability, dynamic gun
pointing accuracy, engine and transmission performance and operator reaction to the test
requirements and the vehicle environment.
INTRODUCTION
Three years ago the requirements were defined for a group of systems to be used in
realtime performance monitoring and dynamic testing of large tracked and wheeled
vehicles with both military and commercial applications. The need was for a turnkey
capability to monitor concurrent operation of two test vehicles under any environmental
condition while the vehicles are operating on any type of terrain at a fixed test range or at a
remote geographical location without a test site infrastructure. The quality of vehicle
performance to be measured included operator controls, vehicle direction and velocity in
all axes, engine and transmission performance, drive train efficiency, track efficiency,
measurement of ground terrain contour, weapons system operation and accuracy under

dynamic field conditions, and vehicle operator reactions to tactical conditions and the
vehicle environment.
Each of two vehicle-borne systems, as initially deployed, provided up to 186 channels of
data acquisition processed in PCM format at sampling rates up to 125k sps, with growth
to double that number of channels. One of the vehicle-borne systems had the PCM data
telemetered via a broadband PCM/FM telemetry link in S-band with low-light level video
telemetered in the baseband and PCM on a high frequency subcarrier oscillator. Both
PCM and video were also recorded separately on-board the vehicle. The second vehicleborne system used a narrow-band PCM/FM L-band telemetry link with transmission of
PCM data only. Both vehicles had limited on-board EU data display capabilities. A
mobile microwave repeater station was provided to permit the test vehicle to have
continuous rf link integrity with the ground station when the test track terrain caused the
test vehicle to operate out of line-of-sight range of either the mobile or fixed base ground
stations. The test track route, across which the vehicle had to maintain telemetry link
continuity with the ground station, could vary plus or minus several hundred meters from
the elevation of the ground station requiring dual axis steerable antennae at the mobile
ground station.
System expansion capabilities included support of up to four test vehicles operating on
the test track concurrently. The test vehicles had to be able to operate up to 14 km from
the fixed or mobile ground data processing stations while on any conceivable type of
terrain; the mobile ground station could follow the test vehicle(s) across open terrain for
extended tests beyond the telemetry link range.
A significant portion of the turnkey contract included the development of special sensors,
the supply of all sensors for two test vehicles, as well as the installation in one test vehicle
of one data system and all sensors necessary to demonstrate the specified functionality.
The data system hardware and software documentation included procedures for sensor
installation and sensor calibration. Included in the overall test capability was a sensor
calibration laboratory with the hardware and software to perform any type of sensor
calibration (e.g., bonded strain gauges, LVDTs, synchros, pressure and position
transducers) and to semiautomatically enter the calibration data into the test facility data
base.
The mobile and fixed base ground processing software systems required database
support of a large number of different test vehicles and a large number of sensor classes
with calibration data kept in a special realtime relational database for instant recall by
vehicle number, test number, revision, date and time. Test data, to be presented in realtime
in several different formats, included scrolling EU curves on color CRT terminals with
color hardcopy capability, EU curves on a printer/plotter, raw data on stripchart

recorders, bar graph and tabular EU data on B&W CRT terminals and alarms on the
graphics terminal. Hardcopy output was provided for all realtime data presented to the
test engineers. The mobile ground station provided the same functions as the fixed base
ground station, but it only needed to support four test engineers and two concurrent test
vehicles in close proximity and did not need to support concurrent software development
and testing.
Training included all facets of the system from sensor theory, installation and calibration
through operation and maintenance of the system and application software development.
On-site commissioning of the system will include 30 days of field testing of the
instrumented tank across the entire test track.
SYSTEM OVERVIEW
The Realtime Dynamic Vehicle Test capability is composed of multiple systems integrated
to support fixed base and remote site vehicle test operations using multiple telemetry links.
Figure 1 is an illustration of the elements which comprise the complete vehicle test
capability at the fixed base operations site. The remote test site location or the fixed base
test track vehicle operations can be augmented by the Mobile Microwave Repeater system
which permits the test vehicle to maintain telemetry link integrity while it is out of line-ofsight range of the ground station receiving antenna. It is primarily intended for use at the
fixed base test track where there are two different test ranges both of which consist of
extensive hilly terrain and neither of which can be covered completely by the two singleaxis controllable receiving antennae. Remote site test operations composed of the mobile
ground station, the mobile repeater (if required) and the test vehicle(s) are to operate at
any remote geographical location without a test support infrastructure.
The fixed base ground station systems are installed in three different buildings located in
the test complex infrastructure at the northeast end of the fixed vehicle test ranges. The
terrain contour for one of the two test ranges is presented in Figure 2, which also depicts
the buildings where the receiving antenna system, the PCM data processing system, the
sensor calibration laboratory and the vehicle preparation site are located. It also depicts
one of the test track routes used to test vehicle operation and performance. Not shown,
but of significant importance in the system design (beyond the terrain contours) is the
large stand of trees between the receiving antenna building and the observation building,
placing most of the eastern end of the major test track route out of line-of-sight range
from the receiving antennae. The reason for two receiving antennae is to permit concurrent
testing of two vehicles as well as coverage of both test range Number 1 and test range
Number 2 (not shown) and/or the vehicle preparation building.

By locating the narrowband microwave repeater system on a jeep, it is possible to
position the repeater system on a high point of ground where there is line-of-sight visibility
between the repeater and both the test vehicle and the receiving antenna building. The jeep
provides the mobility needed to move the repeater location during the vehicle test run so
this dual path LOS condition is constantly maintained.
The Realtime Dynamic Vehicle Test System is composed of six major functional
elements:
1.
2.
3.
4.
5.
6.

Vehicle-borne Data Systems & Sensors
Mobile Microwave Repeater System
Mobile PCM Ground Station
Fixed Ground Station Antenna System
Fixed PCM Data Processing System
Sensor Calibration Laboratory

The fixed ground station antenna subsystem and the PCM data processing system are
located in two different buildings because of building location and site restrictions but
they represent one complete PCM ground station. The mobile PCM ground station with
its integral antenna system represents a second complete PCM ground station. Complete
data processing functions are available at either PCM ground station.
Sensor Calibration Laboratory
The Sensor Calibration Laboratory is located approximately 600 meters from the ground
station computer building. In addition to its classical instrumentation for sensor calibration
and testing, is a vehicle-borne multiplexer/encoder and an on-board microprocessorbased data display and control unit which can program and test the multiplexer via its
RS-232 connection to the host CPU in the computer building. There is also a B&W CRT
terminal in the calibration laboratory connected to the ground station computer for local
display of processed sensor calibration data. The sensors being calibrated are connected
to, and excited by, PCM encoder whose serial PCM stream is connected via cable to the
decom in the computer building where calibration data is processed. Included with the
calibration laboratory hardware provided are the tools, fixtures and procedures for
calibration of the special sensors such as the terrain contour follower, the torque sensors
and doppler velocimeters.
Fixed Base Ground Station
The fixed base PCM ground station is composed of two subsystems located in separate
buildings. The receiving antenna system is located on the tower of the tallest building in

the complex infrastructure to obtain the best LOS view of the entire test complex. Two
remotely controlled, manually slewed, single-axis (60E look angle) broadband antennae
were selected to support two concurrent telemetry links. Both antennae have integral
bandpass filters and low noise preamplifiers capable of driving the 160 meters of low-loss
co-axial cable between the antennae and the receivers located in the computer building.
With this receiving antenna configuration, no operator need be located in the antenna
building to support system operation.
The computer building contains the remainder of the hardware comprising the fixed PCM
ground station. As depicted in the simplified block diagram presented as Figure 3, the
fixed base PCM ground station is built around a DEC VAX-11/780 computer system with
dual 125 ips/6250 bpi 9-track tape transports and three hard disks providing over 250 MB
of mass storage plus a dual floppy disk drive. The computer peripherals include a color
graphics terminal with a companion color plotter, a Versatec V-80 printer/plotter, two
B&W alphanumeric CRT terminals and a system terminal/hardcopy unit.
There are three S-band FM receivers to support both the fixed and mobile PCM ground
stations. Two Microdyne 1100AR narrowband receivers for PCM telemetry-only tests
(one at each ground station) and a Terracom wideband receiver for tests transmitting both
PCM and video over the same carrier. The wideband receiver is relocated between the
two ground stations as required to support specific tests.
The PCM and video outputs of the receivers are routed through a patch panel to a local
video recorder and video monitor plus a 14-track PCM tape recorder and the PCM
decom. The decom contains a word selector unit with eight DACs to provide raw data
stripchart recording. Synchronized PCM data is transferred via DMA from the decom to
buffers in the host computer where it is decommutated in software with up to 120 PCM
words available for realtime processing and display. The system has a much larger PCM
word processing capability dependent on PCM word rate, the host CPU size and the
complexity of realtime algorithms being processed.
A local time code generator/reader is provided to display test range time and to provide a
time/event tape search capability for offline processing of PCM tapes recorded on-board
the test vehicle. It can also be used to synchronize the portable TCGs used on-board the
test vehicles to ground station time.
Mobile Ground Station
The mobile PCM ground station has all the functionality of the fixed base PCM ground
station except that the computer is a VAX-11/730 with a single 45 ips 9-track tape
transport and two disks providing only 130 MB of mass storage capacity. It also has only

one B&W CRT terminal instead of two and it does not have a color hardcopy unit. It has
a dual receiver system but only one broadband high gain dipole antenna with a look angle
of approximately 60 degrees. This antenna, however, has both azimuth and elevation
controls to account for potentially very wide vertical elevation differences between the
mobile ground station and the test vehicle.
An airconditioned truck body (cabin) has been designed for the mobile ground station
that can be mounted on a rail car, a ship, a trailer or the chassis of a truck that can operate
over open terrain in snow/ice, rain or blowing sand/dust conditions found at any
geographical site in the world. Photographs of the interior and exterior of the mobile cabin
are presented in Figure 4. The receiving antenna mast and rotors are located on top of the
cabin but are not shown in the figure.
Vehicle-Borne Systems
Each of the two vehicle-borne data systems is composed of a doppler ground speed
sensor system, a two-axis rate gyro system with accelerometers and appropriate pressure,
temperature, torque and position sensors connected to a 186-channel PCM encoder
supported by a 30-channel thermocouple isothermal unit and a 64-channel presample
conditioner unit. PCM data is recorded on-board on either a 14-track reel-to-reel tape
recorder or a two-track cassette recorder as well as being telemetered to the ground
station. An IRIG time code generator supplies time to the PCM encoder for embedding in
the PCM data stream. Time is also displayed as one measurement on the Computer
Control and Display Unit [CCDU] which provides realtime computations and display of
up to five additional EU or derived parameters (in addition to time), for use by the driver
or test engineer on-board the test vehicle. Up to 10 prestored scenarios can be selected at
different times during the test run by the operator (from the CCDU keyboard) providing a
total realtime display capability of up to sixty different measurements.
The driver and vehicle instrument panel is monitored by a low light level color TV camera
whose output is recorded by an on-board video cassette recorder as well as being
transmitted via the telemetry link along with the PCM data.
The PCM encoder, presample conditioners, tape recorder and time code generator can be
mounted to special brackets attached to the inside walls of the tank turret (in place of the
ammunition containers) for operation of the test vehicle in water of depths up to 5 meters
(without armament firing capabilities). Optionally, for gun system or ballistic tests
requiring ammunition, these units can be mounted on the outside of the tank in the
airconditioned enclosure supplied as part of the system. Figure 5 shows two alternate
locations for external mounting of the airconditioned electronics enclosure to the turret or
the tank body, depending on where the majority of the sensors are located for a given test.

SENSORS
The requirements to measure the efficiency of the drive tracks under widely varying soil
conditions and across all types of terrain presented measurement problems that could not
be handled with classical sensors. The solution was to adapt sensors from test
applications as diverse as aircraft/missile testing and farming coupled with the
development of new sensor subsystems.
Nearly 600 sensors of all types were supplied with the two vehicle-borne systems to
measure all of the specified functionalities. The sensors of greatest interest to the system
user were those required to measure: 1.) the elevation gradient and contour of the ground
over which the test vehicle is to be operated, 2.) the vehicle ground speed and 3.) torque
at various points in the drive train. Ground speed, track speed, direction and vehicle
attitude are integrated to determine track efficiency. The new sensors were a Terrain
Contour Follower [TCF], a ground speed sensor, and specially developed torque
sensors.
Terrain Contour Follower
The TCF is a custom sensor assembly developed by Via Systems Co. in Santa Barbara,
California which required some parallel software development to integrate the signals from
the three classical sensors (gyros, synchro, pulse rate rpm) installed on the TCF. As
depicted in Figure 6, the TCF is a two-wheeled sensor assembly towed by the test
vehicle, which determines the contour of the earth over which the test vehicle is passing.
Terrain contour is not determined by actually measuring the tactile contour of the terrain
but by measuring or describing an imaginary line above the terrain equal to the rolling
radius of the rear wheel of the TCF assembly that is towed by the test vehicle. The
imaginary line is not always parallel to the terrain contour due to the geometric interaction
of the wheel and ground. In cases where sharp concave contours are followed by sharp
convex contours, or vice versa, the imaginary line deviates from the true contour in
horizontal distances and in shape. In cases where the terrain makes a simple sharp convex
peak, the imaginary line will show a radiused peak, equal to the rolling radius of the wheel.
The TCF has static errors related to wheel size vs terrain contour shape and dynamic
errors related to free flight and free fall of the contour following wheel due to vehicle
velocity when the TCF hits a sharp bump. These errors, however, are reduced at lower
vehicle velocities to acceptable levels. Figure 7 is a pictorial representation of the dynamic
errors that can be encountered by the TCF due to terrain configuration and test vehicle
velocity. Other errors are due to the towing dynamics of the test vehicle. All errors except
the terrain contour shape to TCF wheel radius errors, however, can be reduced to

acceptable levels by reducing the forward velocity of the test vehicle when making the
terrain contour calibration run.
Ground Speed/Attitude Sensors
Two TRW doppler velocimeters developed to measure tractor ground speed in seeding
applications were selected to measure test vehicle ground speed. Although a single unit is
adequate for velocity measurements over a smooth plowed field, look angle changes due
to the pitching angle changes of the horizontal axis a tank operating over open terrain
required the use of two sensors. One is mounted looking forward and one looking
backward on the left or right side of the vehicle at approximately the centerline of the pitch
axis of the test vehicle. Each looks towards the ground at approximately a 30E angle from
the vertical. The outputs of the two velocimeters are sampled independently by the data
system but averaged in the ground station software to null out the ground speed velocity
errors introduced by vertical pitching action of the test vehicle as it is driven over rough
terrain. The doppler velocimeters are calibrated by a doppler calibrator.
An aircraft Attitude/Heading Reference System [AHRS] was initially considered for the
test vehicle to determine vehicle position on the test track by measuring attitude and rates
of angular change in all three axes as the vehicle moves along the test track route. Final
analysis showed, however, that the three-axis AHRS accuracy was degraded too much by
the rapid pitch rate changes in excess of ±40E/sec that can be experienced by a tank
moving over large obstacles such as stone walls encountered on a test track. Thus, two
rugged Humphrey attitude gyros plus a Condor Pacific two-axis rate gyro were
substituted for the AHRS. The Humphrey gyros use synchros for angle measurements
and separate two-axis, tuned rotor rate gyro system is used to measure acceleration rates
in each axis for vehicle stability measurements. Altitude is integrated with angular attitude
and rate to give vehicle position.
Torque Sensors
Torque measurement was another of the user’s key parameters of interest. Torque is to
be measured between the engine and transmission, between the transmission and the gear
box, at the left and right hand drive shafts, at the fan shaft and between the gearbox and
the left and right steering shafts. This requirement could not be satisfied by off-the-shelf
in-line torque transducers because there was no room in the drive train assembly at the
measurement points of interest to install these types of torque sensors. Via Systems, Co.,
was selected to develop an integrated torque measuring system based on undercutting the
drive train components and installing bonded strain gauges and slip rings on the rotating
components and then calibrating the sensors on the drive train unit. Micromeasurement
bonded strain gauges were selected by Via Systems who did the machining and bonding

of the strain gauges and slip rings onto the rotating elements provided by the system user.
Because conventional strain gauges are temperature sensitive and ambient temperatures at
the places where torque was to be measured varied from the hot transmission to the hot
or cold (ambient) temperature of the track drive sprocket, the torque sensing strain gauge
temperature is measured at the sensor installation points by special signal conditioners,
mounted on the rotating elements, which provide realtime analog compensation of the
strain gauge Tempco errors. These signal conditioners also provide high level analog
outputs, so the accuracy of torque measurements is not degraded by the noise generated
by the slip rings. A unique mechanical fixture was developed for calibration of the torque
measuring drive train elements which were calibrated across temperature (-55EC to
+71EC) after installation of the strain gauges and signal conditioners on the rotating drive
train components.
General Sensors
Table 1 is a list of the sensor functions and the manufacturer sources for the sensors
selected to instrument the test vehicles. Optical digital shaft encoders were selected for
measuring torsion bar deflection due to the need to have high accuracy readings of small
angular deflections. These measurements, sampled at high speeds, are integrated in the
ground station to give rate motion data. Strain gauge pressure transducers were used for
fuel and engine and transmission oil pressure with Cox turbine flow sensors for fuel and
engine coolant flow rates. Thermocouples were selected for engine, transmission and
coolant temperatures, with IR sensors selected for temperature measurements of rotating
parts. For -260EC to +600EC surface temperature measurements of elements such as
exhaust manifolds, mufflers and other engine components, surface mount platinum
resistance thermometers were selected. Flexible platinum detectors were selected for
temperature measurements of contoured shapes such as linear control rods, gun barrels
and other assemblies where only a bonded sensor could be applied.
Linear variable displacement transformers were selected to sense accelerometer and brake
pedal motion. Crystal accelerometers with companion charge amplifiers are used for
vibration measurements with an Endevco microphone used to monitor acoustic levels
inside the turret. Empro current shunts are used for turret drive motor current
measurements and monitoring the engine generator output. Engine and shaft rpm is
measured with Airpax gear tooth/magnetic pulse type sensors. BLH bonded strain gauges
were selected for the measurement of strain and bending of the vehicle structure and the
gun barrel.
In order to accurately calibrate the terrain contour it is necessary to measure vehicle
altitude very accurately (better than 0.05%). To achieve this measurement, a Rosemount
Precision barometric pressure sensor designed for aircraft test applications was selected.

Another Rosemount sensor is used to measure shock pressures inside the turret when the
gun is fired.
Driver actions and position, and cockpit instruments and indicators, are monitored by a
100 lux sensitivity miniature color television camera located above and behind the driver.
An illustration showing the locations of the sensors on the first test vehicle is presented as
Figure 8.
Sensors requiring +5 Vdc, +10 Vdc and 6V rms 2 kHz excitation voltages are powered
from the data acquisition system’s integral power supplies. Sensors requiring special
voltages such as +12 Vdc, +28 Vdc and ±15 Vdc are powered from ac-to-dc power
supplies, in turn powered from the dc-to-ac converters which generate 115 Vac 400 Hz
power for data system operation from a special vehicle 26 Vdc battery pack. The
instrumentation system is thus independent and isolated from the power system used to
drive the tank fire control computer system, radios and other electrical functions in the
tank. All sensor cabling is terminated in multiple 16-channel and 32-channel junction boxes
that can also function as a patch panel interface to the on-board instrumentation system.
VEHICLE-BORNE DATA SYSTEM
Two vehicle-borne data acquisition and telemetry systems were provided as part of the
deliverable hardware. Both on-board vehicle systems were essentially identical except for
the PCM tape recorder, the telemetry transmitter and the use of low light level video. The
wideband telemetry system in one of the test vehicles uses a Terracom S-band telemetry
link composed of a 3-watt telemetry transmitter with an integral VCO for concurrent
transmission of the color video signal in the baseband, with the PCM encoder modulating
the high frequency VCO at 6 MHz (above the video). The transmitter output power is
increased to 15 watts by an Alpha-16 rf power amplifier to overcome the increased noise
encountered in a wideband telemetry link. This system also contains a Teledyne Camera
Systems Model TCS-500 miniature, solid-state, low light level (100 lux), color Television
camera, a TEAC Model V-1000AB-N cassette video tape recorder and a Schlumberger
Model 80 14-track PCM tape recorder. The (narrowband) telemetry system used in the
second test vehicle does not have the color TV camera or VTR so it uses a Loral Model
CTL-705 5-watt L-band transmitter without an rf power amplifier. For PCM recording of
narrowband PCM data, a 2-track Genisco Model ECR-22 cassette recorder is substituted
for the wideband Schlumberger Sabre 80 14-track reel-to-reel recorder. Figure 9 is a
simplified functional block diagram of the wideband vehicle-borne data system for the
tank with realtime video monitoring of the driver and his instruments.

Signal Conditioning/PCM Encoding
Signal conditioning and PCM encoding are handled by a single programmable PCM
encoder system supported by a thirty channel thermocouple isothermal unit [TCIU], a
sixty-four channel presample conditioner unit [PCU], special strain gauge signal
conditioners, charge amplifiers and power supplies. The 64-channel PCU provides either
5V or 10 Vdc sensor excitation and accepts a large family of field programmable signal
conditioners, such as pre-sample filters, phase sensitive demodulators, pulse rate
conditioners and bridge completion modules. The PCM encoder supports up to eleven
I/O cards with from 3 to 36 channels per card, giving a single chassis a 33 to 396 channel
capacity. A special I/O card permits connection of up to four additional chassis to the
system, expanding the channel processing capacity to far beyond any anticipated data
acquisition system needs. The following I/O complement was provided in the baseline
systems.
Qty I/O Card Description
4
2
1
1
2
1

32-channel differential analog multiplexers
3-channel pulse totalizers
36-channel discrete multiplexer
4-channel 16-bit synchro-to-digital converter
4-channel tachometer generator counters
4-channel frequency-to-digital converter

This I/O complement provides 186 channels of data. Thirty-two of the discrete channels
were used to imbed IRIG time in the PCM stream, leaving four channels for dc voltages
or relay contact monitoring. The encoder provides nine different analog gains from 1 to
1024 under software control on a sample by sample basis. A full scale offset is
programmable on a sample by sample basis for scale expansion on channels having
unipolar signals. Any size data cycle map (up to 1024 wds/minor frame and 255 minor
frames per major frame) can be generated by the ground station and transferred to the test
vehicle via a non-volatile Program Load Module [PLM] and the Computer
Control/Display Unit [CCDU]. The CCDU also provides realtime computation and
display of EU or derived parameters on-board the test vehicle. The PCM encoder can
operate at any of up to 15 different PCM word rates selectable via the CCDU.
Telemetry
An isolation line terminator unit acts as an on-board PCM data junction box as well as
providing power, signal and case ground isolation between the PCM encoder, the
telemetry transmitter and the PCM tape recorder. It also contains the premodulation filter
for the telemetry link. The PCM data going to the tape recorder is routed through the

CCDU so it can be switched from the PCM encoder output to a local PCM formatter
card in the CCDU by the test operator. This gives the user the capability of recording a
PCM header on the test tape which permits automatic setup of the PCM ground station
when a tape is being processed offline. The CCDU data source for system testing or
realtime data processing and display can be either of the two separately encoded serial
streams coming from the PCM encoder. The CCDU downloads and tests the PCM
encoder sampling format memory and permits on-board test or change to the address
contents of any time slot in the PCM map.
Data from the test vehicle is telemetered via either a 5 watt narrowband (without video)
1530 MHz transmitter or by a wideband (PCM plus video) 1808 MHz transmitter, driving
an omnidirectional antenna located on a mast secured to either the turret or the rear of the
tank. The antenna ground plane is the round surface of a one-half aluminum ball with the
dipole mounted to the center of the convex surface, and the transmitter and power
amplifier located inside the 1/2 ball enclosure below the ground plane.
The wideband telemetry transmitter has a dc to 5 MHz frequency response on one
modulation input and a dc to 750 kHz response on the second modulation input. Either a
standard NTSC color video or a complete IRIG FM/FM multiplex can be applied to the
wideband modulator with voice or PCM up to 1.5M bps (DM-M) applied to the
narrowband modulator.
The wideband transmitter modulates a broadband RF power amplifier driving an
omnidirectional end-fed stub antenna providing a gain of +3dBi. The transmitter and
power amplifier are located inside the 1/2 ball enclosure to provide minimum RF power
losses in the cable between the P.A. and the antenna. Power and signal cables are routed
inside the mast pole supporting the antenna system.
Data Recorders
Three types of tape recorders were provided for on-board recording of PCM and video
data. For wideband PCM and/or long test runs a Schlumberger Sabre 80 reel-to-reel,
14-track recorder was selected because it is the only recorder of this type that would fit
through the entry hatch of the tank turret. This recorder uses up to 14 inch reels of 1-inch
tape (7200 feet of tape) supporting PCM recordings of from 12 minutes at 120 ips to 25.6
hours at 15/16 ips. The 500 kHz frequency response of the recorder supports PCM bit
rates up to 1.0M bps. Sewing machine mode operation (2 tracks - PCM/voice - by 7
passes) extends the recorded test time capability to 1 hr 24 min at the highest record
speed (120 ips). The recorder is mounted to a shock mount to reduce vibration inputs
from tank operation across open terrain, and it has an integral heater to permit operation
of the test vehicle at operating temperature ranges down to -20EC. Hot temperature

operation inside the tank is restricted to +40E C by the limitations of the Ampex 799
recording tape. The recorder can also be located in the airconditioned external container
for operation across the full specified operational temperature range of -40EC to +50EC.
The external airconditioned container is depicted in Figure 10.
For lower PCM bit rates and/or shorter duration tests requiring on-board PCM recording,
a Genisco Model ECR-22 eight-track cassette recorder was selected. This recorder
permits recording of serial PCM on one track and voice or IRIG time on the second track
with four passes through a 600 ft endless loop cassette. Frequency response is 5 kHz
(10 kbps) at 1 7/8 ips up to 160 kHz (320 kbps) at 60 ips. At 7.5 ips, this provides 1 hr
4 min (with up to 40 kbps PCM data). Auto-track switching is performed at the end of
each pass through the loop but there is no data overlap so synch is temporarily lost during
track switching on playback. The flutter and wow of this recorder is also quite poor,
requiring use of the 3% bandwidth window on the bit synchronizer when reading a PCM
track. Because it is a loop recorder, a special control panel had to be designed for control
of the recorder when it is transferred to or used at the PCM ground station to read
cassette data tapes. It also requires shock mounting when installed in the harsh
environment of a tank. It does not have heaters so its operating temperature range must be
restricted to 0EC to +50EC when it is used outside the external airconditioned equipment
enclosure.
For video recording, a compact TEAC Model 1000AB-N airborne cassette recorder was
selected. This unit provides up to 60 min of continuous NTSC color video recording
across an operating temperature range of +50EC to +40E C. Commercial JVC cassette
recorders are used at the ground station to playback the video recordings made on-board.
IRIG B time can be recorded on the VCR voice track to permit correlation of video data
with PCM data. An alternate time synch technique is to display time on the CCDU when it
is located within the field of view of the color camera on-board the test vehicle.
Color TV Camera
A Teledyne Camera Systems Model TCS-500 miniature solid-state camera was selected
for monitoring operator performance under stress conditions. The TCS-500 camera
provides a resolution of 485 (V) by 384 (H) pixels under ambient light levels as low as
100 lux. Some operational light levels are in the vicinity of 10 lux or less inside a closed
turret. Therefore, external lighting is required inside the turret to support nighttime test
operations. The camera uses a wide range of standard C-mount lenses. The camera body
is only 4.88in x 3.28in x 1.75in (excluding the lens and connectors) so it can be mounted
to the turret wall above and behind the driver to monitor both his performance and his
instrument panel. The camera will also be used externally, looking through a window of a
special tank simulating a river bottom for underwater testing of the vehicle.

On-Board Computer/Display
Realtime processing and EU data display on-board the test vehicle are provided by an
airborne Computer Control/Display Unit [CCDU], which is only 5.5 in. wide by 9.0 in.
high by 6.5 in. deep and can be mounted inside the tank turret for use by the driver or onboard test engineer. It has a 32-key keyboard and a 16 character/line six line alphanumeric
display panel for display of time and up to five EU or derived parameters extracted in
realtime from the transmitted telemetry stream. The CPU is a 16-bit TMS 9900
microprocessor operating at 12.5 MHz and supported by 64kB of memory divided in a
variable mix of EEPROM, EPROM and RAM. A photograph of the CCDU is presented
in Figure 11.
The CCDU serves as a portable test set to download, store, test and modify data cycle
maps in the on-board PCM encoder. It has a local PCM stream generator which can be
switched to the tape recorder (temporarily) in place of the PCM encoder so PCM tape
headers can be recorded. Its Program Load Module [PLM] serves as the non-volatile
program transfer medium between the ground station, which generates the vehicle test
PCM maps, and the on-board PCM encoder. An applications PLM stores the appropriate
sensor calibration files and the EU algorithms to support the realtime processing. It is also
capable of downloading computed values displayed to the driver/test engineer in realtime
to the PCM encoder CPU which inserts them into the PCM stream for telemetry and
recording. In this manner, the engineers at the ground station(s) see the same EU data
presented on-board the test vehicle.
Up to ten different display scenarios can be prestored in the applications PLM for access
by the driver/test engineer during the test run. This expands the total number of
EU/derived parameters that can be computed and displayed in realtime to sixty during a
single test.
FIXED BASE PCM GROUND STATION
The fixed base ground station is composed of an antenna/receiver system, PCM and
video tape recorders, a PCM decom system and a host computer system using DEC’s
VAX-11/780 super-minicomputer configured with two Unibuses and one Massbus. Dual
TU-77 125 ips, 6250 bpi tape transports are connected to the Massbus with dual RM-80
124 MB disks serving as data disks on one Unibus. The second Unibus has a 10.4 MB
removable media RL-02 system disk, two DZ-11 8-channel, asynchronous, serial
interfaces plus DMA channels for the PCM decom, the IRIG time code generator and the
Versatec printer/plotter. The RL-02 removable media disk on the VAX and the 9-track
tapes are the database and program transfer media between the fixed and mobile ground
station computers.

The antenna/receiver system is divided into antenna/ preamp and receiver/controller
subsystems because the building in which the PCM ground station is located does not
present an LOS view of either of the two test tracks. In order to cover the wide range of
test vehicle and/or mobile repeater locations relative to the fixed ground station and
support two test vehicles concurrently, it was necessary to use two receiving broadband
antennae, each with remote azimuth control. Due to the 160 meter cable runs between the
antennae and the receivers, it was necessary to install low noise broadband preamplifiers
at the antennae to drive the low loss co-axial cable at the receiver frequency (rather than
using more costly downconverters). The antenna location (on the tower of an adjacent
building) was not airconditioned and the user did not want to station an operator at the
antenna site during system operation, so the preamplifiers had to operate over a -20EC to
+50EC temperature range.
By selecting 60E look angle, high gain dipole antennae (+9 dBi gain), the antennae could
be manually controlled via conventional TV rotator hardware with 15E position resolution.
The specification required a narrowband (without concurrent video) minimum LOS range
of 14 km and a 9 km LOS range with the wideband PCM/video link. The minimum link
ranges were essentially doubled with the addition of the mobile repeater system under
optimum conditions. A functional block diagram of the entire Vehicle Test Microwave
Telemetry subsystem, showing all of the link options, is depicted in Figure 12.
Demodulated data (PCM and video) is routed from the receiver system through a patch
panel to the PCM decom and a video recorder and monitor. An 8-channel Gould Model
2107 pen recorder provides raw data stripchart records. A Honeywell Model 101 14-track
tape recorder is used to record reconstructed PCM data coming through the telemetry link
and for the replay of on-board 14-track PCM tapes.
A DSI Model 7700 bit synchronizer and a Model 7101 decom provide full PCM
decommutation capability while a DSI Model 7112 word selector with 12-bit DACs
provides the raw analog outputs for stripchart recording. A second bit synchronizer
permits receiving and local recording of one PCM stream while data is being processed
from the second PCM stream. Later, a second decom will be added to support complete
realtime testing of two test vehicles concurrently.
Scrolling EU graphics are presented on a DEC VS-11 color graphics terminal and up to
four channels of EU curves can be continuously recorded on the Versatec V-80
printer/plotter, providing EU stripchart records within the frequency response limits of the
V-80 plot speed (1 ips – 5 Hz). A Seiko Model CH-5201 color hardcopy device is
provided for color hardcopy of snapshots of the scrolling EU curves presented on the
VS-11 graphics terminal. Two DEC VT240 terminals are used to display vertical scrolling
or fixed (horizontal) tabular EU data or EU bar charts.

Two limited distance modems and a serial PCM line are routed from the computer
building to the sensor calibration laboratory where an on-board PCM encoder and a
CCDU are located with another VT240 CRT terminal. This hardware plus its support
software permit the user to make semi-automatic calibration of sensors and local display
of the sensor calibration data at the calibration laboratory for review before it is
permanently entered into the database.
Two JVC Model 6000 cassette VCRs and a Sony PVM-1900 video monitor are used for
recording of telemetered video and playback of on-board video recordings. A detailed
functional block diagram of the fixed base PCM ground station is depicted in Figure 13.
MOBILE PCM GROUND STATION
The mobile PCM ground station is built around DEC’s VAX-11/730 computer with a
single TS-11 45 ips, 800/ 1600 bpi tape transport. A single 121MB RL80 Winchester disk
functions as the data disk with the 10.4MB removable RL02 disk used as the system disk
and the primary transfer medium for moving programs between the fixed ground station
computer and the 11/730.
The Gould stripchart recorder, Honeywell 101 PCM recorder, Datum time code
generator/reader and their CPU interfaces are the same in the mobile ground station as in
the fixed ground station. A VS11 color graphics terminal, a V-80 printer/plotter and one
VT240 alphanumeric CRT terminal round out the MMIF for the mobile station.
An EMP 60E look angle, high gain dipole antenna with both azimuth and elevation rotors
is used to manually track the test vehicle. The permanent S-band receiver is a Microdyne
Model AR1100 unit (the same as the one in the fixed ground station). Space and cables
are provided for relocation of the Terracom wideband receiver and/or the JVC VCR and
Sony monitor from the fixed ground station to the mobile ground station for remote site
tests, including video. This hardware complement, except for the extra alphanumeric CRT
terminals and the color hardcopy unit, provides the mobile ground station with all of the
functionality of the fixed ground station. However, because there is only one tracking
antenna, the mobile station, as initially delivered, can only support one test vehicle at a
time.
The mobile ground station hardware is packaged in an air-conditioned cabin which can be
transported to remote test sites by several different methods of transportation. Triple
heating/airconditioning units control the air temperature in the cabin to + 25EC ±10EC
across an ambient temperature range of -40EC to +50EC. Any two of the three
airconditioning units can carry the total conditioning load. The mobile cabin takes in
filtered outdoor air via a blower and filter system that provides a positive internal pressure

so the mobile station can be located in the blowing dust environment found in desert
locations. An airlock with dual entry doors located on the rear end of the cabin is used for
normal vehicle entry with an emergency door located on the side of the cabin. Windows
are located in the doors and on both sides of the cabin for test vehicle viewing.
SOFTWARE
There are many Teledyne developed system software packages provided to support
realtime testing. These, of course, are augmented by many analytical packages procured
from DEC. The Teledyne developed system software represents 180k lines of code,
including command procedures, Macro and Fortran statements plus their comments, that
took over two years to develop. It provides the following functions:
Setup and control of the PCM decom and Honeywell recorders
Decommutation in software of up to 256 parameters for realtime processing
Digital filtering and/or simple compression of incoming data
Bipolar limit exceedance testing and alarm generation, display and recording
PCM word concatenation and unpacking of discrete words
First thru fifth order or table lookup EU conversion
Running any user generated derived parameter algorithm
Auto-calibration of raw data stripcharts
EU stripchart hardcopy plus hardcopy of graphic and/or tabular data displays
One to six stacked or overlaid scrolling EU or crossplot curves with event markers on
color graphics terminals
Tabular and bar charts displays on alphanumeric CRT terminals
Disk to tape, tape to disk and tape/disk to graphics utilities
PCM to 9-track tape conversions
Time/Event/Exceedance searches of PCM tapes

Three types of plots of sensor calibration data
Generation of PCM tape headers for automatic setup of the PCM ground station
Generation of object code of data cycle maps for transfer to the vehicle-borne PCM
encoder
Sensor listings
Long and short listings of PCM map time slot characteristics
Printouts of the PCM map
Generation of EU programs to run in the on-board CCDU in realtime
Generation and support of a realtime relational database to keep data and sensor
calibration files by vehicle number, test number, revision and date
All of this functionality is available at either the fixed base or the mobile PCM ground
stations. Removable disks or 9-track tapes are the media for program transfers between
the fixed and mobile ground stations. Non-volatile (EEPROM) PLMs are the program
transfer media between either the fixed or mobile PCM ground station and either of the
vehicle-borne systems. PCM tapes and realtime telemetry are the data transfer media
between the test vehicles and either of the PCM ground stations.
Realtime Data Processing
For realtime processing the operator may select up to 120 PCM data words from the
complete data cycle for stripchart (raw data) recording and/or EU conversion and display.
This is not the limit of the software’s capability but it represented the specified (and
delivered) requirements. Up to ten different test scenarios may be pre-stored for operator
selection during the vehicle test run. Each scenario permits different processes to be
applied to the same or different parameters, and different parameters to be routed to
different MMIF displays or hardcopy devices.
The PCM decommutator equipment supports three modes of realtime data processing of
the received data: single scan, multiple scan and continuous processing. Data flow from
the decom to the CPU memory utilizes ping-pong buffers where, at any given time, one of
the buffers is allocated to the reception of current input data while the content of the other
one completed in the previous cycle is available for other user programs, such as data

recording or realtime processing. At the completion of the current buffer update, the role
of the buffers is interchanged.
Up to sixteen analog channels of the PCM stream can be applied to the DACs of the
decom’s PCM word selector unit for raw data stripchart recording. Any of the five
selectable slo-codes from the time code generator can be applied to the stripchart
recorder to provide a hardcopy time base. The DACs can be calibrated under software
control. EU conversions can be made by applying a first through fifth order polynomial to
the raw data. EU conversions can use either prestored sensor calibrations or a 40-point
lookup table. Concatenation is performed for single measurements composed of two or
more PCM words. User installed derived parameters can be calculated using raw or EU
results as inputs to the equations.
Limit Exceedances/Alarms
The operator may select analog or discrete parameters from the realtime group of 120
PCM words which can be processed for limit exceedances and alarms. This process
compares the raw input to operator defined high and low values established as part of the
test scenario definition procedure. When an input value is found to be outside the range
defined by the upper and lower limits, the content of an exceedance counter is
incremented and tested. If the counter exceeds its operator set limit, an alarm condition
message is dispatched to the graphics terminal. The utilization of the exceedance counter
acts as a filter to preclude wild point false alarms and provides a programmer-definable
noise tolerance. An operator selectable filter algorithm can be applied to analog limit
exceedance tests to prevent false alarms from wild points and/or ensure that a true alarm
condition exists prior to alerting the operator. The upper and lower limits for analog limit
exceedance tests are operator selectable in engineering units even though the CPU makes
the limit tests on raw data.
Limit exceedance can be alarmed to the operator in EU along with IRIG time of
exceedance (displayed in the overhead portion of the CRT) and logged on the printer
along with IRIG time when the exceedance occurs. The alarm will flash in red on the
graphics terminal until acknowledged by a keystroke of the operator at which time the
alarm will turn white and be logged on the line printer. When an alarmed channel’s data
value recedes below the alarm point, the alarm will disappear from the display and
automatically log on the printer the IRIG time the channel went out of alarm.
Scrolling EU Graphics
The realtime graphics software will permit the vehicle test engineer to select from one to
six parameters versus time or one to six cross-plots of one parameter versus another for

display in EU on the color graphics CRT. The curves can be presented in either a stacked
format or an overlay format with different (operator selectable) colors for each curve and
its vertical scale presentation. The grid size for stacked presentations is proportional to
the number of stacked curves simultaneously presented on the screen, i.e., for 6 curves,
one-sixth the available vertical screen space per curve; 5 curves, one-fifth the screen
space; 4 curves, one-fourth the screen space, etc., down to a single curve using all the
available vertical screen space. A stacked, four grid scrolling EU display is depicted in
Figure 14, showing an event marker.
For overlaid curves (multiple curves on a single grid), the vertical scale(s) will use all the
available screen space reserved for plotting with the abscissa for each curve located on
the left side of the screen and presented in the same color as the data curve.
The vertical scale factors for any curve can be operator selectable to provide vertical
scale expansion of the curve, that is, if full scale for the parameter engine rpm is 0 to 3000
rpm for a diesel engine and data is to be taken for some time at a slow test vehicle velocity
(1200 rpm –20 mph), the rpm scale factor could be selected to show 1000 to 1500 rpm.
If the data goes off scale due to an increase in speed (to 1700 rpm), the scale factor
would automatically be doubled (750 to 1750 rpm) and this procedure would be
continued until the full scale limits of that channel (0 o 3000 rpm) were reached.
An overhead space is reserved at the bottom of the graphics terminal screen for display of
test unique data such as test vehicle number, test number, driver, date of test, IRIG time,
alarms and other key documentary data to be operator defined. The non-operator defined
static (constant) documentary data will be obtained from the configuration header of the
PCM tape. An example of a six-curve scrolling EU data presentation is shown in
Figure 15. The EU curves plotted on the color graphics terminal are dynamic scrolling
curves with the R.H. edge of the screen representing current time and the curve moving
from right to left. The operator can select different time bases for the curve(s).
The graphic plotting software uses Newton’s interpolation (forward difference) formula to
eliminate wild points. Smoothing must be operator specified. Special vertical time base
event marker lines can be enabled by the operator to be drawn the full height of the screen
across all curves based on discrete events or analog limits exceeded and detected by the
limit exceedance program. These same vertical lines can be placed on the screen by
operator actuated keystrokes which place the line at the R.H. (current time) edge of the
screen or at any place on the time base by moving the cursor to the point of interest with a
joystick. Different limit exceedance channels can be used to cause a vertical event marker
line to be drawn on the screen. This line can also be drawn by coincidence of a
predefined IRIG time with current IRIG time(s) during the run over the test track. When a
time mark is automatically displayed (or manually selected by the operator), it causes a

dump to the printer in tabular EU form of all PCM words being processed in realtime. In
addition, the EU values of the curves are displayed numerically on the CRT adjacent to
the intersection of the vertical time mark line and the data curve.
When a vertical time mark line is drawn on the CRT, the IRIG time of the line in
hr:min:sec is displayed at the bottom of the line and the channel name or event is written at
the top of the line. For example: exceeding a predefined driveshaft torque level might
trigger the time line. At the bottom of the presentation would be the time the torque level
was exceeded while at the top it would display the torque parameter number and the
torque value as shown in Figure 15.
Horizontal scale factors for the graphics display may be operator selectable with time
bases of 1 sec, 10 sec, 30 sec, 1 min and 3 min on the horizontal time base. When crossplots are being made, the time base of each parameter will be the same. All curves
displayed simultaneously on the same picture have the same time base.
Bar Graph/Tabular EU Displays
Three types of realtime EU data displays are provided in addition to the scrolling color
graphics displays. One display format provides a dynamic EU bar graph presentation with
either bipolar or unipolar data presented as bars with 0 to 100% full scale. The moving
bars are updated at the computed EU output rate and identified by both a parameter name
and number.
Two types of tabular EU displays are provided. One is static with only the numeric values
updated twice/second while the second one is a vertically scrolling display with columns
of tabular data, giving the most recent 15 seconds of values of each parameter (based on
a scroll/update rate of once/second).
These EU displays are presented on B&W CRT terminals with up to eight terminals able
to display different parameters in any of the three different formats. Up to ten different
scenarios can be prestored to expand the total amount of different measurements that can
be displayed during a single vehicle test.
Graphics/Tabular Hardcopy
It is possible for the operator to freeze the graphics or tabular displays at any time via a
keystroke with a subsequent request for a hardcopy. The operator can locate a vertical
marker on the scrolling graphics picture with the joystick and, when that line reaches the
LH edge of the screen, it automatically freezes the picture. As soon as the picture is

frozen, the operator with a second keystroke can request a hardcopy of the presentation
to be plotted on the Versatec printer/plotter.
If the data source for the graphics presentation is the playback of a PCM flight tape, the
picture freeze command to transfer the data from graphics terminal to the Versatec
printer/plotter automatically stops the PCM recorder. This does not apply to realtime data
coming through the telemetry link where the PCM recorder must continue to record all
telemetry data as long as there is an acceptable signal present at the output of the bit
synchronizer. Once the hardeopy is complete, an automatic command restarts the PCM
recorder and plotting continues in the same manner as it was being presented prior to the
freeze and/or hardcopy command. If a hardcopy is not made of the frozen picture, the
operator can resume the plot sequence (i.e., start the recorder) via a separate keystroke
command.
Discontinuities in data are experienced from the time the picture is frozen, until the time
PCM sync is reacquired after the recorder startup, or when the operator resumes plotting
via a keystroke, unless the operator elects to manually command the recorder to rewind
for a few seconds prior to manually restarting the plot sequence.
Finally, when EU curves are being plotted, the EU values of the curves for each plot point
may be simultaneously recorded on 9-track tape.
Hardcopy of tabular data presentations from the VT200/ 240 CRT terminals can be made
on the Versatec printer/plotter or the LA120 systems terminal under operator command.
When two Versatec printer/ plotters are connected to the computer, simultaneous and/or
independent copies of either graphic data or tabular data may be made simultaneously by
separate operators with the hardcopy command issued from its individual CRT keyboard.
In addition to copies of the color graphics terminal data presentations, the V-80 can
produce independent EU stripchart records at data rates up to the 1 inch/second plot rate
of the V-80 (approximately 5 Hz data response). An example of the hardcopy printout of
EU stripchart plots on the V-80 plotter is presented in Figure 16. Fanfold paper is used
with CPU buffering of the plotted results so that the output format is in report-ready page
form.
CONCLUSION
New sensors have been developed to permit testing of vehicle parameters which,
heretofore, has not been possible in realtime. Aircraft flight test sensors have been
integrated with commercial farming sensors to permit accurate measurements of vehicle
attitude, altitude, direction and angular velocities. Realtime telemetry and video have been
used to correlate operator performance under various vehicle environments. A telemetry

repeater system has been used to permit continuous realtime telemetry across a hilly test
track where much of the vehicle operation is not within LOS range of the ground station.
The mobile ground station has been packaged in a ruggedized mobile cabin which can be
safely transported over open field rough terrain at geographically remote test sites.
Linking the data processing software to the on-board computer/display and data
acquisition system PCM sampling maps has ensured that the realtime data processing of
any given test vehicle should be error-free as far as parameter identification. By
configuring the mobile PCM ground station with the same computer functionality and
man-machine interface hardware as are used at the fixed ground station, the same software
is used for realtime processing at any vehicle test location so that the same test engineer
can operate either system using the same procedures. The use of fixed format PCM tape
headers speeds up the configuring of the ground station to process PCM tapes in the
offline recreation of a vehicle test. The software for semi-automatic calibration of sensors
in the test vehicle and the use of a vehicle-borne multiplexer is the sensor calibration
laboratory, with this same software for laboratory calibration of sensors, speeds up the
creation of sensor calibration files. Finally, the realtime availability of EU data to the test
engineer (or vehicle operator) in the vehicle and/or at the ground station will shorten the
field proving period of new vehicles.
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TABLE 1
SENSOR LIST

Description/Function

Mfrg

Model P/N

Doppler Velocimeters

TRW

TG55-011

Kustom Elec.

HR-5

Humphrey

VG-38, FG-23,
Rs-15

Condor Pacific

30420

Micromeasurement

CEA-06-125VW-350
&
WK-06-250BC-350

Turbine Flow Sensors

Cox

LFC6-2

Thermocouples

VSI

TC034

IR Temperature Sensors

Omega

OS-2000A, MN1604
& BB-2

LVDT Position Sensors

Schavitz

2000HCD-006 &
4000HR-006

Crystal Accelerometers
(Vibration Sensors)

Endevec
and
Entran

2262-25, 2271A
2213E
EGC-500DS & EGV3

Microphone (Acoustics)

Endevco

8550MI

Current Shunts

Empro

MLC800-50, HA-200-50
& HA300-50

RPM Sensors

Airpax

Gear Tooth/
Magnetic Pulse

Absolute Pressure

Rosemount

1201F1

Surface Temperature Sensors

Rosemount

118MG/MH

BLH

FABX/FAE/FAED/FSE/
FAPR/FABR/FAPR/FAES

Doppler Calibrator
Vehicle Attitude Gyro System

Gun Barrel Stability
(Two-axis Kate Sensor)
Shaft (Position) Encoders

Bonded Strain Gauges
(Loads/Vibrations)

THE COMSAT ATTITUDE AND ORBIT CONTROL SYSTEM
FLIGHT SIMULATOR
C. Benet, M. Wickham and J. Balzer

ABSTRACT
The success of a communications satellite mission depends not only on the proper
operation of the on-board Attitude and Orbit Control System (AOCS), but also on the
complex interaction between the spacecraft and the ground control center.
In support of a satellite program from its inception to launch and throughout the inorbit life, COMSAT has developed a SATELLITE ATTITUDE AND ORBIT
CONTROL SYSTEM FLIGHT SIMULATOR.
This paper describes the design and operations of the COMSAT FLIGHT
SIMULATOR. The simulator is a real-time, high fidelity, operator interactive, spacecraft
hardware in the loop system. The heart of the system is a high precision minicomputer in
which the spacecraft dynamics, sensors, actuators and most likely failure modes are
modeled. A significant feature of the simulator is a faithful duplication of the command
and telemetry functions. The operator can send commands and review telemetered data in
the same format as during the mission. The simulator operates in real-time and is flexible
enough to either simulate or fully integrate parts of the flight hardware. Such is the case
for instance for the on-board computer with its complex programmable control
algorithms. However, flight hardware in the loop is in no way limited to any particular unit
of the flight subsystem. The simulator can also be remotely linked to the ground station
and use actual commands as direct inputs for its operation. A colorgraphics driven by the
simulated dynamics displays the spacecraft motions and warns the operator of eventual
losses of telemetry and command capabilities during attitude anomalies.
Following is a partial list of the FLIGHT SIMULATOR capabilities.
S Provide an independent means to evaluate and validate a control system design;
S Support the development of Control Center (hardware and software) and serve as a
training facility for the control operators;
S Develop and verify the spacecraft sequence of events;
S Help in developing and evaluating, in real time, the on-orbit Operational and
Recovery Procedures;

S Maximize satellite life through maneuver optimization, and
S Support the satellite mission throughout the spacecraft life, providing a test bed for
flight anomaly investigation.
This last point is significant since, in general, a satellite operator has no guarantee as to
the availability of a spacecraft manufacturer’s facility for the full duration of a satellite
mission.
The COMSAT FLIGHT SIMULATOR is fully operational and is already supporting
the STC/DBS (Satellite Television Corporation/Direct Broadcast Satellite) program.
COMSAT concurrently developed a flight simulator for INTELSAT VI. These two
simulators represent second-generation designs compared to the first real-time, hardwarein-the-loop simulator which was built for INTELSAT V.

FIGURE 1 -

MOBILE GROUND VEHICLE USING
FIBERGLASS TARGET SHELL

FIGURE 2 - F102 AIRCRAFT CONVERTED TO DRONE TARGET

FIGURE 3 - MQM-107 TARGET DRONE

FIGURE 4 - QH-50 HELICOPTER DRONE TARGET
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ABSTRACT
The use of some type of target as an aiming point has been an essential part of weapon
system testing since the beginning of history. Today, with the complex arsenal of high
technology weapons used by the Army, the need for targets is critical. There is currently a
shortfall in the performance that can be obtained from existing targets. The development
of new and improved targets and target control systems will be a high priority task in the
next decade.
INTRODUCTION
This paper will briefly discuss the present situation in aerial and ground targets within the
Army, and highlight the directions targets will be taking in the next several years.
The simplest definition of a target is simply an aiming point for a weapon. A bull’s eye is
just such a target. Obviously a bulls eye is not a particularly good representation of the
enemy upon which the weapon will be employed in a battle. Only the most liberal
interpretation of the word “threat simulator” would include such a target. At the other
extreme, some targets are very realistic -- an exact replica of the threat system which the
weapon is to attack, or even the actual threat itself. Targets used by the Army include
both extremes and lots that fall in-between.
In my mind, the defining criteria between a target and a threat simulator, is simply that a
target is intended for destructive testing--you actually shoot at a target--generally you do
not shoot at a threat simulator.
All three military services use targets. The Air Force has a large inventory of aerial targets,
used primary for tests of air-to-air weapons. The major, full-scale aerial target programs
are managed by the Air Force and utilize surplus fighter aircraft, which are converted to

drone targets. The Navy has an active target program which gained emphasis in the area
of low altitude, high-speed, anti-ship target missiles after the Faulkland conflict.
All three services also use ground targets. The Air Force and Navy apply ground targets
in tests of air-to-ground weapons; the Army uses them both to test air-to-ground and
ground-to-ground, anti-vehicle systems.
In an effort to improve overall target management within the Army, TECOM, last year
established an Office for the Management of Targets and Threat Simulators. This office,
known as MATTS, will be responsible for the long-range planning and technology
forecasting for targets used by the T&E community within the Army. MATTS will act as
a central focal point for all actions concerning Army targets, both ground and airborne.
The MATTS Office must maintain a close relationship with the intelligence community to
foster communications. MATTS will work closely with the existing intelligence structure
to provide threat assessment and validation of Army targets.
I will now briefly discuss the current situation in ground and aerial targets within the Army.
A ground target which might have been called a state-of-the-art ground target only a very
few years ago is a cloth aiming point mounted on a rail car which is pulled by a
locomotive around a circular track. At first glance, this might seem to be an obsolete
target concept. It does not look like a threat vehicle, movements are totally predictable
and there is a notable lack of realism in general.
Viewing it from another angle, there are numerous advantages to a target of this type,
particularly in the development testing arena. In the first place, it turns out to be a very
inexpensive target. We can shoot the target screen full of holes and when we finally have
to replace it, we are only out a few dollars. Contrast this with the cost of replacing some
of the more realistic targets.
Another advantage of a target of this type, is precisely that it’s movement is highly
predictable and repeatable. Realistic targets must have random motion capability and be
able to take evasive maneuvers; however, in development testing we often need to
replicate a particular target presentation over and over again. A target such as this is ideal.
It is precisely controllable, low in cost, and easily maintained.
Another low-cost technique is to use simulated targets, such as the Live Fire Evasive
Target Simulator shown where a laser provides a spot two kilometers down range as an
aiming point for weapons to fire upon. Here again, the primary advantage of this system is
its low cost and precise repeatability. Thru computer control, the target spot can be made
to perform almost any type of motion and that motion can be precisely repeated over and

over again. The cost per shot of such a target is extremely low. Although the laser spot
does not look at all like an actual threat vehicle, it provides a very precise and well-defined
aiming point for evaluations of the fire control system. There’s no doubt that such
simulated target systems have a very important role to play in efficient evaluation of fire
control systems.
Many ground target systems today utilize surplus vehicles, such as the M-47 tank. The
M-47 is a very attractive target vehicle. It has good all-terrain capability, it provides a
signature that is characteristic of a tracked vehicle, right down to the thermal energy it
leaves on the ground it moves across. It is also highly survivable against many types of
weapons. However, this is not the ultimate target, there are also disadvantages. It does not
have the performance equivalent to modern threat vehicles, and its signature in the IR,
visual, or millimeter wave spectrum do not precisely replicate the current threat. In
addition, it tends to be rather expensive to operate, maintain and control. Its biggest
disadvantage is simply that surplus vehicles, such as the M47 are increasingly difficult to
obtain in necessary quantities to use for destructive testing. Even if we were perfectly
satisfied with targets of this type, we would have to move toward other types of vehicles
simply due to the fact that requirement we forecast in the next few years would greatly
exceed the supply.
These wheeled vehicle target systems which can utilize a variety of fiberglass target shells,
such as the tank shown in figure 1, are now under development. This shell can be
mounted relatively high on the chassis in many cases to reduce the vulnerability of the
vehicle itself to anti-armor fire.
At will, we can make it look like any number of vehicles. Realistic IR signature is provided
by heated panels incorporated into the fiberglass shell. In the future, millmeter wave radar
reflectivity will be incorporated into these target shells.
These vehicles can utilize a number of different control systems, including the simple lineof-sight manual control, wire following systems, guided systems, either those that repeat a
pre-driven course or those which can maintain complete computerized control from a
remote location. The capability of these latter systems include multiple vehicles in
formations.
Moving on to aerial targets, the Army utilizes a wide variety of targets. Individual types,
include the full-scale targets consisting of droned fighter aircraft like the QF-86 based on
the F-86 of Korean War fame. Other targets include model aircraft, sub-scale drones, and
ballistic targets. Recently a great deal of interest within the Army has centered around
rotary wing targets, such as the OH-50.

The QF-86, along with targets using the F-102 based drone shown in figure 2, are being
replaced as they are destroyed by targets using the F-100 airframe. This target, the
QF-100, will do mach 1.2 at 35,000 feet and can do 7 g turns.
The next generation fighter aircraft considered for droning by the Air Force is the F-106,
and the program to produce a drone based on this aircraft is now underway. We expect
to utilize these new full scale drones in the Amy as they become available.
The first sub-scale target, developed in 1938, was the progeny of a long line of targets to
which improvements were made as they became practical or necessary. The interesting
thing is that much upgraded versions of this target are still in use today, nearly 50 years
later. This target is the creeper or MQM-33. Its speed of 200 knots and max altitude of
23,00 feet limit it’s use to certain training missions.
A work horse of sub-scale drones is the MQM-34 or FIREBEE. This is a very capable
drone with speed in excess of 500 knots and it has operated as high as 61,000 feet
altitude. The flight duration of the FIREBEE is 90 minutes at optimum altitude. The Army
is planning to phase out the FIREBEE in favor of the improved MQM-107, which has
similar capability at lower cost.
The sub-scale MQM-107 is also known as the Streaker or Variable Speed Training
Target. As the latter name implies, this drone was developed by the Army to train antiaircraft gunners. However, the MQM-107 is now also used extensively for test and
evaluation. In general it has a capability somewhat less than the FIREBEE, but is lower in
cost and more efficient to operate.
It can carry a wide variety of payloads, as illustrated in figure 3, allowing it to serve as a
realistic target for a number of weapon systems. An upgrade program is now underway
for the MQM-107, which will increase the capability considerably.
The Army’s inventory of rotary wing targets consist mainly of the QH-50 in figure 4, and
droned versions of the UH-1, or Huhey. It is well documented that these helicopter
drones are not realistic representations of the known threat. Perhaps the biggest shortfall
in Army targets today is lack of a realistic helicopter drone capable of performing in the
current threat envelope. The Army needs helicopter drones, both for low altitude air
defense systems and increasingly for targets to challenge air-to-air weapons.
Aerial targets are augmented by a variety of equipment which can enhance or alter the
signature and make sub-scale drones appear like much larger aircraft. In addition,
countermeasures, particularly ECM, can be installed in many of these systems.

There are two primary target control systems in use for aerial targets today. The Target
Tracking and Control System flies a single drone at a maximum range of 115 nautical
miles. It is essentially a highly portable, manual control system. It is the primary system
used to fly training targets. This control system can also be integrated with an
instrumentation radar, such as the MPS-36 or our new Multiple Object Tracking Radar.
For test ranges with instrumentation radars, this is the normal mode for drone control.
Our premiere control system is the the Drone Formation Control System, DFCS, which
has a number of critical capabilities. In particular, it it can fly multiple drones in close
formation. Wing tip to wing tip separations of 200 feet are possible at supersonic speeds.
This system also accomplishes automated take-off and landing of droned aircraft. The
DFCS can fly both full-scale and sub-scale drones in formation, including mixed
formations. Currently, effort is underway to improve the capability of the DFCS,
including the addition of an ability to fly helicopters at nap of the earth.
The ground target of the future will be a low-cost, highly maneuverable system capable of
selective realism. That is, it simulates the signature of the threat vehicle, as needed by the
weapon to be tested. IR seekers will require targets that have the thermal signature of the
threat, while radar guided systems are less interested in the thermal signature, but require
highly realistic millimeter wave radar reflectivity.
The trade off in survivability and cost of targets is interesting. There is a philosophy
which says the ultimate target presentations are those that are low in unit cost and can be
replaced when destroyed with new vehicles. The other philosophy prescribes highly
survivable targets which can withstand several exercises and are reused over and over.
Both philosophies have merit, the objective of both is to lower the cost of target
presentations.
Target performance has several important aspects. Realistic maneuverability is particularly
important in guided weapons, where evasive maneuvers must be programmed into the
target if the weapon is to be fully stressed. In so called predicted fire systems, such as
anti-armor gunnery, where the location of the projectile at a given point in time after the
weapon is fired is known, the most critical target performance parameter is lateral
acceleration.
Future trends in aerial targets include the need for a good, highly maneuverable helicopter
target, which can replicate the threat. The recent SGT York test proved that the Army did
not have a good rotary wing target to fully ring out that air defense system.
Aerial targets will increasingly be required to exhibit realistic characteristics and to include
ecm and other countermeasures. This is normally accomplished thru augmentation

packages to the basic vehicle. Again survivability and cost of targets will be a primary
consideration.
An interesting development which is seriously being considered is designing and building
a full-scale target from the ground up. It has usually been cost effective to use surplus
aircraft as low cost airframes for target aircraft. With increasing cost and complexity of
fighter aircraft, we are now nearing the break-even point for a dedicated low- to midperformance target. By utilizing some surplus components, such as the engine, and
designing a bare bones, non man-rated airframe an attractive alternative to droned fighter
aircraft is possible.
Targets will continue to provide the means for “bottom line” performance evaluation of
modern weapons. Regardless of advances in simulation, and modeling, decision makers
will want to kill realistic full-scale ground vehicles and aircraft whenever possible, as a
final demonstration of weapon system effectiveness. We will continue to need more
advanced and sophisticated targets for the foreseeable future.
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I.- INTRODUCTION
The development of ballistic missiles and launch vehicles in the last twenty five years has
required the engineering, perfecting and introduction of suitable testing and measuring
facilities, more particularly telemetry equipment.
We purpose to recall the major milestones of the evolution in this field of techniques
throughout that period and to try to define some prospects for the future.
We do not pretend to give a historical account, but only our thought on an industrial
experience that we have lived through. Therefore, we entreat the reader’s indulgence for
the non-exhaustive character of this paper and perhaps for some unintentional errors or
distortions.
II.- FRENCH BALLISTIC PROGRAMMES AND EUROPEAN LAUNCH
VEHICLES(fig.1)
The ballistic missile and launch vehicle programmes began in France, in 1960, by the
starting of a programme of “Basic Ballistic Studies” intended to acquire the technical and
industrial knowledge required for initiating the development of the deterrent Strategic
Nuclear Force.
This first programme of basic studies (1960-67) resulted in the operation of the SAPHIR
two-stage launch vehicle which synthesized all the functions (propulsion, attitude control,
guidance and reentry) of the intermediate range ballistic missile (IRBM) and in the

development of the DIAMANT launch vehicle, the previous stages being carried out by
other test vehicles : AGATHE, TOPAZE and EMERAUDE.
After the RUBIS sounding rocket, this series of vehicles - “the Precious Stones” - was
crowned by the development of the first French launch vehicle : DIAMANT A ‘1st
successful launch: 26-11-65).
From these were derived the military weapon systems (SSBS: Ground-to-ground strategic
ballistic missile, and MSBS:sea-to-ground ballistic missile) and the DIAMANT family of
launch vehicles (DIAMANT B, DIAMANT PB4) .
Simultaneously, in 1964, ELDO (European Launcher Development Organisation) and
ESRO (European Satellite Organisation) were created to develop heavy launch vehicles
and satellites as part of a European co-operation.
After the failure of EUROPA I and EUROPA 2 launch vehicles mainly for industrial
organisation reasons, the ELDO programme was given up (April 1973) .
The development of the European ARIANE heavy launch vehicles was subsequently
resumed within a different framework: CNES prime-contractorship for the account of
ESA which took over the missions of ELDO and ESRO.
After the successful launches of ARIANE I and ARIANE 3, the launch of ARIANE 4
scheduled to take place before the end of this year, the developments of ARIANE 5 and
the HERMES spaceplane are being prepared.
III.- MEASUREMENTS ONBOARD MISSILES AND LAUNCH
VEHICLES
III.-1 - Aims of measurements
The aim of telemetry chains onboard missiles and launch vehicles is to provide real-time
or delayed information for:
1E) controlling pre-flight and flight operations;
2E) detecting and locating malfunctions, determine their cause and remedy them;
3E) validating and improving design (calculation models) and development methods.

The following remarks should be made :
S the first two objectives are overriding
( safety and malfunction detection);
S one measurement often serves several purposes. With certain exceptions, the
metrological characteristics required for each one are different. We must either
increase measurement ranges or make choices and trade-offs.
S operational military missiles are not equipped with telemetry chains. Therefore, the
latter do not participate in the missile control.
III.-2 - Increase in the number of measurements (Figure 2)
It is almost a commonplace to state that the number of measurements taken on missiles
and launch vehicles under development is evergrowing.
This increase is due to the evergrowing complexity of the systems and to the necessity of
making test flights as profitable as possible.
S the development logics for the major ballistic or launch vehicle programmes have
become more comprehensive. The unit cost of a complete assembly keeps growing.
The number of flight tests before operational use decreases. Four qualification
launches for ARIANE I, 3 three for Ariane III, IV and V. For the HERMES
spaceplane, it is no longer feasible to define a boundary between development and
operational phases.
S This procedure has been made possible by finer and finer modelling, by the behaviour
of missile or launch vehicle sub-systems. The existence and representativeness of
these models are limited, either by our calculation means - methods or machine
capabilities - , or by our scientific knowledge.
S The progress of techniques and technologies enables us to accommodate and transmit
more and more onboard measurements. Now, their number is most often limited by
financial considerations - interest vs. cost of measurements - rather than by technical
considerations of accommodation or transmission capability.
S With the extension of digital guidance techniques to the attitude-control and sequential
functions, the number of numerical measurements has increased, but not the number of
interfaces because this change has taken place within one sub-system.

On the HERMES spaceplane, this situation will change with the increase in self-contained
digital sub-systems.
IV.- MEASUREMENT CHAIN
The measurement chain, from the acquisition of the values to be measured to their feedback, is shown in Figure 3.
Except in case of recovery, measurements are transmitted to the ground by radio-link.
Temporary onboard storage of information permits:
1E) to palliate radio-link black-out during certain flight phases (under-water course, stage
separations, reentry).
2E) to reduce link capacity by taking advantage of the ballistic phase during which few
measurements are interesting so as to transmit the measurements taken during the
propelled phase.
3E) to transmit at a low rate the measurements taken at very-high rates in transitory
phases ( ignition, separation shocks) and thus to take measurements that would be
either too dimensioning or incompatible with transmission chains.
V.- EVOLUTION OF MULTIPLEX SYSTEMS - Figure 4
V.-1-Selection of the AJAX standard
At the end of the 50’s, a number of telemetry systems had been developed in France for
aircraft or missile applications. Among these pioneers, we must mention the telemetry
systems developed by SFIM, ONERA, SAT-TURCK, APX, Sud-Aviation LPA..
None of these system was compatible and all of them were tubed systems.
In 59-60, the starting of the French ballistic programme was going to create an important
need of equipment. Subcarrier systems were an absolute must. But what standard had to
be chosen?: SFIM, ONERA, SAT-TURCK or the U.S. IRIG inter-launch site for which
Sud-Aviation LPA had already made some developments?
The method department of the CEV (flight test center) was instructed to study the
problem and, after a comparative survey, came to the conclusion that none of those
standards was really better than the others from a technical viewpoint. The IRIG had a

greater number of subcarriers, but the bandwidths per channel were smaller. The overall
transmission capacities were on the same order of magnitude.
A new standard, the AJAX standard, which used the IRIG standard-proportional bands
with the exception of some minor variants, was selected (Subcarrier G at 125 GHz for 10
KHz large bandwidth transmission). The development of the equipment constituting the
measurement links was decided by the CEV and undertaken in French industrial
establishments. This equipment was miniaturized by the replacement of tubes by
transistors.
At the present time, I believe that this choice - confirmed on several occasions - was
judicious. It made it possible to resort to imports, should French industrial developments
fail to comply with the time-scale or should their costs be out of proportion with the
limited scope of some requirements. At the end of the developments financed by the
Government, it placed French industrial establishments in a more favourable position for
export.
V.-2- 1959-1964 PAM (mechanical) - FM SAT TURCK
The AJAX items of equipment released for manufacture in 59 - 60 by ROCHAR, SFIM,
SAT, Sud Aviation LPA, etc.., were not available for the first launches of the “Precious
Stones” series.
As a temporary measure, the existing SAT-TURCK tubed equipment was used. It gave
full satisfaction. On several occasions the equipment recovered after a launch was reused
after overhaul.
V.-3- 1964: PAM (mechanical or electronic ?) -FM AJAX
The AJAX standard appeared in 1964 on the RUBIS and SAPHIR two-stage rockets.
All the multiplex items of equipment to the AJAX standard were made in the forms of
fully transistorized modules.
In view of the number of measurements to be transmitted (a few hundreds) and of the
number of compatible subcarriers (18 as a maximum, 13 to 15 in practice), temporal
commutation of measurements on 3 or 4 subcarriers was used : PAM/FM multiplexing.
Mechanical switches (LEDEX, SFIM, VACTRIC, GDI) and electronic switches (SudAviation Cannes, LRBA), competed for a long time, showing the same number of
disadvantages.

The switching of low-level measurements brought about big difficulties (switching noise
and influence of common potentials). Eventually, electronic switching was selected in the
mid-60’s .
V.-3 - 1966 : TELEMAQUE - PCM feasibility
The feasibility of PCM telemetry was demonstrated as early as 1966 by the development,
by INTERTECHNIQUE under RADIATION licence, of a TELEMAQUE proto-type unit
ordered by the CEV, based on the multiplexing of all the measurements of a SAPHIR test
vehicle.
A PCM transmission link replaced three AJAX links advantageously !, except for two or
three vibration measurements.
Together with the functional model of the test vehicle, this prototype made it possible to
study the problems in connection with brief measurement sampling: internal impedance of
sources, balancing of impedances vs. ground , etc., and thus to determine new wiring
rules (SUD-AVIATION CANNES).
V.-7 - The TEUCER standard
The transmission of vibration measurements with proportional-band standards was not
satisfactory from the users’ viewpoint. By definition, bandwidths and transit times were
variable from one channel to another, thus making correlations between measurements
difficult. Moreover, the number of measurements that could be sent on a transmitter was
too small. This led to the elaboration of constant band standards, less satisfactory as
regards the crosstalk dynamics. The corresponding equipment appeared for the first time
in the United States. Several standards presented by various manufacturers competed on
the market: EMR, DCS, AIAA, etc.
In France the choice of PCM telemetry was accompanied by the adoption of constantband subcarriers : the NRZ PCM in the lower part of the video spectrum, the sub-carriers
in the upper part. We were lucky when we had to select the standard. Just as we were
about to make a decision, we learnt that the IRIG was doing the same. The decision was
thus delayed, and so TEUCER, the AJAX’s brother, was IRIG.
V.-8 - TELEMAQUE PCM and TEUCER
The TELEMAQUE PCM and the channels to the TEUCER standard were used for the
first time in 1970. With a comparable RF bandwidth, its effective transmission capability
was about three times greater.

V.-9 - 1974:“Essai”PCM; 1976: CANNES PCM (240 Kbits/s).
However, in comparison with the FM equipment (proportional or constant band), the
Telemaque PCM presented two disadvantages: its cost and its lack of modularity. Each
application required a specific development and the evolutions of measurement plans were
uneasy.
To palliate that drawback, manufacturers proposed some items of equipment constituted
by plug-in modules developed according to the same principle as AJAX modules
(Intertechnique “Essai” PCM and SAT PCM).
Another approach, a more ambitious one, was a PCM system consisting of a set of boxes
specific to each function, connected by a BUS line, the measurement plan specific units
and the format being programmed in a PROM according to its use; this was the CANNES
PCM (1).
This system was used as a basis for the design of a delayed-output electronic equipment
allowing to repeat the measurements in the PCM message with a delay on the order of one
second. This permitted to get rid of a brief radio-link black-out during certain phases of a
missile flight (operation of pyrotechnic systems, separation).
The “ESSAI”PCM was used for the first time in 1974, the CANNES PCM in 1976.
V.-10 - 1980 :CANNES PCM (400 Kbits/s)
The maximum rates of PCMs were initially limited by the speed of analog/digital coders to
125 Kbits/s for the ESSAI and TELEMAQUE PCMs, and then to 240 Kbits/s for the
initial version of the CANNES PCM. In 1980, this limitation disappeared. The CANNES
PCM rate was brought to 400 Kbits/s, which is the maximum value authorized by the
definition of the BUS link.Fig. 5 and 6.
The increase of the coder operating rate to 400 Kbits/s led to a reduced sampling time. In
order not to reduce the accuracy of low-level measurements (20 mV range of
measurement), this implied constraints on the impedances (between terminals and of
common mode) of sources and wirings beyond which it was not attempted to go.
The CANNES PCM with TEUCER channels is currently used for ARIANE III and IV
launch vehicles.

V.-II - 1987:CANNES PCM (2 Mbits/s)
The use of the PCM for transmitting large bandwidth channels permitted to delete the
links reserved for FM multiplex and thus to reduce the number of links required; as a
minimum : one per object having a “life” of its own, through the use of the maximum
capacity of the transmission channel. Figure 7.
At the present time, a PCM system with a transmission speed of 2 Mbits/s managing
5 CANNES PCM BUS lines is under development.
VI.- AS A CONCLUSION... AFTER ?
With the CANNES PCM, since 1974 we have had at our disposal a telemetry system
consisting of a range of specialized units developped, perfected, modified in accordance
with the specific requirements, progress or constraints induced by the ultra-fast
technological development of digital electronic components, which are all COMPATIBLE
since they are connected by a BUS whose specialized dialog procedures (fig. 5 and 6) for
the acquisition of measurements by peripheral units have been retained.
So far, several hundreds of CANNES PCM units have been launched and a BUS link
failure have never occurred.
This telemetry system is quite suitable for the acquisition of measurements on the various
sub-units of big missiles and launch vehicles. Its use on ARIANE V is anticipated and, in
all likelyhood, it will be possible to use it on HERMES.
What will be the evolution of the CANNES PCM range or of similar systems ?
We believe that it will have a twofold aim:
1.- For peripheral acquisition units :
S a versatility for analog and all-or-nothing measurements;
S the integration of sensor ancillaries;
S the introduction of decentralized programmable systems;
S the creation of local measurement processing units (shock response spectrum, Fourier
analysis);

2.- For the central unit, probably a gathering and a sophistication integrating all the
following function into a single unit:
S management of the various acquisition formats used in flight;
S compression of acquired information;
S formatting of information for transmission or storage;
S management of transmission and storage link resources.
Initially, the rules will be pre-recorded as a function of flight phases, and subsequently it
will be possible to select then automatically, taking additionally into account the evolution
of parameters.
In what form will this information be formatted for transmission or storage?
In the systems integrating several digital acquisition units interfacing independent subsystems, the NASA “package” standard seems to be more suitable than the conventional
IRIG sequential standard. Ground processing is easier.
The rate limitations of the required computerized ground decommutation systems are
extended beyond the rates acceptable by transmission channels.
For HERMES, CNES anticipates to retain this standard with VITERBI and REED
SOLOMON error correcting codes.
Specific multiplexers have not disappeared. They are an absolute must when the
measurements to be acquired are concentrated and when the volume reduction is
essential.
The integration limit is more financial than technological. Wiring and connection
techniques remain major obstacles to miniaturization. The latter requires a reduced number
of items of equipment and dismountability connectors.
The approaches to specialized macrocomponents and pre-distributed circuits seem to be
attractive. For the time being, a requirement justifying the initial investment is still missing.
(1) CANNES is an acronym which means: Codeurs Analogiques Numériques à Nombres
d’Entrées Selectionnables (Analog digital coders with selective numbers of entries) . It
also alludes to the role played in its design by some engineers of Aérospatiale Cannes.
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ABSTRACT
A simple adaptive algorithm is employed in the determination of operating parameters for
a sequential probability ratio test (SPRT) type of PCM frame synchronizer. Performance
data over a wide range of bit error rates are obtained by computer simulation. These data
show a significant improvement in lock-to-search transition performance of the SPRT
over the so-called conventional type of synchronizer.
INTRODUCTION
One recurrent problem in data communications is that of timing or synchronization at the
receive end. For the case of a serial bit stream three types of timing are generally
important:
1) bit synchronization (reconstructing a master clock)
2) word synchronization (properly dividing bit groups into words)
3) frame synchronization (grouping words into the proper relative format).
Obviously, bit synchronization must be the first timing acquisition since all other events
occur at some sub-mulitple of the bit rate. After a bit clock is derived then word and
frame timing acquisition can be attempted. For many data communications systems the
orientation of words within each frame is constant so that word timing and identification
are functions only of frame timing. To establish this framing function a unique and
constant bit pattern is inserted into the data stream once per frame. Once proper frame
synchronization is established then all subsequent timing and data manipulation follows
directly from the a priori knowledge of the frame structure. Therefore, the system
performance depends on the ability to find the frame synchronization pattern after the bit
clock has been regenerated.

Much work has been done, and continues to be done, on the research of optimal bit
synchronization. However, the state-of-the-art in communications equipment today allows
for the assumption that the bit synchronizers operate sufficiently well in a dynamic
environment so that the effects of imperfect bit timing will not be considered in the study
of optimal frame synchronization. In other words, in a dynamic environment, the bit
synchronizer is expected to provide an accurate bit clock in conditions that are otherwise
too poor to allow frame synchronization or any utilization of the data. Supporting
evidence for this assumption can be found in emperical results, as in Nichols and Cox [1].
This paper concentrates on the optimallity of frame synchronization of a serial bit stream
in a data communications system. For all practical systems this data is subject to
corruption by noise in the transmission medium. Characterization of this noise and of the
corresponding errors in the data depends heavily on the nature of the particular
transmission medium in use. However, many systems are accurately modeled by the data
stream corrupted by additive white gaussian noise and corresponding bit errors which are
independent and identically distributed. This is most often assumed in radio transmission
systems and will be assumed for this analysis. The problem then becomes two-fold:
1) finding the frame synchronization pattern in the serial bit stream, subjected to
some bit error probability p, when initially out of sync
2) determining the loss of synchronization when initially in sync.
Another assumption that is helpful in defining the problem is that the bit stream is random
at loss of synchronization. This assumption is made on intuitive grounds since most high
efficiency communications systems tending to minimize bandwidth would also maximize
the entropy of the bit stream. For analysis this condition is equivalent to subjecting the
data to a bit error probability of one-half (p =0.5).
The previous statements of system characteristics and assumptions allow the
consideration of optimallity in frame synchronization. In the first case where the system is
initially out of sync, defined as the Search mode, a procedure which minimizes the
expected acquisition time can be considered as optimal. This notion is compatible with
high efficiency communications, where the value of the information transferred by each
word is high. In the second case where the system is currently in sync, defined as the
Lock mode, a procedure which minimizes the expected time to return to Search after loss
of synchronization can be considered optimal. Since the Search-to-Lock procedure must
be executed after a loss of sync it follows that minimizing the return to Search time also
minimizes the loss of information. Unfortunately, the optimization of these two
procedures is somewhat contradictory since minimizing the Search-to-Lock time tends to
increase the probability of incorrectly identifying a random pattern as the correct one.
Conversely, minimizing the Lock-to-Search time tends to increase the probability of not

identifying a true synchronization pattern when it is present. With these concepts of
optimallity and the identification of some of the important statistical elements of the
problem some review of previous work in this field will be valuable.
BACKGROUND
Before going further two definitions will be helpful.
" / probability of accepting an incorrect pattern
$ / probability of rejecting a correct pattern
Much of the present commercial equipment providing frame synchronization functions
perform statistical tests on groups of candidate sync patterns. To pass from Search-toLock these “conventional” synchronizers require that the candidate pattern correlate with
the correct pattern to a certain degree, say within x bit errors, for a certain number, say y,
of consecutive frames. Thus, for a given bit error probability optimum values of x and y
can be evaluated relative to the constraints of " and $. Here it is seen that " and $ must
be selected to satisfy the operational requirements of the communications system.
Rather than looking at this as a pattern sequential identification problem Van de Houten
[2] proposed an improved approach of bit sequential testing based on the idea of the
Sequential Probability Ratio Test(SPRT) treated by Wald [3]. If " is set equal to $ then
Van de Houten finds that the SPRT relationship is
! L < GI ! KGJ < L

(1)

where
GI / the number of correct bits in a test of n samples (bits)
GJ / the number of error bits in a test of n samples (bits)
K

/ the weighting factor for the error bits

L

/ the decision threshold.

The interpretation of the relation in (1) is as follows. Each bit of the candidate pattern is
tested in sequence as it arrives. If the received bit agrees with the corresponding bit of the
correct pattern then the GI sum is incremented, but if it disagrees then the GJ sum is
incremented. The term GI - KGJ is evaluated after every bit is received. If this amount is

equal to or greater than L then the Lock mode criterion has been met, but if this amount is
equal to or less than -L then the Search mode criterion has been met. If this amount is
between -L and L , that is if the relationship in (1) is true, then there is no decision made at
that time and the test continues with the next bit in sequence. It can be seen that this
procedure most often results in partial pattern testing which has some advantage, at least
intuitively, over the integral pattern testing of the conventional method. Van de Houten
derives the expressions for the parameters, K and L , which are

(2)

(3)
A modification to this procedure which fixes the test interval to integral pattern samples
was done by Straehley [4]. Although the performance is sub-optimum in an analytical
sense to Van de Houten’s method, it does have some value for practical implementations.
Also of value is Straehley’s comparison to the performance of an optimized conventional
procedure. With this previous work sited a continuation to the analysis of a statistical
frame synchronizer with adaptive decision parameters is in order.
METHOD DEVELOPMENT
The major factor which kept Van de Houten and Straehley from realizing a truly optimal
synchronization method was the inability of the synchronizer to match the decision
parameters to the operating environment. As can be seen from (2) and (3), the values of K
and L are a function of ", $, and p . As mentioned before, " and $ are selected to satisfy
certain data requirements of the system. For this analysis they will be considered equal
and fixed. Due to the dynamic environment, however, a priori knowledge of the bit error
probability, p, is not available. To circumvent this obsticle both authors selected a fixed
value for p and evaluated K and L from (2) and (3). Obviously, for any other value of bit
error probability the fixed decision parameters would be mismatched. By selecting the
worst-case environment, that is the maximum p, the statistical properties of the SPRT
yields a much lower mismatch for the Search-to-Lock process than for the Lock-toSearch process. This is very fortunate since any out-of-Lock condition inhibits the
estimation of the present value of p . Once in Lock, though, an estimate of the bit error
probability can be made and the decision parameters can be adapted to improve the
Lock-to-Search process.

When in Lock an estimate of p is made every frame by averaging the current measurement
with the estimate from the previous frame. In a simple recursive expression it is given as

(4)
where
xk

/ the number of bit errors in frame k

N

/ the number of bits in the frame sync pattern.

After frame k the values of K and L are adapted by using (2) and (3) with p k +1. Since (4)
produces an estimate of the bit error probability which converges in the limit to the mean
of x/N it will converge to actual value of p. Consequently, the adapted values of K and L
will converge to the optimum values matched to the actual environment. This adaptive
process significantly improves the Lock-to-Search time over the fixed p methods.
ANALYSIS AND RESULTS
At this point the analysis should begin with a formal definition of the synchronizer
performance. Two performance measures must be used since the Search-to-Lock
process cannot be adaptive while the Lock-to-Search process can be.
The Search-to-Lock Process: Synchronizer operation, when initially in the Search mode,
attempts to find a pattern in the serial bit stream which has a high correlation with the
correct pattern. It is known that the bit timing is correct, but the data quality in terms of
bit error probability is unknown. To execute the SPRT some initial values of K and L
must be chosen requiring an assumption of the initial fixed bit error probability, po. An
engineering decision must be made here since any arbitrary po will incur different penalties
at the two environmental extremes. If po is set high then ", the probability of accepting an
incorrect pattern, increases over the desired value for low bit error probabilities.
Conversely, if po is set low then $, the probability of rejecting a correct pattern, increases
over the desired value for high bit error probabilities. The value of po=0.21, second
highest in the bit error probability data set, was used for this analysis on the assumption
that resynchronization is often required on radio links when the transmission is recovering
from a deep fade. In this case the initial bit error probability is expected to be high thus
minimizing the effects of sub-optimal decision parameters.

The performance measure of the synchronizer in this mode is defined as the expected
number of bits required to go from Search to Lock. Thus,
(5)
(6)

A theoretical optimum for PS6L can be found for any static environment by using the K
and L values matched to the actual p. This optimum PS6L provides a baseline of
performance by which the actual perforance can be measured in terms of misadjustment.
The definition of misadjustment used in this analysis is the difference between actual
performance and optimal performance normalized to the optimum. Thus,
(7)

The evaluation of PS6L by (6) directly is extremely difficult for the general case. The
SPRT is sensitive to the sequential order of correct bits and error bits so the set of
allowable sequences satisfying the conditions of (6) is a subset of all combinations of
sequences of length n. Determining which of these combinations are the proper ones is a
tedious task. An alternate approach was taken for this analysis in which the Search-toLock SPRT process, flow charted in Figure 1, was simulated and the number of bits
needed to obtain Lock for each trial was averaged over 2000 trials. The results of this
simulation are given in Table 1 which includes the bit error probability data set,
corresponding K and L values, optimal PS6L , actual PS6L , and MS6L . Note that since the
Search-to-Lock process is not adaptive the misadjustment depends only on the actual bit
error probability and not on the trial number.
The Lock-to-Search Process: After entering the Lock mode the synchronizer operation
stays in that state until changes in the environmental conditions warrent a return to Search.
At this time a loss of synchronization occurs and the serial bit stream becomes a
sequence of bits which have equal probability of being a “one” or a “zero”. When
correlating this bit stream with the correct pattern the synchronizer operates with an
effective bit error probability of one-half. The synchronizer must detect this condition as
soon as possible and return to Search thereafter to minimize the out-of-sync time. The
performance of the SPRT for this Lock-to-Search process is measured as the expected
number of bits needed to revert from the Lock mode to the Search mode. Thus,
(8)

(9)
Synchronizer operation in the Lock mode provides a means by which the bit error
probability can be estimated. Since the correct pattern is known and its correlation with
the incoming pattern determines which received bits are in error then an estimate of p for
that frame can be made by dividing the number of errors, x , by the number of bits in the
sync pattern, N . This value is averaged with the previous averaged estimate, according to
(4), and that result is used in (2) and (3) to get new values of K and L. Beginning with
some initial condition, po, the value of pk +1 will converge in the limit to the mean of x/N ,
which is the true bit error probability. It follows that as the estimate of the bit error
probability converges to the true p the calculated values of K and L will approach their
optimum values. A flow chart of this adaptive Lock-to-Search SPRT process is given in
Figure 2.
The misadjustment for the Lock-to-Search process is similar to that in (7) with the
addition of the adaptive iteration index. Thus,
(10)
Here (PL6S#adap)k is evaluated as in (9) with the values of K and L calculated using pk. This
definition produces a misadjustment measure based on the expected value of the bit error
probability estimate for each iteration. A computer simulation was employed to find the
optimum performance values for the same bit error probabilities given in Table 1, and
these are shown in Figure 3 along with a fitted curve. Figure 4 shows the misadustment
for various bit error probabilities versus the iteration index. These curves were derived
from Figure 3 and the expected value of pk from (4). As a final analysis the performances
of the adaptive and fixed parameter Lock-to-Search SPRT processes were compared.
The improvement factor, defined as the normalized reduction of the performance
measure, PL6S, is given in Table 2 for each bit error probability. Here,
(11)
where (PL6S#adap) is taken as the value after convergence.

CONCLUSIONS
The purpose of this research was to analyze the performance of an adaptive frame
synchronizer operating on a serial bit stream with errors. The Sequential Probability Ratio
Test was used to determine the synchronization status with the adaptive algorithm tending
to optimize the decision parameters while in the Lock mode. Results of this analysis are
given in Table 2 for bit error probability values ranging from 10-6 to 0.25. Improvement is
seen for all bit error probabilities below 0.21, the non-adaptive value, as expected. The
steepness of the misadlustment curves shown in Figure 4 indicates that the adaptive
algorithm is expected to perform well and convergence to the optimum should occur, on
the average, in less than twenty iterations for the range of bit error probabilities of interest.
As a matter of completeness the SPRT synchronizer operation in the Search mode (nonadaptive) was analyzed and the results given in Table 1. Selecting a worst-case operating
environment of p=0.21 yielded acceptable results if frame synchronization patterns in
excess of sixteen bits in length are employed.
The results of this analysis are quite general and can be interpreted for lumped or
distributed frame synchronization pattern groupings. The performance overall is very
good with the improvements made by the adaptive process being excellent.
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Figure 1 - Search-to-Lock SPRT Flow Chart.
TABLE I
Search-to-Lock SPIRT parameters, performance
measures, and misadjustment values.
Bit Error
Probability

K

L

0.000001
0.00001
0.0001
0.0008
0.006
0.02
0.06
0.10
0.17
0.21
0.25

13.3
13.3
13.3
13.3
13.4
13.7
14.6
15.7
18.2
20.1
22.7

18.9
15.6
12.3
9.3
6.4
4.8
3.4
2.7
2.1
1.9
1.7

Performance
Optimal

Actual

14.0
14.0
14.0
14.1
14.6
15.8
20.3
26.0
39.8
53.0
72.3

21.0
21.0
21.0
21.1
21.4
22.3
25.0
29.1
40.5
53.0
74.7

Misadjustment
0.50
0.50
0.50
0.50
0.47
0.41
0.23
0.12
0.02
0.00
0.03

Figure 2 - Adaptive Lock-to-Search SPRT
Flow Chart.

Figure 3 - Optimum Lock-to-Search
SPRT Performance

Figure 4 - Lock-to-Search Misadjustment
for adaptive SPRT
TABLE II
Lock-to-Search SPRT performance
measures and improvement factors.
Performance

Bit Error
Probability

Fixed

Adaptive

0.000001
0.00001
0.0001
0.0008
0.006
0.02
0.06
0.10
0.17
0.21
0.25

46.7
46.7
46.7
46.7
46.7
46.7
46.7
46.7
46.7
46.7
46.7

2.00
2.30
4.10
4.10
6.20
8.30
13.7
19.8
33.8
46.7
65.9

Improvement Factor
22.4
19.3
10.4
10.4
6.50
4.60
2.40
1.40
0.38
0.00
-0.29
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ABSTRACT
The Nevada Test Site Seismic Network, designed and operated by EG&G Energy
Measurement, Inc. for Sandia National Laboratories, consists of five remote stations and
one control point station. The system converts analog signals from five seismometers at
each station to digital signals and multiplexes the data with status information for
transmission over voice-grade telephone circuits to the control point at the Nevada Test
Site. Intelligent modems provide automatic line equalization, transmission link diagnostics,
and loopback testing. A microprocessor at the remote stations periodically refreshes the
seismometer system gain settings to ensure data accuracy. The remote stations operate
unattended and receive commands for setup and status check from the control point. The
control point station utilizes a Digital Equipment Corporation (DEC) LSI-11/23 to perform
event detection on the five data streams and automatically records up to ninety minutes of
event data per station. Planned upgrades include replacing the LSI-11/23 with a DEC
MicroVAX-II and implementing dialup capability to verify station status.
INTRODUCTION
The Seismic Network has been recording seismic events for approximately twenty-five
years. In 1981, work began on a digital data collection system to replace the FM-FM
multiplex hardware used since the early 1960s. The new system performs data collections,
command, and status using leased telephone lines from the NTS and acts as a full-time
seismological observatory. This work was supported by USDOE under DOE contract
number DE-AC08-83NV10282.

SYSTEM CONFIGURATION
The Seismic Network is comprised of a central command and data collection site located
at the Control Point (CP) at the NTS and five remote seismic stations located in the
following geographical locations:
Darwin, California
Battle Mountain, Nevada
Nelson, Nevada
Tonopah, Nevada
Leeds, Utah
The remote stations each have the capability to control five seismometers, to make
calibrations, and to collect seismic data for immediate transmission over leased phone
lines. A general block diagram of the Seismic Network is shown in Figure 1.
Each station digitizes information from five seismometers at a sampling rate of 50 samples
per second per channel. A selectable gain from 1 to 4096 is remotely controlled from the
CP for detection of small or large seismic events. An autoranging gain circuit is also
implemented to allow a dynamic signal range of 72dB. The stations are on-line and
transmitting data continuously to the CP, and there is no provision for storage of local
data at the stations.
Data recording can be enabled with a manual command, preset to begin recording at a
specific time, or via event detection software. Data is written to a 20MB Winchester disk,
which has the capacity to store 90 minutes of seismic data from each remote station. This
data is then dumped upon command to a PDP-11/44 for permanent archiving on magnetic
tape, and for later use in plotting and seismic data analysis.
REMOTE STATION DESCRIPTION
Each remote seismic station is comprised of the following hardware. Figure 2 shows a
block diagram of a typical station.
C
C
C
C
C

seismometers (5)
analog signal processing modules (5) with isolated power supply
a STD interface and communication card
a 6809 microprocessor card
an external modem.

The five seismometers are designated as the Vertical Short Period (VSP), the Radial Short
Period (RSP), the Vertical Long Period (VLP), the Radial Long Period (RLP), and the
Tangential Long Period (TLP). The VSP and RSP seismometers, used to measure
displacement, have a one-second natural period and an intrinsic sensitivity of about one
millivolt per micron at one hertz. The VLP, RLP, and TLP seismometers, used to
measure velocity, have a fifteen second natural period and a generator constant of 93 volts
per meter per second. The five fixed seismometers are oriented in relationship to a point
in Yucca Flat at the NTS.
The analog modules provide the signal processing electronics, gain switching relays, and a
portion of the autoranging function. The modules also provide calibration voltages, a
12-bit analog-to-digital converter, and a 10 Hz low-pass filter with an 18db/octave rolloff.
To prevent coupling of digital ground induced noise, the control signals between the
analog module and the STD interface card are isolated by optocouplers.
In conjunction with providing the interface between the STD bus and the analog module,
the STO Interface card also contains the state machine that controls the autoranging gain
function for the channel. The communication card has two RS232 serial ports: a
synchronous port and an asynchronous port. The synchronous port outputs the serial
frame data to the communications line and receives commands from the CP. Local
command and status, a duplicate of the information and control at the CP, is provided by
a terminal attached to the asynchronous port. This feature enables on-site diagnostics
without intervention from the CP.
Controlling intelligence at the station is provided by a 6809 microprocessor card. The
card contains a total of 4K bytes program space and 2K bytes of data memory space. No
provision is made at the station for local storage of data in the event of a phone line
failure, and the system is not battery-backed in case of a power failure at the station.
Gandolf 9600SM modems are used to transmit data on the voice-grade (3002) phone
links between the stations and the CP. These modems use multiple carrier frequencies
throughout the bandwidth of the phone line to ensure the transmission of error free bits.
Advanced digital signal processing techniques help make the transmission system more
immune to phone line impulse hits and drifts in line characteristics. Diagnostics are
available to determine the parameters of the phone line and to locate link problems. Local
and remote loopbacks are used to isolate communication problems to the phone lines,
modems, or to the station and CP electronics.

Transmission Format
The transmission bit rate is 4800 bits-per-second with a frame length of 192 bits. A frame
of ten 16-bit data words, containing two samples from each of the five channels, outputs
an effective sampling rate of 50 samples per second per channel. Included in a frame is
the frame sync word and a cyclic redundancy check (CRC) word. The frame sync pattern
is complemented every frame to guarantee a positive lock to the frame. The CRC is also
calculated and transmitted with every frame to indicate if the frame has a bit in error.
The following is the format of a double frame and an individual data word:
Double Frame Format (16-bit words)

fs
/fs
S1l
S12
S13
S14
S15
S21
S22
S23
S24
S25
crc

Frame sync pattern true
Frame sync pattern complement
Sample one channel one
Sample one channel two
Sample one channel three
Sample one channel four
Sample one channel five
Sample two channel one
Sample two channel two
Sample two channel three
Sample two channel four
Sample two channel five
Cyclic Redundancy Check

4747 hex
B8B8 hex

Individual Data Word

stb
g2-g0
d11-d00

overhead status frame bit
gain ranging bits
12-bit A/D value

Bit 15 of each data word is reserved as a portion of the overhead status frame. The status
frame is supermultiplexed onto the regular frame to provide the station status to the CP.

Because of bandwidth limitations and channel requirements, the status is transmitted back
on an unused bit in the data word. A complete status frame is comprised of 450 bits,
which are assembled and supermultiplexed over the unused bit 15 in each data word. A
complete status frame transmission requires almost two seconds.
Station Capabilities
The Station Command and Status Screen, shown in Figure 3, illustrates the remote station
capabilities. All of the command and status functions illustrated on the station screen are
duplicated on the command console at the CP. The commands and functions are
executed while the station is on-line and transmitting data. This procedure enables the
operator at the CP to observe the occurring action and also enables simultaneous
transmission of commands from the CP.
The attenuation settings are used to set the fixed gain of the system and range from 00dB
to a maximum of 72dB, selectable in steps of 12dB. A setting of 72dB corresponds to an
amplification factor of one, while a setting of 00db corresponds to a signal gain of 4096.
A 12dB step corresponds to an attenuation factor of four. The attenuator is used to set
the optimum system gain for acquiring a seismic event.
For calibration and checkout purposes, the input of the analog module can be switched to
one of three sources. The first setting, COIL, receives the signal from the coil of the
seismometer. The second setting, ZERO, puts an equivalent resistance to the seismometer
coil across the input. The third setting, D/A, sets the calibration voltage from -10V to
+10V. Another troubleshooting aid is the programmable gain amplifier (PGA) source,
which has eight selectable inputs. These inputs check various points along the signal
processing path within the analog module. A ground reference can be selected to check
for DC offset, and a temperature sensor, provided on the analog board, can be selected
to check for temperature drift.
Two on-board DACS, one 8-bit and one 12-bit, are used to provide calibration and DC
offset adjustments. To compensate for the electronic drift that occurs over time, the DC
offset is controlled by the output of the 8-bit DAC. The 12-bit DAC supplies the
calibration voltage for the selectable input of the analog module and the current for a
calibration pulse to the seismometer.
When the CALIBRATE function is triggered, a preprogrammed current of 1mA is
supplied to the calibration coil for thirty seconds. This function provides a positive total
system check at the CP ensuring that the entire seismic system is operational. Also, the
seismometer is deflected a known amount, which gives a calibrated waveform at the CP
independent of the system settings for use in diagnostics.

To accommodate the wide energy range of a seismic event, an autoranging A/D converter
is implemented on a per-channel basis in the station system. In response to the level of the
signal, gains are automatically switched from 1 to 128 in binary steps. The circuit will
switch gains to try to keep the signal in the upper range of the 12-bit A/D converter to
achieve maximum signal resolution. In the signal path, the autoranging A/D occurs after
the programmable attenuator. As a diagnostic aid, the autoranging function can be
disabled and the programmable gain amplifier set for one of the fixed gains from 1 to 128.
The chart below shows at which voltage levels the gains are switched, and the
corresponding equivalent LSB value. Figure 4 shows the autoranging gain circuit.
GAIN

GAIN CODE
g2 g1 g0

128
64
32
16
8
4
2
1

1
1
1
1
0
0
0
0

1
1
0
0
1
1
0
0

1
0
1
0
1
0
1
0

RANGE (volts)

00-00 V
68.75 mV
137.50 mV
275.00 mV
550.00 mV
1.10 V
2.20 V
4.40 V

6 8.75 mV
137.50 mV
275.10 mV
550.00 mV
1.10 V
2.20 V
4.40 V
10.00 V

LSB (volts)

38.20 uV
76.30 uV
153.00 uV
305.00 uV
610.00 uV
1.22 mV
2.44 mV
4.88 mV

As a status check, the current A/D count from each of the seismometers is displayed as a
hexadecimal data representation. The first set of digits (above) is the gain code assigned
to the programmable gain amplifier used when converting data. The next three digits
represent the 12-bit A/D data. A count of 000 corresponds to positive full scale and a
count of FFF corresponds to the negative full scale range of the converter.
CONTROL POINT (CP) STATION DESCRIPTION
The CP station contains two distinct components: the Command and Status System and
the Data Collection System (refer to Figure 5 for an overall block diagram of the CP
components). The Command and Status System provides all of the same functions
previously discussed for the station systems; however, it commands all five stations. The
Data Collection System performs three major functions: 1) event detection, 2) storage of
time-tagged event data, and 3) quick-look strip chart output. Data archiving, reduction,
and analysis are performed on a Digital Equipment Corporation (DEC) PDP-11/44 and a
DEC VAX-11/750. This process will not be discussed in this paper.

Command and Status System
The CP Command and Status System is comprised of a STD Bus chassis controlled by a
6809 microprocessor card with system memory. The system also contains enough
communication cards to handle a synchronous stream from each of the seismic stations
and a provision for an RS232 link to the Command and Status Console.
The primary screen for the Command and Status Console displays the attenuation settings
for all seismometers at each station (refer to Figure 6). The screen also shows whether a
station is in search, frame lock, or status lock. Frame lock occurs if the alternating frame
syncs of the primary frame are detected. Status lock occurs when the supermultiplexed
status frame has been detected and is in sync. An additional display screen can be
selected for each of the stations. This setup screen shows the available functions at each
station. A sample CP Setup Screen is displayed in Figure 7.
In addition to the five remote stations in the Seismic Network, a three arm LASER Strain
Gage (LSG) is operated by the University of California, San Diego (UCSD) at Pinon Flat,
California (noted on the display screen). Each arm of the LASER strain gage is .5
kilometers in length and is normally used for detection of long term seismic phenomenon.
The electronics, supplied by EG&G/EM to UCSD, function to digitize and transmit data
to both UCSD and to the CP. The LSG system has no remote control available from the
CP.
Data Collection System
The Data Collection System is comprised of a DEC Q-BUS system controlled by an
LSI-11/23. The system hardware also includes a 20MB winchester disk for storage of
seismic data, a bus-link to a DEC PDP-11/44 to dump data from the disk to the
PDP-11/44, five decommunication (DECOM) cards to bring in serial frame data, and an
IRIG B time code translator card to time tag the seismic data. The major tasks performed
by the Data Collection System are illustrated in Figure 8.
Seismic serial data is initially received by the DECOM card, which locks onto the frame,
performs a CRC check, and flags the data if a CRC error occurs. Then the formatted
channel data is transferred to the LSI-11/23 memory via direct memory access. Once a
second, the buffered data is time tagged with Greenwich mean standard time and inserted
in a software FIFO. An IRIG B AC modulated time code, generated from a WWV
receiver, is decoded by the IRIG B clock card. Upon request from the processor, the
clock supplies the time in a parallel format, accurate to tens of milliseconds.

Data is written to a winchester disk that can record approximately 90 minutes of data per
station. When a trigger is detected, one minute of pretrigger data from the software FIFO
is written to disk in addition to the event data. Also, sixteen seconds of post-event data
are written. Status information displayed on the screen monitors the status of the
pretrigger FIFO, the number of seconds recorded on disk, and the available recording
time.
Triggers
Three triggers are available to enable or disable recording of seismic data: a manual trigger
that starts and stops recording data upon manual command from the operator at the Data
Collection Console; a preset time trigger that enables recording when a preset time is
reached and then stops recording after a predetermined time; and an automatic event
detection trigger that is used for unattended operation of the Seismic Network. A trigger
signal affects all stations; recording cannot be disabled at individual stations.
Automatic event detection can be enabled for any one channel at each seismic station,
normally using the VSP seismometer. To implement the automatic event detection
algorithm, three running averages are employed. A long term DC signal, which provides a
baseline to account for drift and offset, the long term signal (LTS), and the short term
signal (STS). Both the LTS and STS are calculated as absolute values with the long term
DC baseline subtracted out. To calculate the running average of the three parameters, a
“traveling boxcar” algorithm is used (example below).

P1 and P2 = 4096 samples
P3
= 512 samples
The Turn On ratio, normally 4, is the ratio of the STS to the LTS; hence for a seismic
event to be detected, the STS must be greater in amplitude to the LTS by greater than 4
for a preset length of time. The length is normally set to 2.56 seconds, which is a sampling
period of 128 samples. To turn off the event detection, the STS/LTS ratio must fall below
the Turn Off ratio, normally 2, for only a single sampling period. Because the Turn On
ratio is greater than the Turn Off ratio, a hysteresis is provided to prevent the recording
from being turned off too soon. The ON RATIO, OFF RATIO, and LENGTH

parameters are selectable by the operator and are displayed on the screen. Only one
station must reach the Turn On ratio to begin seismic data recording. In turn, all stations
must fall below the Turn Off ratio to stop recording.
Output
Primary output from the Data Collection System is in a form usable only by computer.
Data reduction, analysis, and plotting software housed in the PDP-11/44 then produce a
human readable output. For quick-look operations this is time consuming and inefficient,
so a four channel digital-to-analog converter, fed to a pen strip chart recorder, is provided
to obtain a real-time output from the seismic system. Any channel from any station can be
selected for output to any of the four strip chart pens.
FUTURE IMPLEMENTATIONS
Seismic Status Alarm
A new diagnostic tool, currently being implemented on the remote stations, is the Seismic
Status Alarm. Each Seismic Status Alarm is an independent unit, with a battery-backed
power supply, that monitors the operational conditions of the station electronics. The
following parameters are monitored by the alarms: a) power supply levels, b) modem
status, and c) verification of serial stream transmission. To obtain status, a low speed
auto-answer modem is used. A call is sent from the CP to the station. After a connection
is made, a status inquiry is sent, from the CP. The unit will respond with “System OK” or
an error message describing the portion of the station that requires repair.
MicroVAX I and II
A DEC MicroVAX-I system, presently being evaluated, is running in parallel with the
LSI-11/23 Data Collection System. This implementation takes advantage of the increased
power of the MicroVAX-I and helps to standardize the operating system. The new system
is a Q-BUS machine, so the existing hardware, developed previously, can be used to an
advantage.
Currently, a DEC MicroVAX-II system is being developed that will incorporate the Data
Collection System, the Command and Status System, and the Status Alarm Console into
a single unit. The DECOM cards on the existing systems will be replaced with an
intelligent I/O processor card that will handle all incoming station streams, along with time
tagging of the data before transfer to the MicroVAX memory. An integral modem will be
used to automatically check the status of each station.

CONCLUSION
The transition from an all analog system (FM-FM multiplex) to a digital system has
improved the quality of seismic data received and transmitted for data analysis. Moreover,
features such as remote control, automatic event detection, and the autoranging gain
function have greatly enhanced the accuracy and control of data acquisition on seismic
events.
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BEST TELEMETRY SOURCE SELECTOR/ANALYZER SYSTEM
Colin J. Cumming and Leslie D. Hoy
Frontier Engineering, Inc.
3602 N. Star Drive
Stillwater, Oklahoma 74075

ABSTRACT
This paper describes a microprocessor based multi-channel signal analyzer system for use
with telemetry system pre- and post detected video signals. In the application described
here, the system software is configured to simultaneously analyze up to 16 telemetry
signals, compute an estimate of the SNR for each, and then select the best for output to
real time recording equipment. The SNR is estimated by comparing the total signal energy
with the signal power observed in an unused portion of the signal spectrum. The signal
analysis filters are fully programmable over a range of 10 KHz to 2 MHz and may be set
up to analyze a wide variety of telemetry formats. The microprocessor system also
supports printed output of signal status and remote programming.
INTRODUCTION
This paper discusses the specifications and development of a best telemetry signal
selector system to aid in the recording and interpretation of test data from training
exercises. In any one exercise, telemetry from a missile or other weapon system will be
monitored by both ground and airborne tracking systems. Typically, the same telemetry
video signal will be available from as many as forty different sources. Difficulties with
interpretation of the results arise because seldom does any one telemetry source have a
high quality signal over the entire time of the test. Complete, continuous data from a
missile test must be laboriously pieced together from the data recordings of all the signal
sources involved. In order to speed the preliminary analysis of the flight data, a Best
Source Selector (BSS) system was developed at Fleet Analysis Center (FLTAC), by
Alday and Herring. This system, implemented with analog filters and multiplexers with a
simple digital logic state machine, evaluated up to eight video sources and selected the
best one for display on “real time” high speed oscillographs. This original system has
proved a very valuable tool in preparing preliminary flight analysis reports.
Advances in technology and the growing complexity of new weapons telemetry packages
has prompted reevaluation of the problem of best source selection. The instrument

described in this paper is an attempt to develop an advanced BSS system which will meet
both current and future needs.
SIGNAL QUALITY MEASUREMENT
A telemetry system is a chain with many links. A voltage measurement in a missile
guidance system will change forms many times before it finally appears as a wiggly line on
a chart recorder. The quality of a particular telemetry system depends on how closely the
output data matches the original input data. For analog signals the quality is usually
specified as a signal power to noise, power ratio (SNR). Digital signal quality is better
described in terms of a bit errorrate (BER).
Some of the telemetry chain parameters that have possible merit for estimating the relative
quality of redundant telemetry signal paths are:
TELEMETRY PARAMETER

CRITERIA

Tracking Quality

Shortest unobstructured distance from
antenna to target.

Receiver Quality

Highest received signal strength.

Video Quality

Highest estimated video signal SNR.

Data Character
Quality

Least amplitude and timing jitter on
individual dual characters.

Data Frame Quality

Least number of synchronizing or framing
errors.

Data Output Quality

Most stable data in the decomutated output.

After an extensive evaluation of these quality measurement estimates, the Video Quality
approach appeared to be the most practical solution. The key to this approach is the
estimation of the SNR from the video signal alone.
One way to estimate the SNR from the video signal is to measure the signal energy in an
unused portion of the video spectrum. In this technique the guard band between the baseband signal and the sub-carrier is examined. The signal energy measured in the empty
band is assumed to be representative of the noise over the rest of the video bandwidth.
The empty band energy is then compared with the total energy measured in the video

channel. The video data channel with the highest ratio of total energy to empty band
energy is considered the best source. The present FLTAC BSS system is based on this
method of quality evaluation.
The main difficulty with this method is that the availability of an empty channel of
sufficient bandwidth is not always guaranteed among the variety of telemetry data formats
now coming into common use. It is typical, however, that the receiver bandwidth will
exceed the actual transmitted signal by enough bandwidth to make an empty channel
measurement just above the highest frequency in the transmitted spectrum.
USER INTERFACE
The primary feature of this implementation of a BSS system is the programmability of the
signal evaluation parameters. A major challenge, therefore, is to make the instrument easy
to use yet maintain the versatility which the fully programmable signal analysis modules
allow.
The approach taken with this instrument is to provide the user with a complete set of
parameter menus and status displays which allow viewing and editing of all the system
parameters. A set of 6 dynamically labeled soft keys allow the user to quickly move
through all the menus and status displays. Once a set of parameters have been determined
and entered, they can be stored as a group and given a particular label. These groups of
parameters are referred to as configurations. As many as 10 configurations may be
entered and saved in the current implementation. The operator may re-configure the
instrument simply by calling up one of the previously stored configurations.
The status displays provide a constant read out of the signal level and SNR estimates for
all incoming signals. Other diagnostic displays are provided to help verify proper
operation and calibration of each of the signal evaluator modules.
The programmable narrowband filters in the signal evaluator modules allows for special
diagnostic mode which simulates the action of a spectrum analyzer. The narrowband filter
is swept across the entire frequency band and the signal strength is plotted on the display
screen. This diagnostic mode aids in setting up parameters for new signal formats.
HARDWARE IMPLEMENTATION
The general hardware architecture used to implement the BSS system is shown in
Figure 1. The three main building blocks of the system are the Signal Evaluator modules,
the Signal Output module, and the Control Computer. The Control Computer
communicates with the signal modules over a common digital control bus. Signal modules

also send analog signals between themselves over a special common analog signal bus.
This structure allows for a variety of new types of signal processing modules to be
developed and incorporated into the system without modifying the existing hardware. For
example, a PCM jitter evaluation module could be developed and easily incorporated into
the system. Also the capability to provide multiple independent signal outputs could easily
be provided.
Signal Evaluator Module
The BSS system requires one signal evaluator module for each signal to be processed.
The current chassis implementation allows for up to 16 of these modules. Each of these
will accept and evaluate a single telemetry video signal. The internal functions of this
module is shown in the block diagram of Figure 2. The input signal is buffered and then
fed to three separate circuits. The first circuit estimates the total (wideband) signal energy.
This is converted to digital form and made available on the digital control bus. Next the
signal is filtered by a programmable narrowband filter. The energy in the output of this
filtered signal is also digitized and made available on the control bus. The narrowband
filter is programmable over a range of 10KHz to 2 MHz by a set of control registers
accessible from the digital control bus. The final circuit that receives the video signal is the
output switch which can direct the signal to the analog signal bus for output via the
Output Module.
Note that the Signal Evaluator Modules all operate in parallel. This allows a response time
of no more than 10 ms to detect a change in the incoming signals. This, however,
complicates the calibration procedure. Extensive automatic software calibration
procedures keep all of the modules properly aligned.
Output Module
This module provides the required buffering to drive the signal output. Only one output
module is required. It receives the best signal from one of the Signal Evaluator Modules
as selected by the control computer and outputs it via a low impedance driver. A block
diagram of the Output module is shown in Figure 3. The output module also contains a
programmable test signal generator which is used to automatically calibrate the Signal
Evaluator Modules.
Control Computer
The control computer block diagram is shown in Figure 4. The control computer is based
on the IBM PC bus and includes an 8086 CPU with 256KB RAM, 512KB ROM, and
2KB NVRAM. The user interface is implemented by a 512x256 pixel E.L. graphics

display and 22 keys arranged as a 4x4 key pad and 6 special function keys. An RS-232
port is also provided for communication with a terminal, printer or other computer. Most
all of the elements of the control computer are built up from “off-the-shelf”, IBM PC
compatible function cards. In this way, other features such as IEEE 488, expanded RAM,
or a hard disk may be easily integrated into the system.
SOFTWARE IMPLEMENTATION
The software to drive the BSS system is divided into two sections, the foreground and
the background. The foreground section of the software is written predominately in
FORTRAN and is responsible for the following functions:
1) Interacting with operator by updating displays, menus, and reading keyboard.
2) Keeping track of system parameters, storing and editing configuration information.
3) Diagnostics and calibration procedures.
4) Maintaining contact with external devices such as a printer or terminal.
The background routine is written entirely in assembly language. Every 10ms a system
timer generates an interrupt which starts execution of the background routines. The
background routine must then perform the following functions:
1) Scan all active signal evaulators and collect raw data.
2) Apply calibration correction factors to adjust raw data.
3) Calculate SNR for each channel and select best source.
4) Direct the best signal to the output module.
5) Make SNR data available to the foreground FORTRAN routine for display and
output.
The foreground and background routines communicate by a set of common arrays
containing data items and semaphores.

CONCLUSION
A microprocessor based instrument for analyzing and selecting the best telemetry source
from a set of redundant signals has been presented. The system performs an SNR
estimate on up to 16 signals at once by comparing total signal energy with an empty
channel noise measurement. The system performs full parallel measurement to achieve a
10 ms response time. All parameters for the signal analysis are user programmable. The
hardware and software architecture allows for easy expansion and modification as new
features are required.
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FIGURE 4. CONTROL COMPUTER BLOCK DIAGRAM
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ABSTRACT
A new least squares algorithm is proposed and investigated for fast frequency and phase
acquisition of sinusoids in the presence of noise. This algorithm is a special case of more
general adaptive parameter estimation techniques. The advantages of the algorithms are
their conceptual simplicity, flexibility and applicability to general situations. For example,
the frequency to be acquired can be time varying, and the noise can be non-gaussian, nonstationary and colored.
As the proposed algorithm can be made recursive in the number of observations, it is not
necessary to have a-priori knowledge of the received signal-to-noise ratio or to specify the
measurement time. This would be required for batch processing techniques, such as the
Fast Fourier Transform (FFT). The proposed algorithm improves the frequency estimate
on a recursive basis as more and more observations are obtained. When the algorithm is
applied in real time, it has the extra advantage that the observations need not be stored.
The algorithm also yields a real time confidence measure as to the accuracy of the
estimator.
1. INTRODUCTION
The problem of estimating the parameters of a sinusoidal signal has received considerable
attention in the literature, see for example references (1-7) and their references. Such a
problem arises in diverse engineering situations such as carrier tracking for
communications systems, and the measurement of Doppler in position location,
navigation and radar systems.
A variety of techniques have been proposed in the literature to solve such problems
including, to mention a few, the application of the Fast Fourier Transform (FFT) as in
(1,2), one and two-dimensional Kalman filters based on a linearized model (5), a modified

extended Kalman filter that results in a phase locked loop (6), or a digital phase locked
loop derived on the basis of linear stochastic optimization (7).
The fact that there are so many different techniques to solve the problem indicates the
importance of the problem. This however, also implies that there is no single technique
superior to all others in all possible situations and/or with respect to different criteria such
as computational complexity, statistical efficiency etc.
In this paper we propose the application of the least squares parameter estimation
technique to the estimation of an unknown frequency. The least squares algorithm has
been extensively studied in the literature in terms of convergence, computational
requirements etc. (8,9), and has found varied applications in a wide variety of
communication and signal processing problems. This is due to the relative simplicity of
the least squares algorithm and its attractive convergence rates. In (9) for example, it has
been shown that the algorithm exhibits an initial factorial convergence rate followed by
exponential convergence. Such a convergence is very desirable in almost all estimation
situations including the one under consideration.
When the least squares (LS) algorithm is implemented via the fast algorithm of (10), the
computational requirements of the algorithm compare favorably to the FFT algorithm.
The least squares algorithm offers, in addition to the above discussed rapid initial
convergence, several other desirable features. First, the least squares algorithm provides
final estimates of frequency, whereas FFT estimation requires use of a secondary
algorithm to interpolate between frequencies. Secondly, using an exponentially weighted
least squares algorithm, it is possible to track a time varying frequency. We compare the
least squares algorithm to the FFT since the latter is “close” to the optimum in terms of
the statistical efficiency (1).
In Section 2 we present the signal model followed by the least squares algorithm in
Section 3. Section 4 analyzes the estimation error of the algorithm. In Sections 5 and 6 a
few examples of the application of the algorithm are presented. The last section of the
paper contains some concluding remarks.
2. THE SIGNAL MODEL
Consider the problem of estimating an unknown frequency wd from the measurements
yk, zk below
yk = A Sin(Tdtk+N) + nik
; k = 1,2 ....
(1)
zk = A Cos(Tdtk+N + nqk

Here (yk,zk) represent the samples of the in-phase and quadrature components of a
received signal s(t) obtained by demodulating s(t) by a carrier reference signal r(t) and its
90E phase shifted version respectively, i.e.,
s(t) = A Sin(T0t+N0) + n(t)
r(t) = 2 Sin(Tct+Nc) ; N = N0 - Nc, Td = To -Tc

(2)

with nik and nqk denoting the quadrature components of white noise n(t) with variance F2.
The algorithm can be easily extended to the case where n(t) is a colored noise.
The measurement equations can be written in alternative forms as follows:
yk = A Sin(Tdtk)CosN + A Cos(Tdtk) SinN + nik
zk = A Cos(Tdtk)CosN !A Cos(Tdtk) SinN + nqk

(3)

or, with a power series expansion for the sine and cosine functions;

(4)
In the above approximation the terms of the order (Tdtk)n/n! and smaller order have been
ignored. (Assuming here that Tdtk < n). With obvious definitions, the measurement
equation can be written in a form “linear in parameters.”
Zk = 2'xk + nk

(5)

In the above, denotes transpose, Z'k = [yk zk], n'k = [nik nqk], x'k denotes the observable
state vector (1 tk tk2 ... tkn-1] and 2' is the unknown parameter matrix. A standard least
square algorithm can be applied to estimate the unknown parameter matrix 2' from the
sequence of noisy observations Zk, k = 1,2...,N.

3. PARAMETER ESTIMATION VIA LEAST SQUARES
The parameter matrix 2' can be estimated by either a recursive or non-recursive form. We
consider in this paper the non-recursive form. The estimate of 2 on the basis of
measurement Zk, k = 1,2...,N, denoted 2^ N, is given by

(6)
where 0 < 8 # 1 is the exponential data weighting factor. One may refer to References
(8,11), for example, for an equivalent recursive update of 2^ N. From 2^ N, the estimates of A,
Td and N can be obtained.
Computational Requirements
The algorithm (6) requires an inverse of a symmetric (nxn) matrix once, requiring order n2
computations. It may appear that the computation of each xjxj' term requires n2
computations. However, detailed examination shows that only 2n computations are
required. Thus, the total number of computations is equal to 6nN + 0(n2). In practice, the
matrix inverse can be precomputed, thus reducing the data dependent computations to
only
Fast Implementation of Least Squares Algorithm

The matrix

in (6) has a very special structure as can be

easily seen by explicit computation of the term xjxj' of the summand. Thus,

(7)

Each of the matrices xjxj' and P-1 is a Hankel matrix. That is, all the elements of each
cross-diagonal are the same. The structure of a Hankel matrix is very similar to that of a
Toeplitz matrix wherein the elements along the various subdiagonals are equal. The fast
algorithm of Reference (10) for the solution of Toeplitz system of equations can be
slightly modified so as to become applicable to the present problem. Thus, (6) can be
solved in order n(log2n)2 computations, resulting in considerable reduction in the
requirement for large values of n.
If the matrix inverse is precomputed, then with the algorithmic properties of (10), the
solution for 2^ N can be obtained in approximately 6nlog2n operations. In the
implementations above, it is sufficient to store only the first row and column of P or P-1
Baseband Sampling
In this case only the measurements {yk} are available and the parameter matrix 2' is of
dimension nxl. In such an implementation, however, there may result an ambiguity of B
radians in the phase estimate if the sign of Td is also unknown.
4. ESTIMATION ERROR ANALYSIS
Assuming that the model (5) is exact (the dimension n of the parameter matrix in (4) is
sufficiently high), then the substitution of (5) in (6) yields,

(8)

A simple manipulation of (8) yields the estimation error

as

(9)

As the state vector xj is deterministic, and nj is a zero mean process, 2̃N has its mean
equal to zero. The error covariance matrix 2̃N can also be evaluated in a straight-forward
manner. Post multiplying (9) by the transpose of 2̃N, and taking expected values of both
sides,

(10)
Considering the case of 8 = 1 and recalling that {nj} is a white noise sequence,
(11)

Frequency Estimation Error
A simple approximate expression can also be obtained for the frequency estimation error
when the amplitude A is known and uniform sampling is used. The frequency estimate äd
can be obtained as

(12)

When the amplitude A is also unknown, it can be replaced by its estimate given by,

(13)
In the above expressions, 2̂Ni ,j denotes the (i,j)th element of the parameter matrix 2N. The
error variance of these elements of interest is given by

(14)

where K approaches a constant with the increase in the numbers of observations N.

For relatively small errors, the frequency estimation error T̃d,N = Td- T̃d,N N has variance
approximately

. For the case of uniform sampling tj = jTs where Ts

the sampling period. Substituting for tj and letting T = N Ts denote the observation period
(15)

In terms of the unsampled system, if the additive noise process has one-sided noise
spectral density No, then F2 = 2No/Ts. Thus,
(16)
where P = A2/2 is the received signal power and K has value approximately equal to 4 for
low values of n. This is the same mean square error as for Maximum Likelihood
estimation in References (1; 12 Equation 8.116).
We note here that in the derivation of (16), the approximation error in (5) has been
ignored. It is difficult to estimate the error due to such finite approximation. However,
from a few computer simulations, it appears that for n > TdT = (TdTs)N, such error is
small.
5. EXAMPLES OF APPLICATION TO THE DEEP SPACE NETWORK (DSN)
RECEIVER
To keep the dimension n of the parameter matrix small, the following estimation method is
proposed. Dividing both sides of equation (16) by S2, where S denotes the maximum
possible value of Td, and substituting T = n/S, one obtains
(17)

Selecting a value of 1/36 for the left hand side of the above equations allows one to
express the maximum frequency uncertainty that can be resolved by the algorithm as a
function of n. Thus
(18)

The rationale for selecting the value of 1/36 for

, is as follows. Since the

additive noise has Gaussian distribution, one may assume that the frequency estimation
error has Gaussian distribution with its standard deviation denoted by
. The above
selection thus ensures that 3
< S/2
Example 1
For reception of Voyager II signals at Deep Space Station (DSS 13), a typical carrier
power-to-noise spectral density ratio is 24.4 dB-Hz. Let n=8, and S = 652 rad/s. After an
initial estimation period of T = nS-1, the receiver NCO frequency is adjusted by äd. Thus,
with an initial adjustment after T = 12.2 ms the frequency offset is reduced to T̃d with
F = 108.6 rad/s (17.4 Hz). Application of the algorithm for a subsequent period of
24.4 ms reduces the standard deviation to 6 Hz. In this manner, four applications of the
algorithm bring down the standard deviation of the frequency offset to less than 0.7 Hz in
a total time of 183 ms, from an initial frequency offset of 104 Hz.
Example 2
If the initial uncertainty is only 20 Hz, then with a lower value of n equal to 5, after an
estimation period of T = 40 ms,
= 18.4 rad/s (2.94 Hz). A frequency correction at
the end of this period and an estimation of the residual frequency offset for a period of
160 ms reduces a
to 0.36 Hz
. Thus with n = 5, the frequency
uncertainty is reduced to

= 0.36 Hz in a total estimation period of 0.2 s.

In an alternative approach to keep the value of n fixed and small with an increase in the
total observation period, instead of resetting the frequency reference (making correction in
the NCO frequency), the time reference is reset to zero. Subsequent observations in (1)
are now with respect to a different phase-reference, say N) . The application of the least
squares algorithm to this set of observations then provides an estimate for N) denoted N)^ T
this stage the observations in the second Ts interval are processed to have a phase
reference N^ and are then combined with the first set of observations. Equivalently, it is
required to post multiply the second sum on the right hand side of (6), obtained for the
second subinterval of Ts, b the following matrix

and add the result to the corresponding sum for the first Ts interval. The first sum on the
right hand side of (6) is simply multiplied by a factor of 2. This procedure is extended in
an appropriate manner to subsequent intervals, so as to obtain a final estimate for Td, and
N based on the complete set of observations.
6. SIMULATIONS
Figures 1 through 4 present the frequency estimates obtained by the least squares
algorithm. To avoid singularity of the matrix P-1, it was modified by the addition of a
diagonal matrix ,I with , = .001. For convenience, the unknown frequency Td is taken to
be 1 rad/s. From the simulations it is apparent that the frequency estimate comes close to
the true frequency in a time equal to a fraction of the time period of the unknown
frequency. To keep the computational burden of the simulations to a minimum, the
dimension n was restricted to a small value and the observation period was also restricted
to small value.
For frequencies much higher than one, the least squares algorithm (6) was slightly
modified. Thus, as S denotes an upper bound on the magnitude of unknown frequency,
we define a normalized parameter matrix 2) by 2) i,j = 2i.j/S(i-1) ; i = 1,...,n; j = 1,2. Defining a
corresponding state vector x) k by

(19)

the measurement equation (3) may be rewritten as
Zk = 2) 'x) k + nk

(20)

and the least squares algorithm can now be applied to estimate 2) . The estimates of the
elements of 2̂ are then obtained as 2̂i,j = S(i-1)%2ˆ i,j . Such a transformation leaves the
previous error analysis invariant. However, for finite dimensional approximation
considered here, this makes the algorithm numerically more robust. The simulations for

Td = 10 and Td = 100 are precisely the same as in Figures 1 through 4 with appropriate
changes in scaling and are not presented separately.
In Figures 1 through 4, R and > represent the first and second row of the parameter matrix
respectively. Thus in baseband sampling only the R vector is estimated while in
quadrature sampling, the estimates of both R and > parameter vectors are available. From
the figures it is apparent that the dimension n of the state vector xk in the model (5) is
approximately equal to TdT where T is the observation interval. Due to over
parameterization involved in the problem, there is considerable amount of flexibility in the
estimation of A, Td, N from the estimates of the elements of 2. Thus, whereas in Figures 1
and 2, the amplitude A is assumed known, Figures 3 and 4 involve unknown A. Different
order of computation can provide estimate of A when baseband sampling is used. Here,
we have reported results only for the frequency estimates, the phase estimates also
converge at a fast convergence rate.
7. COMPARISON WITH FFT TECHNIQUES
An alternative technique for the fast frequency acquisition is via fast Fourier transform of
sampled data. We observe that for the case of infinite observation time, both procedures
are optimum and thus are equivalent. However, for finite observation period T, the FFT
has the limitation that the frequency estimates are quantized to intervals of 1/T Hz. In the
finite dimensional approximation of the LS algorithm this is not the case and sufficiently
accurate estimates can be obtained by choosing n sufficiently large (finer sampling) even
for low values of T.
The price for such an improvement is increased computational requirements which is of
order nlog2n (though higher than for FFT) if the matrix P is precomputed and is of order
n logn logn if P must be computed on line. With the application of fast algorithms, the
storage requirement of P is only 2n (not n2/2).
Also, note that the computational requirements here are dominantly decided by TdT and
not by the number of samples as is the case with FFT.
It may also be mentioned that with the FFT algorithm there also exists a finite probability
of the occurrence of an outlier (1) and this causes a component of the frequency
estimation error with a uniform probability density function over the complete frequency
range of the FFT algorithm. As against this, the frequency estimation error with LS
algorithm has a Gaussian distribution.

8. CONCLUSION
The paper has presented a fast algorithm based on the least squares parameter estimation
technique. In (9) it is shown that the least square algorithm exhibits a convergence phase
wherein the convergence rate is factorial (the estimation error goes to 0 as 1/k! where k is
the number of observations) followed by an exponential convergence rate. Our
simulations also exhibit the same rapid initial convergence rates. Here of course, the
estimation error does not approach zero because of a finite and low dimensional
truncation of the model. From another viewpoint the algorithm may be perceived as a time
domain dual of the FFT algorithm. Whereas the FFT algorithm transforms the data into
frequency domain for the estimation/detection purpose, here the estimation is done
directly in the time domain. This latter approach has several advantages. First by choosing
8 < 1, it is possible to track time varying frequency by recursive update techniques (8).
Moreover unlike the case of FFT algorithm, the frequency estimates are not quantized to
intervals of 1/T Hz, which could be large for small observation interval T. The price for
these desirable features is in terms of increased computational requirement which in fast
implementation of the algorithm could be of order nlogn or n log n log n (depending upon
the specific implementations), where n is approximately equal to TdT, the product of the
frequency uncertainty and the observation period.
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ABSTRACT
A high-performance dual S/X-band telemetry tracking and receiving system has been
developed to provide a low-cost earth station for receiving high-resolution data from
current and future LANDSAT/Spot polar orbiting satellites. The antenna system consists
of a dual S/X-band telemetry tracking feed in a Cassegrain configuration with a 10-meter
parabolic reflector designed for 100 mph wind loading and 10 deg/sec2 accelerations. The
antenna system is mounted to a newly-developed elevation-over-azimuth tracking
pedestal, which incorporates the latest technology in a dual brushless d.c. servo motor
torque-biased drive train for each axis. This drive train provides an exceptionally wide
dynamic range in trlcking velocities for very slow horizon tracking and very fast velocities
for near-overhead passes. A microprocessor-based servo control system using the latest
state variables feedback and adaptive control techniques is used to provide accurate
tracking for both slow and fast rates. A 15-km satellite pass distance from overhead is
used as a control system design criterion. For the narrow beamwidth X-band track this
requires an acceleration error of less than 0.100 degree and an acceleration error constant
of at least 90 sec-2. The requirement for a high-performance servo system with the low
structural resonances of a large antenna constitutes a difficult stability problem.
INTRODUCTION
Previous LANDSAT polar-orbiting satellites provided nominal resolution earth-scene data
on L- and/or S-band downlinks. Medium diameter and medium performance tracking
pedestals were adequate to track and recover data from these older satellites. However,
the newer satellites, such as LANDSAT D and Spot, provide high-resolution data on
X-band downlinks. Larger antennas on the order of ten meters in diameter and high-

performance tracking pedestals are required to track and recover data from these newer
satellites. The larger size antenna is required for additional gain, and the resulting narrower
beamwidth requires tighter tracking, ie, less off boresight tracking error. Therefore, many
of the older LANDSAT receiving stations must be replaced to receive the new highresolution data.
The LANDSAT S- and X-band receiving system recently developed (shown in Figure 1),
includes a monopulse antenna system, an elevation-over-azimuth autotracking pedestal
system, S- and X-band receiving equipment, a microprocessor-based control system, and
a high-density tape recording system. Automated built-in test equipment is provided along
with an S-band and X-band test target for systems testing and boresighting. The antenna
and receiving systems are provided with a sufficient G/T for reliable reception of both
S- and X-band LANDSAT and Spot satellite downlinks. The antenna consists of a
10-meter diameter reflector with a dual-frequency Cassegrain feed and subreflector
assembly. Simultaneous reception of both S- and X-band downlinks is provided with this
system. The antenna and pedestal are designed for survival in 100 mph winds and reliable
satellite tracking in winds up to 40 mph. The microprocessor-based pedestal control
system offers various selectable control modes including autotrack, manual position
command, manual rate command, programmed acquisition mode, and programmed
overhead drive mode. The system can be left unattended for automatic acquisition, track,
and data reception. Automatic boresighting and systems testing can also be performed
without operator intervention.
SYSTEM DESIGN AND PERFORMANCE
The system has been designed to track orbiting satellites at either S- or X-band and
simultaneously receives data on both bands. Uninterrupted zenith reception in addition to
automatic tracking acquisition is provided by microprocessor control of the antenna
system.
The system receives and demodulates the data from three RF downlinks; ie, 2287.5 MHz
S-band (RT), 2265.5 MHz S-band (MSS), and 8212.4 MHz.X-band (MSS, TM). These
data are made available to a separate LANDSAT data processsing system for reduction
into the final output form. The system block diagram is presented in Figure 2. The rf
signals are preamplified and downconverted in the single-channel-monopulse antenna
tracking feed. A separate tracking receiver located in the pedestal is used to detect the
tracking error signals for the autotracking control system.
A microprocessor tracking control unit in the pedestal is used to control the elevation and
azimuth axis servo drives. The console equipment includes both S- and X-band rf
distribution and receiving systems. A console-located microprocessor pedestal control

unit communicates control commands to the pedestal tracking control unit and also
controls various peripheral console equipment.
The major design and performance characteristics of the system are presented in Table 1.
A remotely-controlled dual S- and X-band test target is provided for automatic antenna
boresighting and systems testing.
ANTENNA SYSTEM
The Cassegrain antenna system consists of a 10-meter paraboloidal reflector, a 1.2-meter
diameter hyperboloidal subreflector, and a dual-band vertex-mounted singe-channelmonopulse tracking feed, as shown in Figure 3.
The S- and X-band telemetry and tracking feed block diagram is presented in Figure 4.
The antenna gain at the comparator outputs is approximately 44.4 dBi for S-band
(2.25 GHz) and 55.5 dBi for X-band (8.213 GHz). The antenna noise temperatures are
estimated as 87.61EK for the S-band and 93.92EK for the X-band telemetry channels, and
162.2EK for the S-band and 191.7EK for the X-band tracking channels. Figure 5
illustrates the method used to calculate the X-band noise temperatures.
The reflector assembly consists of a reflector hub, 24 radial trusses and surface panels,
104 interchangeable intercostals, and required hardware. The reflector hub is 6 feet in
diameter and 3 feet deep. It is fabricated as a reinforced aluminum cylinder with top and
bottom flanges to interface with the radial trusses. Eight mounting pads on a 74.5-inch
diameter bolt circle interface with the antenna support structure.
Twenty-four radial trusses are provided. The trusses attach to the top and bottom flange
of the central hub and are interconnected by intercostal members to form an extremely
rigid space frame. They provide support locations for the reflector surface panels,
subreflector support spars, and locations for lifting the reflector during installation. The
reflector surface consists of 24 pie-shaped panels that are fabricated on a precision
production mold. Panel frames are constructed of aluminum extrusions with solid
aluminum sheet reflecting surfaces which conform to the parabolic shape and attach to the
frame with stainless rivets.
The feed assembly as indicated in Figure 6, consists of a 5-horn X-band cluster
surrounded by a 4-horn S-band cluster. Monopulse comparators are used to form the
aximuth and elevation difference channels for both bands. To obtain circular polarization,
stepped-sceptum polarizers are used. These techniques are less lossy than dielectric vane
polarizers and are thus preferred.

The S-band tracking feed consists of four diagonal horns in a diamond array
configuration. They are of a pyramidal structure tapering to a square wave guide. Each
diagonal horn aperture is truncated at two corners to make room for the X-band array and
to provide a symmetrical response. This configuration reduces coupling between the
S- and X-band apertures. The resulting isolation is greater than 50 dB. Waveguides
transfer the signals to a monopulse comparator. The outputs of the comparator are the
sum signal and the two difference (elevation and azimuth error) signals. The two
difference outputs of the comparator are fed into a monopulse converter. Diodes are used
for switching between channels. The output of the monopulse converter is amplified by a
low-noise GaAs FET solid-state amplifier (LNA). The sum output is also amplified by a
LNA. This output is divided into two equal parts in a power divider. One part is fed
directly to the data channel downconverter. The other part is coupled to the amplified
difference signal with phase correction. This creates the tracking segment of the sum
channel. The S-band feed components, except the horns and polarizers, are located inside
the hub.
A fixed-frequency downconverter located in the antenna hub converts the entire 2200 to
2300 MHz S-band to a 230 to 330 MHz intermediate frequency (IF). The downconverter
preselection is a 100 MHz bandwidth filter centered at 2250 MHz and tailored for flatgroup delay across the band. The input signal is mixed with the 1970 MHz local oscillator
signal generated by a fixed-frequency microwave cavity oscillator phase-locked to a lownoise crystal oscillator. The output of the mixer is amplified by a wide-bandwidth, flatgroup delay amplifier capable of driving in excess of 250 meters of coaxial cable.
Isolators are used throughout the assembly to ensure good impedance matching between
critical components. The downconverted S-band data signal is routed through low-loss
coaxial cable to the control center where it is distributed via the rf distribution unit.
The X-band feed subassembly consists of an array of five circular horns, a sum horn, and
4 difference horns with dielectric lenses. The sum channel is amplified by a LNA and
divided into two equal parts in a waveguide power divider. The data channel output
passes directly to the data downconverter. A waveguide monopulse comparator mates
with the four difference horns to form the )AZ and )EL error difference signals. The two
difference signals pass through coaxial cable into a monopulse converter. This converter
is a solid-state device which uses the scan commands from the tracking control unit
(TCU) to commutate the rf tracking error signals. The modulated output is amplified by a
LNA which passes through a waveguide phase-shifter and couples the tracking data to the
sum signal by means of a directional coupler. The X-band feed block diagram is shown in
Figure 7.
Two X-band downconverters for the data and tracking channels are located in the antenna
hub. The data downconverter converts the LANDSAT 8.2125 GHz telemetry to a 375

MHz IF using a local oscillator frequency of 7.8375 GHz. It can also convert the Spot
8.253 GHz telemetry to a 375 MHz IF, using a switch-selectable 7.878 GHz local
oscillator. Downconverted X-band data signals are routed via low-loss coaxial cable to
the rf distribution unit located in the control center.
The entire S- and X-band feed assembly, along with associated waveguide, and rf
electronics are housed in a weather tight aluminum cone which is bolted to the antenna
hub. The hubcone assembly is pressure sealed by the radome and pressurized to 0.5 psig
with dry nitrogen. A relief valve is provided at the top of the feed cone to allow purging
the feed.
RECEIVER SYSTEM
The receiver system block diagram is shown in Figure 8. Both the S- and X-band
receiving systems consist of the antenna system, preamplifier, power divider,
downconverter, cable run, second power divider, isolation amplifier, and data and
tracking receivers.
The tracking receiver located in the pedestal is a single-conversion superheterodyne
P- band (250-320 MHz) type as indicated in Figure 9. Tuning and auto search are
accomplished using a synthesized oscillator which is controlled by the microprocessor.
Receiver outputs consist of signal strength, tuning, and AM tracking signals which are
monitored by the TCU. The TCU passes the information to the Control Center and
controls the receiver based on commands from the Control Center.
The downconverted S- and X-band telemetry signals, once routed through coaxial cable
to the equipment room, are distributed via the rf distribution unit. The front panel of the
distribution unit provides receiver inputs, and distribution amplifier inputs and outputs.
Small quick-connect coaxial patch cables provide a compact and neat, but complete and
functional, patch facility.
Two standard Microdyne Receivers with required plug-in modules are used as the S-band
receivers and demodulators. These receivers take the S-band downconverted data and
telemetry signals, detect and demodulate the PSK encoded data, and send it to the bit
synchronizers. One system is used for the MSS data; the other provides the Real-time
Telemetry Data (RT) which is used in processing MSS data. The MSS data and RT
signals are routed from the receivers to two standard bit synchronizers. They lock onto
the data stream, reforming a stable bit pattern and generating a synchronous clock signal.
These data and clock signals are buffered and made available at the data distribution
panel.

A block diagram of the LANDSAT X-band Data Receiver/Demodulator is presented in
Figure 10. In the-demodulator portion, the IF signal plus noise is bandpass filtered, AGC
amplified, and then routed to the demodulator. A voltage-controlled oscillator and
multiplier assembly provides a 0E and 90E phase local oscillator signal to the
demodulator. It is phase-locked to the incident IF. In the demodulator, in-phase and
quadrature demodulation occurs. The noisy baseband outputs are the inputs to the 84.903
Mbps signal conditioner, signal plus noise is optimally filtered and then state estimated.
The matched filter output is also routed to the bit synchronizer where an even order
nonlinearity produces a bit rate spectral component. A phase-lock loop is locked to this
spectral component with the VCO output being both an external output and control for
state estimation in the signal conditioner. On the Q channel, similar processing occurs
with the 15.062 Mbps data stream plus noise.
In the input processor, the IF signal plus noise is wideband bandpass filtered to eliminate
spurious signals and then variable gain amplified. The envelope detection for automatic
gain control is accomplished in the carrier regeneration circuitry where filtering is narrower
and thus signal-to-noise higher. Noncoherent AGC makes output level independent of
phase noise. The variable gain amplifier output is power divided and sent to the carrier
regeneration circuitry and to the coherent demodulator.
In the demodulator, the IF S + N from the input processor is power divided and routed to
the phase detectors. The L ports of these detectors are driven by quadrature components
from the local oscillator (LO). The LO reference input is split into quadrature components
by a quadrature hybrid. The hybrid outputs drive the phase detector L ports. Both the I
and Q baseband outputs are filtered by constant resistance low-pass filters to remove sum
frequencies and LO feedthrough. The I output connects to the 84.903 Mbps bit
synchronizer while the Q output connects to the 15.062 Mbps bit synchronizer.
The bit synchronizer baseband S + N input is optimally filtered by the matched filter
which is sliding integral approximation. The outputs y(t) of the matched filter are the input
to the decision unit and also to phase-lock loop. In the decision unit, a comparison to a
reference level at the end of each period and a state estimate, for each bit is made. The
timing for the decision unit is provided by the synchronizer portion of the bit sync. The
phase-locked loop is filtered to remove data variations. Outputs from the filter are routed
to the bit decision circuitry and to the differential decoder. Data from the bit decision
circuitry also goes to the differential decoder. The differential decoder resolves and
removes any remaining ambiguities in the data and clock signals.

PEDESTAL
An outline drawing of the LANDSAT Model 896 Autotracking Pedestal is shown in
Figure 11. This pedestal is a two-axis elevation-over-azimuth, servo motor gear-driven
pedestal, designed to support and control parabolic reflectors up to 12 meters in diameter
under high wind and drive acceleration conditions. It has been designed for stiffness and
high resonant frequencies which are necessary for autotracking applications. The dish and
pedestal are tightly coupled through the use of two large-diameter integral gears with
precision cross roller bearings mounted to the elevation turntable, which in turn, mounts
directly to a rigid antenna support structure. This structure provides the interface between
the pedestal and the antenna.
Major features of the pedestal are:
C Dual Torque-Biased brushless DC Servo Motor Drive Trains
C High-resolution Brushless Tachometers
C Machined Steel Billets for Gear Train Housings
C Eccentric Backlash Adjustments
C Large Cross Section Cross Roller Bearings
The drive trains provide high torque to inertia ratios, low weight, low maintenance, and an
exceptionally wide dynamic range for low-speed tracking over the horizon and high-speed
tracking during an overpass.
The pedestal is constructed of heavy-section steel weldments with continuous welds
inside and out to provide stiffness and seal the interior from water and dust. All
components inside the pedestal can be reached through large access doors which are
hinged for convenience. These doors may also be removed completely, if desired, to
permit work to be done. The elevation doors are equipped with gas springs which hold
the door up and out of the way of the operator when open.
Each axis is equipped with fail-safe electromechanical brakes and stow locks for
protection. The elevation stow lock is easily accessible from the ladder on the outside.
The azimuth stow lock is accessed from the inside of the pedestal. These stow locks are
used to prevent gear train damage when the dish is subjected to excessive high wind
loading.
Each axis is equipped with two brushless dc servo motors. These brushless motors have
an excellent field record and were chosen because of their ease of maintenance (no
brushes or slip rings to be replaced), and their superior performance over a large dynamic
range. The use of rare earth magnets in the motors gives a greater torque to inertia ratio
and faster accelerations than comparable dc servo motors. The unique stator design

virtually eliminates cogging or torque ripple thus allowing smooth tracking even at very
low speeds. Due to the absence of brushes in these motors, the top speed is substantially
higher than comparable dc servo motor top speeds; thus, allowing faster tracking speeds.
Each motor is equipped with electromechanical fail-safe brakes which have manual hand
release levers, a tachometer for rate loop damping of the servo loop, and hand cranking
provisions to allow movement of the dish during power failures.
A dual drive system is used in a torque bias configuration for each axis. The dual drive
includes two separate motors and gear boxes for each axis. Using a torque bias
configuration helps to eliminate backlash problems at low speeds. The gear boxes are
planetary-reduction gear assemblies. By using planetary gears, a very stiff gear train can
be packaged in a relatively small volume. Each planetary gear box drives directly on the
main drive gear. Using this arrangement, it is possible to get twice the torque capacity
from the same integral gear bearing as is possible with a single drive configuration. All
four motors in the pedestal are completely interchangeable as are many of the planetary
gear reducer parts between the azimuth and elevation axes, making them less expensive to
produce and maintain. The azimuth gear reduction ratio is 978:1 and the elevation gear
reduction ratio is 1676:1. Each motor is capable of providing 30 ft-lb of torque.
The pedestal velocity and acceleration rates are 26E/sec and 10E/sec2 for azimuth and
5E/sec and 10E/sec2 for elevation. These rates will be limited in manual operation modes
for operator and equipment safety reasons.
The azimuth turntable is supported by a 48-inch precision cross roller integral gear
bearing. The turntable has a 10-inch hole for cable runs or a rotary joint. The azimuth axis
is equipped with primary and secondary limit switches to provide protection to the cable
wrap along with software limits.
The elevation drive has two 36-inch precision cross roller integral gear bearings mounted
in a vertical position. These bearings are spaced 56 inches apart to allow room for cable
runs, electronics, motors, gear boxes, and encoders. A 10-inch hole is provided for cable
runs or a rotary joint. The elevation axis is equipped with primary and secondary limit
switches. The primary switches will provide a direction limit to the servo system, the
secondary switch will remove power from the servo system. In the event that the limit
switches would fail, the elevation axis is equipped with mechanical limits which will stop
rotation and prevent damage to the dish.
The antenna support structure or load arms is a weldment made of heavy steel plate which
closely couples the dish and counterweights to the pedestal providing an extremely stiff
interface so that the drive system stiffness is transmitted to the antenna. By closely

coupling the dish and pedestal, lower inertias are realized and minimum loads are induced
into the antenna support structure which degrades boresight accuracy under dynamic
conditions.
Position feedback for the pedestal is provided by absolute optical encoders. The azimuth
unit is a 16-turn 16-bit encoder which has an anti-backlash gear mounted to its shaft and is
driven directly by the azimuth output axis bull gear. The elevation encoder is a single turn
15-bit encoder which is mounted directly to an elevation turntable. The encoders provide
least significant bits of 0.0144 degree and 0.011 degree in the azimuth and elevation axes,
respectively.
Care has been taken throughout the pedestal to protect it from corrosion. The integral
gear bearings are plated with a thin dense chromium plating and are equipped with external
seals. All hardware is zinc or cadmium plated, and all steel surfaces are painted with twopart epoxy paint that stands up to weather well and does not stain when it comes in
contact with bearing grease.
An automatic pedestal tilt mechanism is provided for satellite tracks which come directly
overhead. Coordinate transformations are automated in the microprocessor control units
to correct the encoder angles for the off-vertical tilt angle.
The standard riser base is a 15-foot truncated cone with a 10-foot base diameter made of
rolled steel sections welded together. This riser provides an excellent base to mount the
pedestal on due to its stiffness and capability to house the electronics required for
tracking. A full-size door is provided in the base to easily access the electronics and the
azimuth pedestal housing. A swing-out ladder is provided inside the riser to allow access
to the pedestal azimuth unit. There is also a work platform provided which allows work to
be carried out comfortably on the azimuth drive system and electronics. A riser extension
section can be provided in the length required if there is a need to elevate the dish to a
height greater than the height given by the pedestal on the standard riser.
All servo power and electronics, along with power supplies for the feed, are housed in the
riser in enclosures which provide protection from moisture and dust. The electronics are
easily accessible for troubleshooting and repair. The feed pressurization bottle and
regulator are also housed in the riser for convenience and protection.
The pedestal and riser base are provided with environmental control. They can be
provided with heating and/or air conditioning which are automatically controlled. The
interior of the riser base is coated with a hard surface foam insulation to reduce heating or
cooling loads. The heating and cooling systems are closed systems. Each consists of two
separate units which act as backup for the other unit. An electromechanical timer

automatically switches power from one system to the other every 12 hours to wear the
units evenly. The switching also ensures that heating or cooling will occur every 12 hours
if one system becomes inoperative. The air conditioning system is controlled by
temperature and humidity. The humidity control ensures there will not be moisture buildup
on the electronics inside the riser base.
CONTROL SYSTEM
The LANDSAT tracking and pedestal control system provides various antenna
positioning control modes through microprocessor software programming selections.
Provisions are made for manual rate command, manual position command, automatic
acquisition scan modes, and various autotracking modes which include both Type 1 and
2 servo systems with various gains and servo bandwidths.
The autotrack servo control systems consists of a microprocessor servo control unit,
servo power amplifiers, dc servo motors, gear trains, a tachometer for each tracking axis,
and a single-channel-monopulse tracking feed and associated electronics used to generate
the tracking error signals.
The position command servo system utilizes the same servo system hardware
components as for the autotrack system with the replacement of the antenna pattern and rf
electronics error signals by the pedestal angle encoder feedback signals. The input
command angles can be selected by the operator at the console or can be a
preprogrammed set of acquisition scan angles generated by the microprocessor system
control unit.
The rate command system consists of the same basic servo component hardware with the
feedback signal generated by the the pedestal velocity measuring tachometers rather than
the encoders. In general, the rate command inputs will be generated by the operator at the
console by means of a joystick. Computer-generated rate commands will also be used as
required.
The Pedestal Control Unit, located in the control center, has a plasma display and
detached keyboard and is used to provide communications with the microprocessor
controller in the pedestal.
The major functions of the Pedestal Control Unit are:
C Provide pedestal status information to operator.
C Entry of orbital parameters.
C Calculate satellite position versus time.
C Send position information to Tracker Control Unit for satellite acquisition.

C Display system diagnostics information.
C Operator inputs for pedestal set-up.
A simplified block diagram of the autotracking control system is shown in Figure 12. The
performance of this system is far more critical than the other servo systems since the offboresight pointing error of the antenna must be maintained within 0.1 degree during all
periods of the autotrack; otherwise, a break in track will occur. The system is designed to
maintain autotrack for satellite passes as close as 15 km from directly overhead. The
timewise profiles of azimuth angle tracking for this 15 km overpass are shown in Figures
13 through 15. These profiles indicate that the antenna must be rapidly slewed in azimuth
angle by essentially 180E over the short time period of about 8 seconds. The maximum
velocity exceedes 25 deg/sec during the overpass and acceleration reaches about
8 deg/sec2 on both sides. To maintain autotrack during this period the acceleration error
coefficient must be greater than 90 sec-2.
CONTROL SYSTEM ANALYSIS
A mathematical model accounting for the compliance in the drive train connecting the
motors to the antenna load is derived from the resulting transfer functions and are
presented in the mathematical block diagram in Figure 16. The transfer function relating
the motor speed Wm to the motor torque Tm exhibits a pair of complex zeros, a pair of
complex poles and one real pole. The complex poles and zeros are a consequence of the
compliance in the drive shaft. The next two blocks represent the dynamic relationship
between the motor speed Wm and the antenna angular motion 2o.
The motor rate is sensed by a tachometer and feedback to form the rate loop stabilizing
the system. The position loop is completed by the rf sensing of the off-boresight angle
representing the position error signal e.
The controller consists of a proportional plus integral controller. The integral action is
added to provide a good tracking performance in the presence of fast changing tracking
command 2i. The controller is implemented in the microprocessor using a backward
difference approximation of the state-variable model of the controller. The rate feedback
is also implemented digitally through the microprocessor control unit. The resulting
actuating signal is finally converted to an analog form and represents the input to the
power amplifier.
The control system is required to achieve the basic performance requirements of a good
transient response and the ability to track the most severe tracking command with a log
error of less than about 0.1E. This must be achieved through a judicious selection of the

rate feedback gain KD (or KR = KAD KTG KD), the system forward gain, K, and the zero
location A. Presently, the classical root locus method is used to arrive at a suitable design.
Figure 17 shows the root locus plot for the rate feedback loop where KR represents the
variable gain. The choice of KR determines the closed-loop poles for the rate loop which
eventually appear as the open-loop poles for the position loop. A large value of KR would
result in close-loop poles for the rate loop well to the left of the imaginary axis, a desirable
feature in itself. However, the acceleration error constant for the overall system is given
by:

A large KR would thus reduce Ka, and hence, the ability to track a fast changing tracking
command. Its effect may be offset to some extent by increasing the gain, K, but this may
create problems in selecting suitable closed-loop poles for the overall system.
Consequently, a compromise value of KR = 20 was chosen which gave sufficiently
damped closed-loop poles for the rate loop as indicated in the figure.
The position loop exhibits different root locus patterns depending on the choice of the
controller zero location A. As seen from Eqn.( l ), smaller values of A would require
higher K values to obtain the same acceleration error constant.
Alternatively, a smaller value of A may be selected to permit the choice of K so as to yield
well damped (.•0.7) closed loop poles for the system. Simultaneously, the error constant
may be restored to the desired value through the use of a log compensator in cascade.
This approach was tried but failed to provide the required tracking for a 15 km pass.
Apparently, this is because the tracking command consists of a fast varying acceleration
and is thus much more severe than the classical constant acceleration input on which the
error constant Ka is based. However, a consideration of Ka would still provide some
guidance during the analytical design.
A higher value of A = 4 was then selected and the resulting root locus plot for the position
loop is shown in Figure 18. An error constant value of approximately Ka = 100 is
achieved with a gain K = 5 x 105 and results in the closed-loop poles indicated in the
figure. The dominant closed-loop poles exhibit a damping ratio .•0.23 and some
response from the real pole near the open-loop zero may be expected. This design was
found capable of tracking the 15 km miss distance quite well. It appears that a system
with a relatively lighter closed-loop damping ratio would track fast changing inputs with a
smaller log error.

SYSTEM SIMULATION AND RESPONSE
A computer program has been developed to simulate the performance of the autotrack
control system. The program utilizes a sixth order state variable model for the rate and
position loop dynamics, and integrates these numerically using a fourth order Runge-Kutta
algorithm. The controller is modeled by a difference equation representing the
microprocessor function and sampling effects. In addition to the linear model discussed
earlier, the simulation accounts for nonlinear effects such as amplifier saturation and
coulomb friction.
A typical response to a step input command of 0.1E, representing acquisition of the
satellite by the tracker, is shown in Figure 4. The response indicates a settling time of
approximately 1.5 sec. which appears adequate.
The tracking performance of the system was evaluated by providing the command input
shown in Figure 19 to the simulation program. The control system performance was
found quite satisfactory and resulted in the log error profile presented in Figure 20. As
anticipated, the azimuth angle logs the A accelerating input until the time of closest pass
and then leads it as the tracking input decelerates. The maximum tracking log error may be
further reduced by increasing the system gain, K. The simulation experience indicates that
a sampling rate of about 100 Hz is adequate for stable system behavior.
Present efforts are directed to a state variables design which includes current feedback
and optimizing algorithms to improve upon the performance reported herein.
The angular noise error or jitter in a single channel pseudo-monopulse system is primarily
a function of the carrier signal-to-noise ratio and the servo bandwidth. As the signal-tonoise ratio becomes poorer, or the servo bandwidth is widened, the tracking angle noise
errors increase. Fortunately, distant tracking produces low acceleration requirements for
which narrow servo bandwidths can be used. We are therefore considering a form of
adaptive control in which the system gain constants are changed with the rf carrier signalto-noise ratio to reduce the angular noise error (jitter) for distant tracking.
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TABLE 1. MAJOR SYSTEM CHARACTERISTICS AND PERFORMANCE
ANTENNA
TYPE:

DUAL FREQUENCY CASSEGRAIN
S-BAND

X-BAND

FREQUENCY (MHz)

2200-2300

8025-8400

CONFIGURATION

SINGLE-CHANNEL
MONOPULSE

SINGLE-CHANNEL
MONOPULSE

GAIN (dBi) NOMINAL

44.4

55.5

VSWR (MAX)

1.3:1

1.3:1

C/T (dB/EK)(5E ELEVATION)

21.0 AT 2.25 GHz

31.0 AT 8.213 GHz

BEAMWIDTH (NOMINAL)

0.93E

0.25E

POLARIZATION

RHC

RHC

AXIAL RATIO (dB MAX)

1.5

2.0

NULL DEPTH (dB BELOW SUM
PEAK, MIN)

25.0

25.0

FIRST SIDELOBE SUPPRESSION
(dB BELOW SUM PEAK, MIN)

21.0

21.0

SIZE

10-METER DIAMETER (32.8 FEET)

FOCAL LENGTH

3.81-METER (12.5 FEET)

F/D RATIO

0.381

SURFACE MATERIAL

ALUMINUM SHEET

SURFACE TOLERANCE

1.14 MM RMS (0.030 INCH)

SURFACE PANEL CAPS

3.175 MM MAXIMUM (0.125 INCH)

OPERATING WIND

64 KM/HR (40 MPH) FULL CAPABILITY

SURVIVAL WIND

160 KM/HR (100 MPH) WHEN IN ZENITH
MOUNTING POSITION

NATURAL RESONANT FREQUENCY

> 5 Hz

WEIGHT

2210 KILOGRAMS (4872 POUNDS)

PREAMPLIFIERS
NOISE FIGURE

0.9 dB 2.2 TO 2.3 GHz
1.6 dB 8.0 TO 8.4 GHz

GAIN

35 dB 2.2 TO 2.3 GHz
35 dB 8.0 TO 8.4 GHz

DOWNCONVERTERS
INPUT:
FREQUENCY
IMPEDANCE
NOISE FIGURE
IMAGE REJECTION
SPURIOUS REJECTION
VSWR

S-BAND
2200 TO 2300 MHz
50 OHM, COAXIAL
12 dB MAX
>60 dB
>80 dB
1.3:1 MAX

X-BAND
8.0 TO 8.4 GHz
50 OHM, COAXIAL
15 dB MAX
>60 dB
>80 dB
1.2:MAX

X-BAND TRACKING
8.2125 OR 8.253 GHz
50 OHM, COAXIAL
15 dB MAX
>60 dB
>80 dB
1.2:MAX

LOCAL OSCILLATOR:
FREQUENCY

1970 MHz

7.8275 HGz AND
7.878 GHz
5 x 10-6/OVER FULL
TEMP RANGE

7.9525 CHz

STABILITY

1 x 10-9/SEC
5 x 10-8/HOUR
5 X 10-6/OVER FULL
TEMP RANGE

PHASE NOISE

-120 dB/Hz @ 100
kHz OFFSET

-110 dB/Hz @ 100
kHz OFFSET

-110 dB @ 100 kHz
OFFSET

230 TO 330 MHz
50 OHM, COAXIAL
+10 dBm
30 dB NOMINAL

375 MHz
50 OHM, COAXIAL
+10 dBm
30 dB NOMINAL

260 OR 300.5 MHz
50 OHM, COAXIAL
+10 dBm
20 dB NOMINAL

OUTPUT:
FREQUENCY
IMPEDANCE
MAX OUTPUT LEVEL
RF TO IF GAIN

5 x 10-6/OVER FULL
TEMP RANGE

RECEIVERS
ELECTRICAL:
RECEIVER TYPE

DOUBLE SUPERHETERODYNE; 60 MHz FIRST IF;
10 MHz SECOND IF

FREQUENCY RANGE

285-410 MHz

INPUT IMPEDANCE

50 OHMS, UNBALANCED

NOISE FIGURE

8.0 dB MAX

VSWR

2:1 MAXIMUM

IMAGE REJECTION

60 dB MINIMUM

IF REJECTION

80 dB MINIMUM

SPURIOUS REJECTION

60 dB MINIMUM

SPURIOUS RADIATION

DESIGNED TO MEET OR EXCEED MIL-STD-461A AND
MIL-STD-826A

DYNAMIC RANGE

THRESHOLD TO -10 dBm (THRESHOLD IS DEFINED AS
6 dB SIGNAL-TO-NOISE RATIO IN THE SECOND IF
PASSBAND)

LO STABILITY:
VFO

±0.001% PER DEGREE C

CRYSTAL

±0.0005% (0E TO 50EC)

PM (APC) CHARACTERISTICS:
CONTROL RANGE

±250 kHz IN ADDITION TO SECOND LO FINE TUNE
RANGE

SEARCH RANGE

50 kHz TO GREATER THAN 500 kHz; APPROXIMATELY
SYMMETRICAL ABOUT SECOND LO FREQUENCY SET BY
FINE TUNE CONTROL. RANGE SET BY BANDWIDTH
CONTROL

PEDESTAL:
VELOCITY

AZ 26E/S EL 5E/S

ACCELERATION CAPABILITY

AZ 10E/S2 EL 10E/S2

RATED OUTPUT TORQUE

60,000 FT-LB

SINGLE MOTOR OUTPUT TORQUE

30,000 FT-LB

DRIVE TRAIN COMPLIANCE

4 x 10-8 RAD/FT-LB

AXIS ORTHOGONALITY

0.01 MAX

GEARING TYPE

PLANETARY

GEAR RATIO

AZ-978:1, EL-1676:1

DRIVE, AZIMUTH AND ELEVATION

DUAL BRUSHLESS DC SERVO MOTORS,
TORQUE-BIASED

AZIMUTH BEARING DIAMETER

48.0-INCH CROSSED ROLLER

MOTOR ARMATURE INERTIA AT
OUTPUT

AZ 3,268 FT-FT-S2 (ONE MOTOR)
EL 9,597 LF-ST-S2 (ONE MOTOR)

BRAKE ARMATURE AND GEARING
INERTIA AT OUTPUT

AZ 4,543 FB-FT-S2 (ONE MOTOR)
EL 13,342 LB-FT-S2 (ONE MOTOR)

TOTAL INTERNAL INERTIA
AT OUTPUT

AZ 15,622 LB-FT-S2 (TWO MOTORS)
EL 45,878 LB-FT-S2 (TWO MOTORS)

AZIMUTH BEARING OVERTURNING
MOMENT CAPACITY

400,000 FT-LB

APPROXIMATE EXTERNAL
INERTIA (10-M ANTENNA)

30,000 LB-FT-S2

BRAKE SIZE

AZ-QTY 2, 26 FT-LB
EL-QTY 2, 26 FT-LB

BRAKE TORQUE AT OUTPUT,
MINIMUM

50,856 FT-LB

LIMIT STOPS;
AZIMUTH

PRIMARY ELECTRICAL
SECONDARY ELECTRICAL

ELEVATION

PRIMARY ELECTRICAL
SECONDARY ELECTRICAL
MECHANICAL STOPS

AZIMUTH AXIS CLEARANCE HOLE

10-INCH DIAMETER

ELEVATION AXIS CLEARANCE HOLE

10-INCH DIAMETER

ENVIRONMENT

PEDESTAL AND RISER ARE FULLY SEALED AND CAN BE
HEATED OR COOLED TO PROVIDE OPERATION UNDER
ANY ATMOSPHERIC AND TEMPERATURE CONDITIONS

STOWING PROVISIONS

HANDCRANKS AND STOW LOCKS

STOW LOCK RATING

EL = 202,000 FT-LB
AZ = 102,000 FT-LB

EMERGENCY DISABLE SWITCH

QTY 3 RISER BASE
AZIMUTH DRIVE HOUSINC
ANTENNA TRUSSWORK

PEDESTAL WEIGHT

12,000 LB

SYSTEM WEIGHT

50,000 LB

X-BAND DEMODULATOR
INPUT SIGNAL:
CONNECTOR
LEVEL
IMPEDANCE
FREQUENCY

: N FEMALE
: -10 TO -50 dBm
: 50 OHMS
: 375 MHz ± 800 kHz

DATA 1 OUTPUT TM:
CONNECTOR
BIT RATE
LEVEL
LOAD

: BNC FEMALE
: 84.9 Mb/s
: ECL
: 50 OHMS AT -2 V

DATA 2 OUTPUT MSS:
CONNECTOR
BIT RATE
LEVEL
LOAD

: BNC FEMALE
: 15.06 Mb/s
: ECL
: 50 OHMS AT -2 V

CLOCK 1 OUTPUT TM CLK:
CONNECTOR
FREQUENCY
LEVEL
LOAD

: BNC FEMALE
: 84.9 MHz
: ECL
: 50 OHMS AT -2 V

CLOCK 2 OUTPUT MSS CLK:
CONNECTOR
FREQUENCY
LEVEL
LOAD

: J26 BNC FEMALE
: 15.06 MHz
: ECL
: 50 OHMS AT -2 V

GENERAL PERFORMANCE:
MODULATION
BIT RATE
BER DEGRADATION
ACQUISITION TIME
SEARCH RANGE

POWER SUPPLY AND CONSUMPTION:
CONNECTOR
AC VOLTAGE
FREQUENCY
CONSUMPTION

: UQPSK
: TM : 84.9 Mb/s
: MSS : 15.06 Mb/s
: LESS THAN 2 dB
: LESS THAN 300 ms
: ± 800 kHz, ± 200 kHz,
± 50 kHz, MANUAL

:
: 220 V OR 110 V ± 10%
: 47 TO 65 Hz
: 200 W

CONTROL SYSTEM
TYPE :

MICROPROCESSOR CONTROLLER

CONTROL MODES:

AUTOTRACK TYPE I
AUTOTRACK TYPE II
POSITION COMMAND
RATE COMMAND AUTO ACUISITION SCAN
PROGRAMMED COMMAND

AUTOTRACK TYPE II:
SERVO BANDWIDTH
DAMPING RATIO
ACCELERATION ERROR COEFFICIENT

APPENDIX A
State Variable Model Used in Simulation Program
The following system of state equations represents the dynamics of the continuous
plant:

Where

The discrete equations describing the microprocessor function are

where T

sampling period

The numerical values of the various parameters pertaining to the Landsat tracking
system used in the present analysis are:

SYNCHRONOUS-SATELLITE SERVICE FOR AERONAUTICAL
FLIGHT TESTING - AN INDIAN MODEL
A. MOHAN
DESIGN ENGINEER, FLIGHT TEST CENTRE
HINDUSTAN AERONAUTICS LTD.,
BANGALORE, INDIA

ABSTRACT
One of the fastest methods of flight testing prototype aircraft and other aerospace
vehicles is to use real-time tele-links. This method, has cutshort flight development cost,
time and effort considerably. However, there are certain shortcomings in this
methodology, such as, limited range, multipath effects, capability to test only one aircraft
at a time, using auto-track systems, limiting the scene of activity to one centre etc.
Opening other flight test centre in the country would mean duplication. With the daunting
prospect of flight testing supersonic fighter aircraft in the 90’s, it becomes necessary to
think of alternatives. This presentation describes a synchronous satellite system concept,
as a suitable alternative for the Indian environment. It is concluded that in the Indian
context, an operational system based on this concept is absolutely feasible and that a
follow-up system would be a Domestic MILSAT communication network that apart from
serving the flight test needs, meets the service requirements of other military aeronautical
agencies in India.
INTRODUCTION
Present day real-time telemetry system help reduce flight development cost and time
frame effectively. However, they are still dogged by problems such as (i) limited range (ii)
multipath interference etc. Remedial measures to overcome these shortcomings include
the installation of auto-track antennas, deployment of low-altitude relay aircraft etc. These
methods are however expensive in the long run and difficult to maintain. Also, an autotrack system can serve only one flying aircraft and, low altitude flying relay aircraft, while
extending the line-of-sight range is not a permanent solution. Moreover, all the above
mentioned improvements to present day real-time tele-links confine the scenario of flight
test activity to one geographical location.

With the rapid development taking place in the field of aircraft design, flight control
systems, materials technology and aircraft propulsion, futuristic aircraft are expected to be
highly maneuverable, fly at supersonic speeds and have 2 large radius of operation. To
combat these daunting requirements and still effectively conduct real-time flight tests, the
flight test engineer has to conceptualise and evolve alternate systems that are more
permanent and universal in nature.
Lebow, Jordan and Drouilet [1] conducted in the mid-60’s a series of
communication experiments to study the feasibility of data transmission between satellites
and aircraft. The study utilised the LES-3, LES-5 and LES-6 experimental satellites. The
PLACE experiments [2] [3] conducted with the ATS-F satellite also helped to throw light
on the application of satellite links to mobile Platforms. The experiments utilised the PBand. Meier, Woodford and Dutcher [4] [5] had proposed a North Atlantic Domestic
Satellite communication system for air-traffic control for the 80’s. However so far, no
complete operational system has been proposed for aeronautical flight test applications.
The reasons may be varied such as: (i) utility (2) cost (3) necessity and (4) operational
viability. With the dwindling cost of satellite technology the above restrictions seem to be
fast disappearing and hence, this proposition. The reasons for seeking such a solution are
not too far:
(i) With the tremendous developments taking place in satellite technology, ground
terminals are becoming cheaper vis-a-vis the cost of the more sophisticated satellite. The
“technology inversion” thus taking place, has overcome the limitations of on-board
power, weight, volume etc.
(ii) Communication between far flung areas and widely dispersed vehicles in space
and ground, mobile or stationary, has become a reality with the deployment of the
synchronous satellite.
The satellite system concept takes into account the above favourable factors. A
phase-wise programme-plan towards achieving this objective is indicated. The growth
potential areas are touched upon. In conclusion, it is emphasised that a model
communication network of this nature, catering initially the flight test needs, and serving
other military aeronautical agencies of India in future, is entirely feasible to implement.
SYSTEM CONCEPT
The Flight Instrumentation Satellite (FINSAT) system geometry is presented in
Fig.1.0. As the system is global in nature the following assumptions are made:

(i) All flying aircraft prototype or otherwise, undergoing tests are coherent with the
Master Flight Test Centre (MFTC).
(ii) Multiple aircrafts of different categories are being flight tested simultaneously, and
(iii) The origins of flights are not necessarily confined to one geographical region or
airfield.
Prior to the commencement of a test programme it is essential to ensure that all the
test aircraft are coherent with the MFTC. To achieve this objective, the MFTC generates a
pilot carrier signal at 6-GHz. This signal is picked up by the FINSAT Antenna/Receiver,
amplified, translated through a transponder and converted to a signal at 4 GHz. It is then
re-transmitted to all aircraft. The individual aircraft transponder/Receiver phaselock to this
4-GHz signal. All the aircraft are now coherent with the ground station. Information from
the various aircraft is then transmitted to the FINSAT. The FINSAT receives this
spectrum of information and after pre-amplification is downconverted to the base band.
This baseband signal then phase-modulates a carrier which is coherent to the received
C-band signals. It is then upconverted to the C-band and is processed through the
FINSAT transmitter. The MFTC receives the carrier and recovers the subcarrier
information for further processing. The entire exercise requires multiple access capability
that provides for the simultaneous operation of a satellite system at C-Band.
. For achieving this the FINSAT receiver needs a linearity that prevents the multiple
carriers from the various aircraft, produce significant intermodulation components; when
the multiple carriers arrive they are translated to the base band frequencies and then phasemodulated on to respective carrier signal. This involves the use of selectable baseband
filters. The phase-modulation index is also kept at 1 radian, independent of the number of
carriers, and this requires adequate AGC in the transponder. The process is schematically
explained in the Fig. 2.0.
SYSTEM SELECTION
A detailed description of the main segments of the FINSAT operational system is
beyond the scope of the presentation for the following reasons:
(1) Selection of the ultimate system can be effected only after working out the finer
details of the technical and financial aspects of the operational plan and
(2) The state of the art in Avionics and Satellite technology prevalent in India at that
point of time.

It will also depend on:
(a) Type of data to be transmitted and its bandwidth.
(b) The duty cycle of the users accessing of the operational system.
SYSTEM IMPLEMENTATION
The entire satellite system plan is expected to be implemented in two phase:
PHASE I
A detailed study would be made of the technical requirements and an action plan
drawn up for conducting communication experiments. The experiments would be based
on the FDMA technique and would operate in the 6/4 GHzband. A simple block
schematic of the aircraft and ground segments envisaged for this purpose is given at
Fig.3.0.
The satellite segment will in general follow the schematic as shown in Fig.2.0.
Experiments conducted will include (a) Tests to prove the coherency of the aircraft with
the MFTC (b) The maximum rates of data transmission achieved vis-a-vis the bit errors
logged (c) The mutual interference noticed between the A/c-SAT, SAT-A/c,MFTC-SAT
and SAT-MFTC Links. The experiments will be conducted with aircraft instrumented and
launched from at least three different widely dispersed bases. These tests will be primarily
used by us to optimise on the aircraft antenna system as also to gain firsthand experience
in the operation of satellite links. A sample link design is given at Table 1.
A study of the sample link design indicates the following:
(1) The present Ground telemetry antenna of 2.5m dia can be used with modification in
the feed design to operate at 6.0 GHz.
(2) The aircraft antenna should consist of top and bottom ones, filted on the nose or any
other converient locations and having an hemispherical pattern, so as to given an effective
gain of 10db
(3) The satellite antenna can be a 2.5m dia umbralla type dish which has to be deployed
after launch in the synchronous orbit.

The experiment has a frequency plan as explained below:
(1) A single Transponder of 36 MHz bandwidth will be utilised.
(2) The operational link will work in the 6/4 GHz frequency band.
(3) The Transponder will be shared by 14 pre-assigned carriers, each having a maximum
of 2 .5 MHz bandwidth.
Table II indicates the spot carrier frequency allocations for the various aircraft.
PHASE II.
This would be the actual operational system of FINSAT which would later be in
hanced as a Military Satellite (MILSAT) system. This system would adopt the latest
PCM-PSK-TDMA techniques and would probably operate in the 12/13 GHz band. Data
transmitted would include aircraft parameters, voice and image. Rapid advances being
made in the areas of up and microelectronics technologies, microwave/antenna systems
and in Digital/signal processing would be utilised. A representative schematic of the
system (aircraft and ground) incorporating these high technology principles is given below
as Fig.4.0.
SYSTEM ADVANTAGES
A operational system based on this principle has certain distinct advantages. Some of
these are:(1) LOS Range is no longer a limiting factor.
(2) Multipath problem between aircraft and ground station are almost totally
eliminated.
(3) The system caters for the testing of more than one aircraft at a time, launched
from the same base or different bases.
GROWTH POTENTIAL
As stressed earlier, the system has growth potential in catering to the other military
aeronautical services of the Indian government such as (i) Military aircraft traffic control
(ii) Navigation (iii) Search and Rescue mission etc. A system of this nature can also serve

the flight test needs of a consortium of countries which are engaged in Advanced aircraft
development programme, as for eg. in Western Europe.
CONCLUSIONS
An operational system based on satellite technology has been proposed as an
alternative to present day real-time tele-links. As all aerospace activity in India is confined
to the government sector, an operational system based on this principle is absolutely
feasible. It would also lead to better co-ordination between the various aerospace
agencies.
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ABSTRACT
Prelaunch, launch, mission and landing distribution of RF and hardline uplink/downlink
information between space shuttle orbiter/cargo elements, tracking antennas, and Control
Centers at JSC, KSC, MSFC, GSFC, ESMC/RCC, and Sunnyvale are summarized with
emphasis on techniques currently used and planned future improvements. Color Vugraphs showing the 20 facilities involved and system block diagrams are used to reinforce
the written text. Presentation is unclassified.
INTRODUCTION
From its meager beginnings utilizing 2 VHF/FM telemetry transmitters with 90
commutated event segments and seven continuous analog channels for Mercury Capsule
data, our Nation’s manned spacecraft have evolved into the versatile highly instrumented
Space Shuttle capable of realtime S and Ku-band digital transmissions of 50 MBPS
carrying some 4,000 various measurements. Providing error-free realtime and playback
telemetry to today’s many shuttle program customer locations is a formidable challenge.
PRESENTATION
The task of supporting Shuttle prelaunch, launch, mission and landing telemetry
operations involves considerable open-loop RF and hardline transmissions between local
customer locations and the Merritt Island and Ponce DeLeon Inlet/Kennedy Space Center
Area Spaceflight Tracking and Data Network Stations (Call signs “MILA” & “PDL”)
which provide the external interface via leased communications to Project and Mission
Control Centers. During pre-launch checkout, the Shuttle orbiter and its Cargo element(s)
(Fig. 1,2,3,4,5) are interfaced by RF hat coupler devices to passive reradiation S, Ku, and

X-band antennas mounted on service structures or rooftops. Hardline “T-0” umbilical
cable paths are also utilized. The RF links are either received and processed internally to
the MILA Station, or relayed to the East Tracking and Data Relay Satellite (TDRSS-1) for
distribution via the White Sands N.M. Ground Terminal (Fig. 6,7). The MILA Station
itself contains a large amount of telemetry receiving, processing, and recording equipment
for both low earth orbit and planetary missions used in many varied configurations (Fig. 8
and 8-A).
The many KSC/ESMC customers are located throughout a 10 mile radius of the Station
(Fig. 9) and represent a variety of payload stand-alone white rooms, full-size orbiter cargo
bay simulators, flight orbiter processing facilities, and actual launch complexes. The
capability for simultaneous multiple project testing exists - within the limitations of RF
frequency assignments (everyone wants to use 2287.5 MHz), crew shift hours, local
cableplant distribution capability, and leased Domestic Satellite capacities.
Technical problems are often encountered when configuring for new project support. The
most frequent is that of Spacecraft-to-local cableplant and cableplant-to-leased domestic
communications voltage, impedance, and data format matching (Fig. 10). RF reradiation
troubles are less-frequent, and usually are caused by poor hat-coupler interfaces, bad
connectors, or configuration errors. Link margins to/from the actual TDRSS-East satellite
are especially critical and, occasionally, must be enhanced by solid state amplifiers placed
in the reradiation path.
CONCLUSION
Several improvements to enhance future station operation and project support are in the
implementation/planning stage (Fig. 11). With the advent of these improvements and wellplanned mission readiness training, we are confident that we will be ready to resume the
challenges of supporting when shuttle flights resume on 15 July 1986.
- GLOSSARY The following definitions of Shuttle Program unique terminology is furnished to clarify the
system schematic drawings used in this presentation:
ACCU
AFSCF
AMQ
BED
CSS
DVS

-

AUDIO CENTRAL CONTROL UNIT
AIR FORCE SATELLITE CONTROL FACILITY (SUNNYVALE)
ANALOG MULTIPLEXER QUANTISIZER
BLOCK ERROR DETECTOR
COMMAND SWITCHING SYSTEM
DIGITAL VOICE SYSTEM

EIU
ESMC/RCC
GPC
GSFC
IRIG
JSC
KSC
KU-BAND
LCC
MDM
ME
MFR
MILA

MSFC
NSP
OPF
PCMMU
PDI
PDL

P/L
PMI
PPF
PSP
PSS
QPSK
SAEF
S-BAND
SCE

- ENGINE INTERFACE UNIT
- USAF EASTERN SPACE & MISSILE CENTER/RANGE
CONTROL CENTER
- GENERAL PURPOSE COMPUTER (ORBITER)
- NASA GODDARD SPACE FLIGHT CENTER, GREENBELT, MD.
- INTERRANGE INSTRUMENTATION GROUP
- NASA LYNDON B. JOHNSON SPACE CENTER, HOUSTON, TX.
- NASA JOHN F. KENNEDY SPACE CENTER, MERRITT
ISLAND, FL.
- TRANSMIT 13.75-13.80 GHz (COMMAND)
RECEIVE 14.896-15.121 GHz (TELEMETRY)
- LAUNCH CONTROL CENTER
- MULTIPLEXER/DEMULTIPLEXER
- ORBITER MAIN ENGINES (EACH WITH 60 KBPS
TELEMETRY)
- MULTIFUNCTION RECEIVER
- ORIGINAL ABBREVIATION FOR THE “MERRITT ISLAND
LAUNCH ANNEX” TO THE CAPE.
USED TODAY AS THE CALL SIGN OF THE GSFC
SPACEFLIGHT TRACKING & DATA NETWORK STATION
(STDN).
- NASA GEORGE C. MARSHALL SPACE FLIGHT CENTER,
HUNTSVILLE, AL.
- NETWORK SIGNAL PROCESSOR
- ORBITER PROCESSING FACILITY
- PULSE - CODE MODULATION MASTER UNIT
- PAYLOAD DATA INTERLEAVER
- CALL SIGN OF THE GSFC SHUTTLE LAUNCH/LANDING
TRACKING STATION AT PONCE DELEON INLET, NEW
SMYRNA BEACH, FL.
- PAYLOAD (ATTACHED/ATT, OR DETACHED/DET FREEFLYER)
- PROGRAMMABLE MODEM INTERFACE
- PAYLOAD PROCESSING FACILITY (WHITEROOM)
- PAYLOAD SIGNAL PROCESSOR
- PAYLOAD SUPPORT SYSTEM
- QUADRATURE PHASE SHIFT KEY
- SPACECRAFT ASSEMBLY & ENCAPSULATION FACILITY
- TRANSMIT 2025-2120 MHz (COMMAND)
RECEIVE 2200-2300 MHz (TELEMETRY)
- SPACECRAFT COMMAND ENCODER

SCVM
SGLS
SLSS
SPIF
SRB
TDM
VAB
VPF
WHS
X-BAND

- SHUTTLE COMMAND/VOICE MULTIPLEXER
- SPACE-GROUND LINK SUBSYSTEM (USAF SUNNYVALE
TRACKING STATIONS WITH L-BAND UPLINK)
- SHUTTLE LAUNCH SUPPORT SYSTEM (TDRSS MODE
XMT/REC)
- SHUTTLE PAYLOAD INTEGRATION FACILITY
- SOLID ROCKET BOOSTER
- TIME-DIVISION MULTIPLEXING
- VEHICLE ASSEMBLY BUILDING
- VERTICLE PROCESSING FACILITY
- WHITE SANDS, NM (NASA-TDRSS GROUND TERMINAL)
- TRANSMIT 7200-7300 MHz (COMMAND)
RECEIVE 8400-8500 MHz (TELEMETRY)

FIGURE 3

FIGURE -6, TDRSS RELAY

FIGURE 7

(FIGURE 8-A)

TYPICAL MIS-MATCH PROBLEMS DURING SPACECRAFT-TO-PROJECT CONTROL CENTER
TELEMETRY TRANSMISSIONS:
!

KSC CABLEPLANT NOMINAL IS RS-423A, UNBALANCED, IV PEAK/PEAK, 75 OHMS (WIDEBAND) OR
RS-422A, BALANCED, 4-6V PEAK/PEAK, 124 OHMS (MODEM).

!

MILA DATA PROCESSING COMPUTERS ARE RS-232, UNBALANCED, 12V PEAK/PEAK.

!

MILA PCM DECOMS/RECORDERS USE BIT-SYNC STANDARD, 3V PEAK/PEAK.

!

LEASED DOMSAT SERVICES ARE V.35, 1V PEAK/PEAK, BALANCED (AMERICAN SATELLITE CORP.);
V.25, 1V PEAK/PEAK, BALANCED (AT&T); RS-422A, 1V PEAK/PEAK, BALANCED (RCA AMERICOM).

!

SOME CUSTOMERS (SUCH AS SPACELAB AND CENTAUR) INSIST ON NRZ-L BUILDING-TOBUILDING XMSN VICE KSC STANDARD B1-PHASE-L, REQUIRING ADDITIONAL CLOCK CIRCUITS.

!

MANY CUSTOMERS USE 4800 BIT NASCOM BLOCKED DATA FORMAT FOR CROSS-COUNTRY XMSN
VIA AUTOMATED CIRCUIT ROUTING, CONVERSION TO/FROM KSC STANDARD B1-PHASE-L MUST
THEREFORE BE ACCOMPLISHED USING BLOCKING/ DEBLOCKING COMPUTERS.

!

NEW FIBER-OPTIC CABLEPLANT IS ALSO KSC STANDARD 1V PEAK/PEAK, 75 OHMS, UNBALANCED
AND WILL PRESENT SIMILAR PROBLEMS IN INTERFACING MILA STATION EQUIPMENT AND
LEASED DOMSAT CARRIERS.
(FIGURE-10)

NEW ITEMS FOR FUTURE SUPPORT ENHANCEMENT:
!

FIBER OPTICS CABLE INSTALLATION BETWEEN ALL MAJOR TEST FACILITIES (UP TO 300 MBPS).

!

ADDITION OF FIBER-OPTIC MULTICHANNEL MULTIPLEX EQUIPMENT TO IMPROVE CABLEPLANT
USE.

!

NEW MILA DATA SYSTEM BASED ON FIBER-OPTIC 10 MBPS “ETHERNET” TECHNOLOGY.

!

MODIFIED MULTIFUNCTION RF RECEIVERS, NEW LOW NOISE AMPLIFIERS TO IMPROVE SIGNALS.

!

ADDITION OF 3RD “LOCAL” S-BAND LINK FOR MULTIPLE ORBITER SUPPORT.

!

GOVERNMENT-OWNED 10 MHZ BANDWIDTH MILA/PDL MICROWAVE FOR ADDITIONAL DATA
XMSN.

!

NEW TIMING SYSTEM FOR INCREASED ACCURACY AND DISTRIBUTION.

!

NEW DISK RECORDING SYSTEM, NEW EVENT RECORDING SYSTEM.

!

NEW 100 x 100 COMPUTER-CONTROLLED DATA SWITCH FOR 1V P/P STANDARD INTERFACE.

!

ADDITION OF RATE 1/2 VITERBI DECODERS FOR TDRSS FREE-FLYER SUPPORT.

!

NASA INTEGRATED SERVICES DIGITAL NETWORK USING TDMA TECHNOLOGY (UP TO 15 MBPS).

!

NEW RED/BLACK INTERCOM SYSTEM.

!

ADDITIONAL CRYPTOGRAPHIC EQUIPMENT FOR BULK VOICE/DATA ENCRYPTION & RANGE
SAFETY UPGRADE.

!

MORE TDRSS SATELLITES TO IMPROVE PRELAUNCH TEST & MISSION COVERAGE.
(FIGURE-11)

THE METEOROLOGICAL DATA SYSTEM
(AN/GMD-5)
A METEOROLOGIST’S POINT OF VIEW
BY: JOHN HOBBIE
SPACE DATA CORPORATION
1333 W. 21st Street
Tempe, Arizona 85282

ABSTRACT
Engineers developing specialized telemetry systems do not always have the vantage point
of the user of their systems. The requirements of an upper air sounding system may seem
straightforward at first; but, when the meteorologist’s viewpoint is considered, the
engineering problems become more difficult than originally perceived.
This paper discusses the Meteorological Data System (AN/GMD-5) manufactured by
Space Data Corporation for the U.S. Air Force. The GMD-5 is designed to be a
militarized, rugged, portable replacement of the World War II vintage GMD-1. It can be
set up in the field and provide automatic, real-time data reduction of a rawinsonde flight
within two hours of arrival at a site. The system has an extensive self-diagnostic capability
such that a trained meteorological operator could troubleshoot faults and correct them
down to the circuit board level.
This paper presents the problems involved in designing a telemetry system that will work
in field environments and will be easy to use by meteorological technicians. The whole
system, including the sonde (both sensors and telemetering system), the tracker, telemetry
decoder, and data processing systems, is presented, and the problems associated with the
system’s performance and accuracy are discussed from the meteorologist’s point of
view, followed by the engineer’s solution to these problems.
INTRODUCTION
Many telemetry engineers dismiss an upper air sounding system (weather balloon system)
as nothing more than a specialized telemetry system, somewhat trivial and simple-minded.
Building a system with a sensor/transmitter package and a tracker/receiver unit that is
accurate, repeatable, reliable in all weather conditions, easily maintained, portable, and

inexpensive, is a substantial engineering challenge. This paper presents the development of
such a system through a meteorologist’s eyes.
THE PROBLEMS
A meteorologist releases a “weather balloon” called a rawinsonde or radio-sonde to
measure temperature, pressure, humidity, and wind velocity as a function of height. These
data are taken twice daily around the world at 0000 and 1200 GMT. Governments freely
exchange these data, meteorologists prepare weather maps, and computers generate
forecasts and analyses based on these data.
Usually a balloon flight lasts between 90 and 120 minutes and the balloon reaches an
altitude of 31 km (100,000 feet). Temperatures range from +50EC to -100EC. (Of interest:
the coldest high altitude readings in the world are over the tropics!) Pressures range from
1040 hPa to 4 hPa, and winds range from calm to 150 m/s. Batteries and the sonde
electronics must be able to operate properly in rain, hail, sleet, and snow.
Since all sondes are released, worldwide, at the same time, the narrow frequency bands
allotted for meteorological purposes are crowded. Sondes usually transmit at 1680 MHz
or at 403 MHz. Frequency drift for these two bands is normally restricted to 1 MHz at
1680 MHz and 0.25 MHz at 403 MHz throughout the entire balloon flight. The sondes
must operate within these frequency limits while subject to wide temperature ranges and
varying battery voltages. Overseas, the closeness of the countries allows sondes to easily
cross national borders and interfere with foreign trackers. Weather satellites also are in the
1680 MHz band and rawinsondes cannot be allowed to drift into the satellite downlink
frequency.
Local problems also occur, for example, at White Sands Missile Range a rawinsconde
frequency is near one of the command destruct frequencies.
The typical power output of the sonde is only 250 mW. A balloon frequently drifts more
than 150 km during a winter flight, and the elevation of the sonde often drops to below six
degrees above the radio horizon; therefore, the antenna must be well designed to provide
good telemetry data and accurate positioning of the sonde. If the system is to track
meteorological rockets as well as balloon-borne sondes, the tracker must be substantially
faster. Rockets burn for two seconds, taking the sonde from the surface to 2 km (6000
feet) in that time. They then coast up to 70 km (230,000 feet) where the sonde is
deployed. The rocket sonde falls rapidly in the rarified air, presenting a rapidly moving
target.

The last major problem is cost. Unlike funding for military systems, funds available for
meteorology are scarce and usually unrealistically small. Sondes are expected to cost
$70-$100 each with battery, calibrations, etc and yet deliver 0.1% or better accuracy for
all the meteorological parameters throughout the entire balloon flight, under varying
environmental conditions. The telemetry trackers are expected to cost less than $200,000
(in some cases less than $75,000) including computer, data reduction software, receiver,
antenna, etc, yet the tracking accuracy is expected to be on a par with the better range
radars.
THE APPROACH
Each of the many different types of upper air sounding systems has its tradeoff of
accuracy versus cost. The different approaches are shown below in a two by two matrix
where one of the cells is forbidden.
The first problem is to decide how the system is to produce wind velocities. Virtually all
systems determine winds by measuring the horizontal displacement of the balloon with
time. Either a tracker or a NAVAID system such as LORAN or OMEGA can give balloon
position. Trackers are more expensive but are substantially more accurate.
The second problem is to decide how pressure is to be determined. The hydrostatic
equation used by meteorologists requires pressure, height, and the virtual temperature,
which is the temperature adjusted for humidity. If two of the parameters can be
determined, the third can be calculated. Usually one of two methods is used in radiosonde
work: either the height and temperature are measured and the pressure is calculated, or the
pressure and temperature are measured and the height is calculated. Given normal tracking
accuracies, the first method of calculating pressure by measuring the height and
temperature is more accurate. (When the tracker is tricking at low elevation angles during
strong wind conditions aloft, this statement is not entirely correct, and the pressure errors
become only slightly worse than when they are directly measured.) The aneroid pressure
cell accuracy of existing sondes is the limiting factor in the accuracy of the entire upper air
sounding profile. Increased accuracy is possible at increased expense.
Space Data Corporation has chosen to offer improved accuracy at a higher cost. They
built the Meteorological Sounding System (MSS) in use at most of the National
Ranges,.and the AN/GMD-5 purchased by the Air Force Air Weather Service. Both
systems were designed to measure the height and compute the pressure. Once that major
design decision was made, the meteorologist’s concerns were considered by the engineer.
The individual parameters measured in an upper air sounding are not independent
measurements. Error analyses of upper air data based on classical error propagation

techniques give faulty results. For example, the measured temperature is used to calculate
the humidity. The temperature and the humidity, along with the measured height, are used
to compute the pressure. Thus, the temperature errors affect the pressure. However, the
temperature is reported as a function of the pressure (“the temperature at 500 hPa is
-10EC”). The temperature error is not the difference between the measured temperature
versus truth, but between the reported temperature at a given pressure versus truth; the
temperature probably was measured tens of meters from where the pressure was
reported. Another peculiarity of upper air data is that the errors accumulate (and
occasionally cancel). The error in pressure computed at the bottom of a layer affects the
error in pressure at the top of the layer in an additive way. Figures 1 through 4 show the
types of errors that occur in the two types of systems for a given atmospheric profile.
Figure 1 through 4 are based on simulations that are modeled on real data and comparison
flights between paired sondes and radars. Only in the last five years has any significant
effort been made to determine the actual errors in upper air data (1, 2). By using computer
models of how the system samples the meteorological parameters, by modeling the errors
made in the sampling, and by using the same data reduction techniques that the
meteorologist uses to produce the data, an engineer can evaluate the best tradeoffs in
designing a more accurate system. Uses of this technique would include, for example,
determining how much improvement in tracking accuracy is needed to get a certain
improvement in pressure. Similarly, an improvement in the response time of the
temperature sensor, which would be a small cost, may be just as effective in improving
pressure as an improvment of the tracking noise at a considerable cost.
As in every product, improvements cost money. Improved accuracy necessitates more
costly sensors, bearings, servos, etc. A market must exist for a more accurate, but more
costly system. A company must be aware of how much cost the market will bear, and
then design the system to have the most accuracy within the bounds of the price the
purchaser is willing to pay.
Beyond the initial purchase price, purchasers are interested in the cost of the expendable
sondes (the cheap razor, expensive blade syndrome) and in the maintenance cost. The
Space Data Corporation AN/GMD-5 is designed to be used by the military in field
conditions. The high turnover rate in the military dictates that maintenance, both electronic
and mechanical, be aimed at a technician with minimum experience. If the machine can
diagnose itself to the board level, the meteorologist can replace a board without the help
of a trained electronics technician. This would be a manpower-saving feature. The faulty
boards can be sent back to a central maintenance unit or depot for more efficient use of
skilled technicians. The AN/GMD-5 can perform a series of diagnositics on itself with the
push of a button on the front panel. The display can isolate faults at the board level.

Data reduction is also a part of the upper air sounding system. With the advent of
microprocessors, automatic or semi-automatic data processing becomes a reality.
Telemetry data rates, timing of the processes, speed of the microprocessor and other
things must be evaluated. A typical balloon flight lasts two hours. A 10 Hertz positional
data rate (elevation, azimuth and slant range) results in a substantial data storage problem.
The telemetry data frame of three parameters every two seconds seems a reasonable pace;
but those parameters of pressure, temperature, and relative humidity spawn a whole family
of other meteorological parameters also at the two-second rate. That is, density, refractive
index, absolute humidity, speed of sound, etc. Data storage and data management
become a design problem. Timing is a major problem because, ready or not, every two
seconds a telemetry data frame is in the buffer waiting to be processed.
SOLUTION
Once Space Data Corporation decided to develop a ranging tracker to measure height and
compute pressure, the major design problems were identified: tracking accuracy, data
conversion accuracy, etc.
The tracking accuracy necessary to produce accurate results was determined by
simulation studies, tempered with availability and cost of the drive train. The Space Data
Corporation Meteorological Sounding System (MSS) uses expensive direct-drive torquer
motors. These provided exceptionally smooth tracking, and accuracies of the dynamic
track are 0.020E RMS in both elevation and azimuth. However, the Meteorological Data
System (MDS), now designated by the Air Force as the AN/GMD-5, is designed for
portable use under field conditions, and a precision, stateof-the-art gear driven system is
more suitable. The MSS is designed to be operated in a radome, whereas the AN/GMD-5
is designed to be used in the field. To get the tracking accuracy required when subjected
to 18 m/s (40 mph) winds and still meet the weight requirement that it be capable of being
assembled and disassembled by two men, the precision gear driven system was the only
alternative.
The existing National Weather Service rawinsonde tracking system is a retrofitted, early
50s vintage antenna system that was measured with positional accuracy of 0.18E elevation
accuracy and 0.12E azimuth accuracy (3). The dynamic tracking accuracy of the
AN/GMD-5 has been determined at 0.032E RMS in elevation and .043E RMS in azimuth.
Figure 5 shows the elevation and azimuth error during the tracking of a weather satellite.
Table I compares several trackers for tracking accuracies. The GMD-1/GMD-2 data
approximately represents the Advanced Radio-Theodolite, ART, upgrade that was done
to the National Weather Service upper air systems.

Ranging on the AN/GMD-5 is done by determining the phase delay of a set of continuous
tones as opposed to determining time delay of pulsed tones in a radar. Two tones, close
together, are used to FM modulate a 403 MHz carrier, a standard meteorological band.
The 403 MHz signal is transmitted by the tracker to the sonde where it modulates a 1680
MHz signal transmitted from the sonde. The 1680 MHz carrier also contains the telemetry
data from the sondes’ sensors. The phase shift of the primary tone is used to determine
the fine range positions (the location within a 2000-meter “range cell”). The phase shift of
the beat frequency between the two tones provides the course range position. A small
microprocessor in the range measuring unit is dedicated to converting these tones into
slant range values. The resolution of the range is 0.98 meters and the accuracy of the
range is ±5 meters +0.015% of the slant range. The slight reduction in range accuracy with
increased range is due to reduced signal to noise ratio with range. Path geometry, resulting
in multipathing, scintillation, etc is a significant part of the slant range accuracy. The actual
slant range accuracy compares quite well with tracking radars used at the National
Ranges. See Table I.
The tracking accuracy is also affected by the scanning method used to generate error
signals. The old GMD-1, 2, and 4, as well as the National Weather Service ART system
use a motor driven conical scan method. The GMD-5 uses a psuedo-monopulse scan
method and gets nearly an order of magnitude improvement in the tracking accuracy.
Telemetry data conversion is done in both hardware and firmware. The telemetry tones
from the sonde are time commutated into a 2-second data frame. Each frame has four
channels (reference, temperature, humidity, and temperature again); each channel
transmitting for 400 msec with a 100 msec channel break between channels. The reference
signal has the highest frequency. The hardware measures the duration of a fixed number
of pulses, a value proportional to the inverse of frequency. The reference channel is
selected and the other three channels are divided using the reference channel to produce a
frequency ratio. The ratio is used to normalize the data to compensate for voltage and
temperature-driven frequency drifts in the sonde. The frequency ratios are then passed to
the data processing unit for conversion to meteorological data.
The data processing unit, DPU, accepts data from the tracker; the position data is sent at
10 Hz and the telemetry data is sent at 0.5 Hz. The DPU then converts the frequency
ratios to temperature and humidity using calibration data read in from a punched paper
tape. The polar position data (elevation, azimuth, and slant range) is smoothed and
converted to Cartesian coordinates and height is converted to height above a round earth.
The height is used with the temperature and humidity to compute pressure. The North and
East components of position are used to generate wind velocities. The DPU then
determines three things: inflection points (called significant levels by the meteorologist) in
the profile, the data at pressure levels required by international conventions, and

specialized data at constant altitude intervals for scientific and engineering work, eg.
tornado studies and aircraft performance evaluations. These computations are being done
in real-time and the processed data can be output to data users as the balloon rises. As the
system is to be used to support the National Severe Storms Laboratory (NSSL) in
Oklahoma, the data will pass from the trackers located throughout Oklahoma to the NSSL
via modems. At the NSSL, the meteorologists will use this real time data to enter in
computer models to determine the most likely location of tornado formation so they can
send their research teams to the tornado area to collect more localized data. The current
methods of hand reducing the data and having to wait until balloon burst to telephone in
the data is too slow for ideal operational use of NSSL people and resources.
The sonde is a critical part of the system. The sonde must be small, light, inexpensive,
and at the same time as accurate as a good quality lab instrument. The time constant of
the thermistor (temperature sensor) must be small. The current thermistor in use by the
National Weather Service has a time constant at the surface of the earth of 4.5 seconds
and at the end of the flight a time constant of 30 seconds (4). SDC uses a thermistor with
a time constant at the surface of 200 msec and 4.4 seconds at flight termination. The SDC
thermistor results in virtually no temperature error due to lag while the current NWS
thermistor can have an error of several degrees at the end of the flight due to lag.
Sensor exposure must be considered, too. The humidity sensor is a carbon impregnated
film that changes its resistance as the humidity changes. The absorption and desorption of
water vapor by the humidity sensor is temperature sensitive. Not only does the physical
process vary with temperature, but the temperature of the substrate that the carbon film is
coated on also affects the humidity; the substrate warms the air it is trying to sample and
so modifies the humidity. It is imperative that all processes that modify the temperature of
the humidity sensor be minimized or eliminated. Solar radiation striking the sensor has the
biggest effect on the temperature of the sensor. The sun’s effects are eliminated by
housing the sensor in a duct that prevents the sunlight from striking the sensor directly or
indirectly. Since the duct walls themselves have thermal lag and can radiate heat to the
sensor, methods must be devised that keep the duct walls near ambient temperature. In
any duct, stagnant air or slowed air causes errors in the humidity measurements, so the
duct must be able to enhance the airflow through the duct. The S-shaped duct developed
for use with the AN/GMD-5 has been tested by the U.S. Navy during extensive field trials
for use in measuring refractive index for radar propagation and causes no measurable
adverse temperature effects on the humidity sensor, and behaves like a humidity sensor
flown at night in the free air stream.
Related to sensor exposure is the problem of the geometry of the sensor. At high
altitudes, the air is thin. Fewer molecules strike the sensor to transfer their heat to the
sensor. At the same time, the sensor is radiating its heat to deep space because there is

not enough air around it to act as a blanket. The sensor actually gets colder than the
outside air. The temperature sensor should be coated with a material that neither absorbs
radiant heat from the sun, nor emits heat out to deep space readily. The geometry of the
sensor should be such that the sensor exchanges heat with the air readily but does not get
heated from the wire leads connected to it. All of these are technical problems and result
in extensive studies and proprietary products.
The management of heat and electrical power are problems too. An hour into a flight in
the tropics, a sonde can encounter temperatures that reach -100EC at altitudes around 18
km, and the flight has still another hour to go. The battery must not only function at that
altitude but also provide enough heat that the electronics function and do not drift in
frequency or calibration. Most sondes use a water activated battery that out-gases
moisture and corrosive materials which must be vented. However, these gases are at an
elevated temperature from the surrounding air. A place must be found for the battery so
that its heat does not contaminate the temperature measurements and its moisture does not
contaminate the humidity measurements. Since the sonde spins and pendulums below the
balloon during the flight, the usual solution is to keep the battery as far away from the
sensors as possible. To protect the electronics from the corrosive battery effluent, the
battery is put in a small plastic bag that is heat resistant and vents to the outside. The
battery is kept in the electronics compartment in SDC sondes to provide heat to the
components. When the external temperature reaches -100EC, the internal temperature is
kept above freezing with this method. Proper battery size and power usage are evaluated
to ensure that the battery compartment doesn’t get too hot or drain the battery
prematurely. Water activated batteries have a nearly flat voltage versus time curve until the
end of the batteries’ lifetime, when the voltage falls off rapidly.
Finally, the data must be telemetered down to the ground in an error-free manner, all the
while using the least expensive and lightest components possible. The transmitter typically
outputs 200-250 mW. It is possible to have sondes with slant ranges of 250 kilometers at
the end of the flight during strong wintertime jet stream winds. These distances, combined
with the low transmitter power and a cold-soaked battery, make the transmission of errorfree and noise-free telemetry data a real problem. Fortunately, the atmosphere does not
change quickly while being sampled by a balloon-borne sonde. This allows the ground
equipment to do some editing and smoothing of, the noisy data without significant loss of
information. SDC calibrates each sonde individually using three different checks on the
calibration curve. The calibration quality control checks, run on each sonde, assure us
that the sondes will maintain a 3-sigma calibration accuracy of 0.1EC and a nominal
accuracy of better than 0.05EC over the entire flight. Flights with fixed, low temperature
coefficient resistors have drifted no more than 0.1EC over the entire flight.

The specifications on the AN/GMD-5 are given in Tables 2 and 3. The tracker has been
configured such that with minor modifications it can be used to track both rawinsondes
and meteorological satellites, allowing a unit in the field to receive satellite data in a datasparse region without the need to rely on a centralized satellite ground station.
CONCLUSION
Building an upper air sounding system is not a simple project. Many items must be
evaluated that are not normally considered in designing a telemetry system. The accuracy
of the meteorological data that the system produces must be foremost in the engineer’s
mind. Above all, the sonde must have as much design effort as the tracker.
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Figure 1.

Comparison of the GMD-1 and the GMD-5 Errors in Reported
Height Compared to Actural Height

Figure 2.

Comparison of the GMD-1 and the GMD-5 Errors in Reported
Temperature Compared to Actual Temperature as a Function
Of Altitude.

Figure 3.

Comparison of the GMD-1 and the GMD-5 errors in Reported
Pressure Compared to Actual Pressure Expressed as a Percent,
Plotted as Function of Height.

Figure 4.

Comparison of Density Errors in the GMD-l in Reported Density
Compared to Actual Density Expressed as a Percent, Plotted as
a Function of Height. Plot, a, Shows the Density Errors
Using the Standard Temperature Sensor, While Plot, b, Shows
the Reduced Errors Resulting from Using a Fast Response
Temperature Sensor. The Data Indicates That Only a Small
Improvement is Made for a Substantial Increase in Sonde Price.

Figure 5.

(Upper) Elevation Error in Tracking a Weather Satellite
with the GMD-5, The Dotted Line Indicates the Measured Elevation Angle; the
Solid Line is the Error Between the Measured Elevation and the Smoothed
Track. The RMS Elevation Error is 0.032E
E.
(Lower) Azimuth Error in Tracking a Weather Satellite With the
GMD-5. The Smooth S-shaped Curve is the Measured Azimuth, the Other
Trace is the Error Between the Measured Azimuth and the Smooth Track.
The PITS Azimuth Error is 0.043E
E for this Near Overhead Track.

Figure 6.

AN/GMD-5 Meteorological Data System Tracker. Note the
AN/GMD-1 in Left Background
TABLE 1
TRACKER ACCURACY COMPARISONS (RMS)

System

GMD-1/2

GMD-5

MSS

MPS-36

FPQ-19

Elevation

0.182E

0.032E

.019E

.018E

.011E

Azimuth

0.12E

0.043E

.021E

.017E

.012E

5m

6m

Range

N/A

5m + 0.015%
of range

5m + 0.015%
of range

TABLE 2
AN/GMD-5 SYSTEM TRANSDUCER/RECEIVER SPECIFICATIONS
Antenna: Downlink

2.74 meter diameter
Parabolic
28.5 dB gain
right circular polarization

Uplink

403 MHz dipole array
15 dB gain
vertical polarization

Pedestal

C operates in 22.4 m/s winds
C elevation accuracy 0.032E
-3E to +183E rotation
C azimuth accuracy 0.043E
-400E to +400E rotation
C Microprocessor - controlled
servo loop with selectable
gain contants
C 20E/second tracking velocity
C 20E/sec/sec tracking acceleration
C Optical encoder
C Rate Tachometer

Receiver

Automatic frequency control
microprocessor controlled
1.2 MHz bandwidth
AM/FM detection
Telemetry accuracy 0.1% RMS

Pre-amp/Down converter

Gain 40 dB or 0 dB (selectable)
Noise figure 1.75 dB at 40 dB gain
Input 1650-1710

Transmitter

401-405 MHz
Modulation: AM at 75 KHz
Power 25 Watts High Power
.025 Watts Low Power

TABLE 3
SONDE SPECIFICATIONS

Transmitter
Frequency Adjustment Range

1660-1700 MHz

Power Output

200 mW (min)

Ranging Receiver
Frequency Tuning Range

401 to 405 MHz

Sensitivity, Minimum Signal
for Good Ranging

12 microvolts

Selectivity at ± 12 MHz from Center
Range Tone Frequencies (AM)

50 dB down
Fine 74, 948.13 Hz
Course 74, 655.36 Hz

Range Tone Phase Instability
100-320 Microvolts Input

2 degrees (max)

Variation in Range due to Battery Voltage 0.5 degrees (max)
Telemetry Coding Circuit
Frequency

0 - 5500 Hz

Accuracy

0.1% FS 60% Center Band
0.25 FS 20% Edge Band

Data Frame

4 channel
2 seconds/frame (nominal)
400 msec/channel with
100 msec channel break

Sensors
Temperature

10 mil Diameter
Aluminized Bead Thermistor
with 1 mil diameter
support wire
200 msec time constant
at surface

Humidity

Carbon impregnated
Hygroscopic film
with a plastic
substrate
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ABSTRACT
The four major management problems in female farm animals are identification, breeding
timeliness, health monitoring and notice of parturition (delivery of young). Each of these
has been solved with a single temperature-sensitive device placed in the vagina
nonsurgically with a nylon anchor.
Remote sensing of deep-body (core) temperature in female livestock is a major
breakthrough in husbandry of farm animals and important zoo animals. Development of a
patented, vaginal radio implant has enabled the remote sensing and automated processing
of animal temperature data for females. A natural component of the system is automated
identification of each female wearing a transmitter.
The methodology of collecting and interpreting deep-body temperature depends upon
using each female as her own basis of comparison. A temperature deviation of greater
than 0.4* C relative to the average of the previous five day’s temperatures taken at
approximately the same time of day indicates a significant physiological event. Ultimately,
the optimum configuration of this system will invoke the creation of artificial intelligence
or, at least, an expert system.
INTRODUCTION
Husbandry of female breeding animals has been hampered by inadequate methods of
identification, recognition of ovulation for artificial mating, recognition of disease and
knowledge of parturition (delivery of offspring). The ordinary solutions to these four
problems have required great investments of labor and they are fraught with error. As
skilled labor becomes more scarce and more expensive in farm animal enterprises, the
need for automated systems becomes ever greater.

The technology reported here is known as ZARTemp and is patented by New Mexico
State University Foundation. It was developed as a means of simultaneously, with one
unit, solving the four dilemmas posed above.
Identification is vital to accurate record keeping on livestock and also is advantageous in
tracing the market path of an animal found to be diseased. Additionally, if electronic
identification is used, animals can be sorted or isolated automatically, thereby reducing
labor needs and stress on the animals. The National Pork Producers Association is eager
to have on all market swine a mandatory identification that is easily automated so that
trichina infected pigs can be traced to their origin to stamp out this parasitic source of
disease.
Livestock, especially dairy cattle, are commonly bred artificially. This necessitates
accurate knowledge of the time of ovulation in subject females. Of course, the prevention
of pregnancy can also be facilitated through this knowledge - mostly important to humans
and to pet owners. A temperature increase corresponds with ovulation and telemetry of
deep-body temperature makes this understandable.
Disease, intoxication, and stress initiate temperature responses in animals. Deep-body
temperature telemetry can reveal these conditions. Consequently, corrective measures can
be taken, often earlier than could be possible when visual detection is the only means of
recognizing these phenomena.
Parturition becomes a precarious time for both mother and fetus. In dairy operations, as
many as 30 per cent of all cattle need assistance in delivering their offspring. Fetal
mortality rates as high as 10 per cent are not uncommon if less than 24 h assistance is
available to these cows. Valuable mares sometimes have $20,000 or more of stud fees
contingent on the delivery of a live foal. When parturition labor in a female is unduly long,
i.e. more than two hours, she and her offspring suffer stress that has prolonged effects
over the following weeks. This reduces the viability of both of them and the subsequent
return to fertility for the mother.
DEVELOPMENT OF THE METHODOLOGY
The original concept was to find a way of obtaining and recording at daily intervals the
deep-body temperatures of lactating dairy cows. The purpose was to establish
documentation of ovulation for assessment of early embryo loss, which was thought to be
a major cause of apparent infertility in dairy cows.

Infra-red thermometry of dairy cow surfaces yielded interesting patterns of temperatures
but did not locate body positions sufficient for the reading of deep-body temperature with
the precision needed for ovulation detection.
Milk temperature recordings taken at various points in the milking machine were adequate
for detecting high fever, but were not sufficiently insulated from environmental
circumstances to consistently report deep rectal temperatures within a degree. It was
apparent that, although possibilities existed, the complexity of engineering a system for
monitoring milk temperature reflective of deep-body temperature was overwhelming. The
milk temperature was highly related to flow volume and flow rate, both of which are
relatively uncontrolled.
Surgically implanted radio transmitters (mini-Mitter, model LN, Sun River, OR) were then
employed to take temperature data from a point adjacent to the jugular vein. Many
unexpected temperature conditions were revealed from this location but the blood
temperature was not at all useful for detecting ovulation after the change occurring while
passing through the head. Telemetry from under the skin on the rib area was also
inadequate due to surface temperature modifications. However, surgical placement of the
transmitter in the abdominal cavity on the right side (to avoid the rumen where food and
water intake would greatly influence temperature conditions) produced excellent data.
At this point, it was recognized that the concept was valid but would never be acceptable
for general use unless a nonsurgical approach could be developed. Even though
abdominal placement worked excellently in terms of data quality, surgery would be too
dangerous and too expensive for general purposes. After experimenting with the ear canal,
it was concluded that the reproductive tract was a better cavity to get deep-body
temperature readings. While the uterus was ineligible as a site due to contraceptive effects
of an implant, the vagina was a natural location. An anchor method was needed to
preclude the need for surgical placement. This led to the invention of a nylon anchor
device described by Zartman et al.(2) which is a patented modification of a commercial
implant known as Hei-Gro (produced by Agro Physics, San Francisco, CA). However,
even though attachment of a transmitter to this device was simple, the free orientation of
the transmitter caused difficulties with the external receiving antenna configuration under
the constraints of maintaining low cost and working in an animal environment.
A transmitter design capable of unique identification of each female and computer
operable was produced and manufactured by the Physical Sciences Laboratory at New
Mexico State University. It was a low cost design and used a broad band a.m. frequency
with a limited range of about two feet. Thus, the animal had to be near the receiving
antenna and it was possible to eliminate interference among animals by passing them
through a chute as they passed the antenna. Data thusly collected established the efficacy

of the intravaginal approach to deep-body temperature sensing as reported by Zartman (1)
and Zartxnan et al. (2).
Solution to the antenna problem was a single wire wrapped three times around a chute
through which the animal walked. This resembled a metal-detector chamber like those at
airport security installations. The windings were about 50 cm apart. Subsequently, in
response to the need for a more adaptable system, I invented another anchor shown on
Figure 1. It was an improvement in that it maintained an orientation on the longitudinal axis
of the animal and, due to its tubular structure, it housed the transmitter in a protected
chamber. In fact, the transmitter was encased by wrapping it with electrical tape and
placing it in the barrel of a 20 ml syringe that subsequently had a cap welded onto it by
melting with a hot wire. Likewise, the needle end was sealed with a hot wire.
This design was tested in mares, cows and sows with great success. One mare which
seemed to have little muscle tone in the vulvar area tended to lose the anchor occasionally.
The problem was solved by lengthening the flanges on the anchor to widen its expanded
diameter.
Placement of the anchor was so simplified that very little technical skill was required. The
anchor was placed in a tubular speculum with a slightly larger diameter. The vagina of the
female was cleansed and dried. Once lubricated with conventional ointment, the speculum
was introduced into the vagina until it met the resistance at the anterior end where the
cervix is located. The anchor was expelled from the speculum by pushing it out with a
plunger while withdrawing the speculum. The female’s reaction was minimal and less
evident than that of a normal mating.
While experimenting with the system, it was learned that temperature data could best be
interpreted by establishing a rolling average of the previous five-day period for
comparison with the current reading. It was important to take the readings at the same
time of day with a one hour variance. Because of individual animal characteristics, each
female had to serve as her own control for data comparison. That is, no particular
absolute temperature could be selected to serve as the reference for comparison because
each female had her own temperature set and this was confounded by seasonal
adjustments to climate and environment. Following these criteria established from an
experience base of over 20 cows wearing transmitters for times ranging from about 40 to
360 days, it was determined that whenever the temperature variation exceeded 0.4* C an
important physiological event was surely occurring. Furthermore, after 12 years of
experimentation involving some 100 cows, 15 mares and three sows, every known
incidence of illness has been detected using these criteria. The efficiency of detecting
ovulation has exceeded ordinary means, but cannot be exactly stated until improved
means of precisely verifying ovulation are developed.

The usual questions asked about the intravaginal implant are: 1) Is it safe?, 2) How long
can it be left in place?, 3) Does it affect conception or pregnancy? and 4) must it be
removed for breeding? It is safe since no adverse affects have been seen in any animal
where proper sanitation of the implant was practiced. In fact, the implant seems to have a
health promoting affect in that more mucus is produced. Mucus has a flushing action and
it carries antibodies which are protective of mucus membranes. The implant can be left in
place for an unlimited time. Several females have worn the implant for well over a year. It
will be spontaneously expelled at the time of delivery in a pregnant female. Conception
rates are equal to or better than those resulting from normal management and pregnancies
have all been carried uneventfully. The implant can and should be left in place for artificial
insemination. A cow, a sow and six mares have received natural service from males
without difficulty. Conception rates under natural copulation have not yet been established
with the implant.
The system has been improved consistently over the period of the study. The current
transmitter, manufactured by Biomedical Electronics, Inc., El Cajon, CA, is a hybrid
transponder / transmitter. It requires about half a second to interrogate a passing implant
in the body of an animal and reset for the next implant. As each female passes in single
file, the transponder is activated by the antenna signal and it then activates the transmitter
which reports the identification and the temperature of the transmitter twice for
verification. Validation of the response is done by a computer system near the antenna
before transmission to the master computer where data files are maintained. The antenna
is a dipole configuration positioned vertically beside a chute the animals pass through
singly at a normal pace of movement. There is a clock in the computer which enables the
logging of data by time.
APPLICATIONS
Identification coupled with the time of observation has produced important management
information. For example, in dairy cattle it is now possible to have recorded the precise
time at which cows were milked and whether they were in fact brought into the barn.
These facts are important in knowing where a cow was at a certain time and whether or
not employees were conducting the recommended work schedule. This is also useful to
the government operated program for genetic improvement of dairy cattle in that it is
necessary to have accurate identification of all cattle on test and to know the intervals
between milkings to properly adjust the records of milk production.
The reproductive performance of dairy cattle has been shown to suffer from two
dilemmas with the system. The first dilemma is known as silent heat. When a cow has an
ovulation but she presents no outward signs of sexual interest, it is impossible to know
that she should be bred. The ZARTemp system has revealed temperature spikes of a

character associated with ovulation which show that during the first 100 days following a
prior pregnancy a herd of cows will have about 41 per cent silent ovulations. That means
temperature reporting can provide an opportunity to get more cows pregnant in a shorter
period of time which should save considerable operating cost. The second dilemma
involves the cow that is in “standing heat” (a condition of active sexual interest) without
actually ovulating within 24 h. Such a cow would not be expected to conceive from a
breeding at that time. It has been shown from temperature data that 38 per cent of the
standing heats are false signs of ovulation and are, under those conditions, useless when
used as a signal for breeding. Semen and labor costs can therefore be avoided on those
hopeless events. The conclusion from these results is that no more than 60 per cent of
breedings can be successful when done without the temperature system for indicating true
ovulation.
Simultaneously, cows with various reproductive disorders have been discovered so that
early corrective measures could be taken to either correct their problems or eliminate them
from the breeding herd. Great cost savings resulted. All other known instances of disease
were detected before clinical symptoms appeared. This enabled early isolation of the
disease and early treatment was possible which facilitated less illness and a quicker
recovery in most cases. More profound was the discovery of an unseen epidemic of fever
in a large herd of cows. Milk production suddenly dropped three pounds per cow per day
- a cost of about $680 per day in that herd. Unknown to the herdsman but clearly evident
to the investigator with the telemetry system was a low-grade fever in about 68 per cent of
the cattle with implants. This indicated a contagious infection was present in the herd.
Heat stress from high temperature and high humidity conditions is a serious deterrent to
animal health and condition. It has been documented via telemetry that when cows are
subjected to extreme temperature and humidity circumstances, they lose control of body
temperature stability. This is a highly stressful condition which reduces appetite and milk
production falls drastically. The thyroid gland must respond to drastic changes in ambient
conditions by altering the rate and volume of thyroxine production which regulates the rate
of cellular metabolism. This has been shown consistently to take three or four days.
As a parturition alarm, the telemetry system has reported the 0.5* C or greater temperature
drop of about 12 h duration that signals the respiratory maturity of the fetus. Birth
regularly took place from 12 to 72 h later. When labor reached high intensity, the
transmitter was naturally expelled. A signal generator was built into the transmitter which is
activated when the large temperature drop occurs as the transmitter leaves the vulva. The
signal will be picked up by an antenna, amplified and sent to an alarm system which will
call a herdsman to the scene to assist the mother.

FUTURE APPLICATIONS
Automated identification will be taken into the animal’s conventional environment where it
can be coupled with data collection and animal sorting processes. For example, accurate
milk production records for every milking would greatly improve several management
aspects such as milk inventory, cow health, feed distribution and genetic evaluation.
Additionally, if there were a need to separate one or more cows from the herd, an
automated gate could be controlled by the cow identifier to sort cows out as they
approach the gate while traveling down a lane.
Embryo transfer promises to become increasingly important for animal reproduction.
Establishment of the stage of a cow’s estrous cycle for optimum results in induced
superovulation has been difficult. It has also been difficult to synchronize the embryo
donor with the recipient for greatest probability of success. Temperature telemetry can
substantially improve the matching of females for the transfer.
Fetal stress syndrome in humans is characterized by a sudden temperature increase in the
fetus during prolonged labor. It calls for an immediate Caesarean section delivery. With
temperature telemetry, the present system of a thermister clipped to the fetal scalp could
be replaced.
SUMMARY AND CONCLUSIONS
Radiotelemetry of identification and deep-body temperature in female livestock has
accomplished the solution of the four great management problems of animal husbandry.
This has been done nonsurgically and at a reasonable cost. The system can be managed
by hand or it can be automated through use of a computer. The data are reported in such
a fashion that they are understandable by typical farm operators. However, much
improvement in the automated computer interpretation of data remains to be
accomplished. An expert system which is part of artificial intelligence is needed to arrive
at the best recommendation when a female has a temperature spike.
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Figure 1. The anchor and transmitter
chamber used presently for intravaginal
placement in cows and mares.
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ABSTRACT
This paper decribes a system design developed for the McDonnell Douglas Helicopter
Company to log high-speed telemetry data in real time and archive selected time slices
immediately after a test event. The system utilizes off-the-shelf, state-of-the-art equipment
to accomplish logging rates in megabytes per second and storage capacities in the
gigabyte range. This combination of Computer disk-logging equipment and
PSL-developed interfaces enhances the capability of capturing large amounts of highspeed telemetry data in real time. This provides the user access to critical parameters
which determine the next phase of the test. This paper describes the design specifications
creating the need for and the application of the design in its final form.
INTRODUCTION
A number of factors contribute to the need for high-speed, high-capacity disk-logging
systems. In the past, FM systems were used where high frequency response was
required. Current trends indicate a continual shift toward the use of digital systems to
handle all data including the high frequency response information. At a sampling rate of
four-to-five times the highest information frequency, the amount of data can become
staggering. This especially applies when several parameters are instrumented which have a
data frequency in the 2000 Hz range.
As the world and its machinery grow more complex, so does equipment necessary to
monitor it during tests. The number of parameters to be monitored can he in the
thousands. Real-time processing has also contributed considerably to the amount of data
to be logged in real time. Telemetry systems are now incorporating extensive amounts of
front-end processing capablity. Rather than compresssing the amount of data to be
logged, the opposite has occurred, due to the processing power of the telemetry front
end.

Systems are now not only processing engineering unit conversion on all the data in real
time but also are producing, at regular intervals, such things as minimum, maximum,
average, wildpoint, and out-of-limits values and alarms. Additionally, numerous derived
parameters will often be generated, further expanding the amount of data to be logged.
Front-end processing also creates another situation which adds to the quantity of data.
The variability between processes and the need for parallel processing to handle the huge
amounts of data in real time have required all data to he tagged, since their position in the
frame no longer has any meaning after they have been through one of the processors.
Since new data are being generated from the original data, the number of tags required
may he several times the original number of parameters. Most large systems will need to
use tens of thousands of tags for a large test. If sixteen bits of tag are added to each piece
of data, and these data are sixteen bits long, then the amount of information to be logged
is doubled. All of the above situations have contributed to the need for a high-speed,
large-capacity logging system.
SYSTEM OVERVIEW
In order to solve the problems involved in the real-time logging of data for the McDonnell
Douglas Helicopter Company telemetry system it became apparent that the key factors
driving the solution were the rate of logging and the amount of data. It was desired that the
solution be primarily an off-the-shelf subsytem with any necessary custom interfacing to
be done in-house. The advantages to the customer and PSL were in reduced risk
associated with proven hardware and the availability of maintainence support. The
solution to these requirements is shown in Figure 1.
In this case, the telemetry front end is a combination of Aydin S2000 telemetry equipment
and PSL-developed processing units and interfaces. The HGbus of the S2000 is
connected to an Aptec Computer Systems, Inc., Model IOC 2400 through a PSLdeveloped interface. Connected to the IOC 2400 are two Ibis Systems, Inc., Model 1400
disk drives. The IOC 2400 transfers its data to a Digital Equipment Corporation VAX
11/785 computer through a UNIBUS link.
DISK LOGGING SYSTEM
The disk-logging system consists of an APTEC IOC 2400, two Ibis System, Inc., Model
1400 disk drives and associated interfaces. The IOC 2400 is a specialized input/output
computer designed to support high-data-transfer tasks on Digital Equipment Corporation
VAX/VMS-based systems. The IOC 2400 has its own internal bus system, with a data
bandwidth of 24 megabytes per second. This bus is designed to manage large volumes of
I/O data. Each of the disk drives is connected to the IOC 2400 through a separate adapter
and interface. The use of separate interfaces for the disk drives allows maximum flexibility

in managing the data. One drive can he used for recording data, while the other is used to
play back previous data. This feature allows data to be transferred from the playback disk
to the VAX system while continuing to log data in real time on the recording disk. Two
Megabytes of 32-bit random access memory are also contained in the IOC 2400. This
memory is used to buffer the incoming data before it is transferred to the Ibis disk drives.
The Ibis disk drives are the same as used on Cray supercomputers. These drives are
capable of transferring data at a sustained rate of up to 10 megabytes per second. They
each have a formatted data capacity of 1.2 gigabytes. If data is transferred to the disk
system at a maximum rate of 8 megabytes per second, then the total storage is calculated
by dividing the total disk storage, which is 2.4 gigabytes, by the rate, which is 8
megabytes per second. The total storage is 300 seconds or five minutes. If we work
backwards from the 8-megabytes-per-second logging rate toward the bit synchronizer on
the telemetry front end, we find when dividing this maximum rate by the width of the
HGbus, which is 6 bytes, that there are 1.333 million 32-bit words of data being stored
each second.
Converting this to a serial input rate, we find that the PCM stream needs to be 42.66
megabits per second. As it turns out, this is an optimum situation where each word in the
PCM stream is the same width as the data bus of the S2000 system. For simplicity, all 32
bits of data are stored regardless of actual word length, so with word lengths of less than
32 bits, some unused bits will be stored which effectively reduces the serial input rate. For
example, if 16-bit words are used, the input rate would be reduced to 21.33 megabits. A
twist to this example is that in systems with front-end processing, the data will often be
converted to engineering units before being stored on disk. These numbers are usually in a
standard 32-bit floating point format. In this situation the disk storage space is being
optimally used much the same as in the situation where unprocessed 32-bit input words
were being stored.
Obviously this rate represents a tremendous amount of data and would only be used on
short test sequences. A more realistic scenario might be 2 megabytes per second, which
allows 20 minutes of continuous testing without dumping any of the data to the VAX.
Since it is possible to ship data from the disk drive not currently recording data to the
VAX while real-time testing is in progress, the recording time can be lengthened
somewhat, depending upon the difference between the incoming data rate and the rate that
data can be shipped to the VAX. The link to the VAX 11/785 consists of an interface on
the IOC 2400 known as a DIA (device interchange adapter) which ties into a Digital
Equipment Corporation UNIBUS adapter. The effective data rate over this link is 800
Khytes per second.

INTERFACE
Communication between the Aydin S2000 HGbus and the APTEC IOC 2400 is handled
by a PSL-developed interface. This interface consists of a single board occupying one
slot in the S2000 chassis. Data transfers on the HGbus operate in the broadcast mode
which makes the data available to all devices interfaced to the HGbus. Since no one
device normally needs all of the data, a filtering process must reject the unwanted data.
This filtering process is accomplished by a 64K by 1-bit-wide bank of high-speed
memory. This memory looks at each 16-bit tag associated with the data to determine
whether to load the data from the bus or to ignore it. The loading and verification of this
tag selection memory is done during system setup and is fully programmable to accept
any combination of tags. If the data is to be taken from the bus, 48 bits (16 bits of tag and
32 bits of data) from the HGbus are loaded into a FIFO (first-in first-out memory), which
is sized to smooth out timing differences between the HGbus and the IOC 2400. Since the
interface on the IOC 2400 is 16 bits wide, the 48 bits will be shipped from the HGbus
interface as three 16-bit words.
A rate of 8 megabytes per second is considered to be the highest transfer rate to be
supported by the link, although both the disk drives connected to the IOC 2400 and the
interface are capable of handling higher transfer rates. This built-in margin allows the
system to perform solidly under all conditions.
APPLICATION
The telemetry system designed for the McDonnell Douglas Helicopter Company solves
the problems described in the introduction to this paper. The flight vehicles being
instrumented are helicopters which are complex in nature and require involved testing
schemes. Much of the data has to do with mechanical vibration and the longevity of
critical parts in the helicopter. With flight vehicles, safety concerns are paramount in
forcing the increase in the amount of real-time data processing and logging. As soon as a
maneuver is completed and while the helicopter is still airborne and preparing for the next
maneuver it is necessary to determine if the maneuver met its specifications. This
intermaneuver period is referred to as quick-look and requires that information from the
Ibis disk drives be transferred to the VAX for generating spectrum, trend, and harmonic
plots. In order to reduce the amount of time to produce these plots, and consequently
make a determination about the quality of the maneuver, the data has already been
converted to engineering units by processors in the telemetry front end and placed in a
32-bit floating point format before being stored on the Ibis disk drives.
Some data is being transferred from the telemetry front end via other links to the VAX to
support real-time displays of safety and alarm data besides supporting scrolling strip

charts and face plate displays on graphics CRTs. This data allows the testing personnel to
make determinations as to what time slices out of the maneuver need to be brought into
the VAX from the Ibis disk drives while effectively filtering out unwanted data. Once all of
the necessary data has been transferred to storage on the VAX then that portion of the
Ibis disk drive is released for recording the next maneuver. This technique makes
optimum use of the high speed and capacity of the Ibis disk drives by using them as large
buffers for preprocessed data before transferring only the information to the VAX which
is of value to the test engineers.
CONCLUSION:
Without the availability of fast, large-capacity disk systems the value of high speed
telemetry systems and front-end processing would be severely compromised by input/
output restrictions associated with large mainframe-type computers. Currently both the
disk drives and systems to control these drives are available off-the-shelf.
Interfaces from the telemetry front ends to the disk systems are not generally available and
must be generated by those groups involved in designing and implementing large,
sophisticated telemetry systems. This is a small price to pay for the greatly improved
capabilities associated with the use of these disk systems. With current trends pushing for
even greater amounts of real-time data the fast disk storage requirements can be expected
to grow accordingly. Indications are that the logging rates and storage capacities of the
disk systems will grow to meet the telemetry needs of the future.

Figure 1. Data Logging System

TABS - an Asynchronous Block Serial Protocol for Multipoint Applications
by Paul J. Schachter - AT&T Bell Laboratories

1. Introduction
Since the early 1960’s, AT&T has established a trend toward centralized and remote
operations of the transmission network. Thorough and continuous monitoring of global
network properties can only be achieved through centralization. As a result, a secondary
network has evolved in support of these monitoring functions. The “telemetry network”
comprises a system of distributed processors dedicated to analyses of the transmission
network, together with all necessary communication links. Monitoring access to the
transmission network is provided at special interface points. Often the interface hardware
is integrated into the transmission network element itself.
AT&T uses a special protocol, TABS, the Telemetry Asynchronous Block Serial
protocol, at the interface between the telemetry network and the transmission network.[1]
TABS was designed by AT&T Bell Laboratories to optimize the performance and
economics of this interface. In this paper, we describe the structure of that protocol, its
performance properties and current implementations.
2. Design Criteria for TABS
Economic constraints require the cost of the maintenance interface to be minimal relative
to supporting network equipment. This objective is met by using an arrangement of
concentration devices which minimize redundant processing functions and by imposing
small amounts of overhead on individual network elements. The principle behind such an
architecture is to allocate processing and overhead requirements to a unit in inverse
proportion to the frequency of its occurrence in the network. For units as ubiquitous as
time division multiplex and optical fiber terminating bays, a simple asynchronous protocol
with a four wire physical connection was chosen to carry data across the maintenance
interface. Standard UARTs then suffice for communication processing. An 8-bit
Information byte was chosen to ease translation between external maintenance information
and internal byte format. Simplicity and ease of interface design are key attributes of this
protocol. See Figure 1.

Figure 1
AT&T Maintenance Architecture
The TABS protocol is used primarily for remote maintenance of transmission equipment.
In a typical application, multiple transmission units within one network installation are
connected to a single telemetry processor within the same office, either by multipoint links
or by multiple point to point connections with the telemetry processor. The transmission
units are mostly passive, assuming a slave role relative to the master status of the telemetry
processor, which controls all communications.
3. Protocol Structure
TABS is an asynchronous, polled multipoint “master-slave” communication protocol that
supports moderate data transfer rates over wire pairs of medium length, or over longer
distances using RS232 signals over modems. TABS is layered in a hierarchical manner.
Logical processes residing in a given layer in one TABS entity (master/slave)
communicate with processes of the same layer in the other TABS entity using the services
provided by the next lower layer. Each layer of communication provides services to the
next higher layer. TABS has three layers: the physical and electrical layer, data link layer
and applications layer.
3.1 Physical and Electrical Layer
The physical interface for a TABS connection between the master and slaves uses the
requirements of EIA standard RS485[2] The interface between the master and the slaves is
a four wire interconnect with one pair used to transmit data from the master to one or
more slaves and the second pair to transmit data from the slaves to the master. Bus cable

is 22 or 24 gauge twisted pair (approximately 100 ohms impedance). The topology of the
link is a bus. Main cable length can be up to 4000 feet with stubs between the bus and the
slaves up to 10 feet. Up to 32 slave units may be connected to the main bus. A “0” state
is defined as an EIA RS485 “Mark” state. A “1” state is defined as an ELA RS485
“Space” state. The idle state of the port is a “1” or “Space” state.
The master and slave transmitters have three-state drivers as described in RS485. Both the
slave transmitter and receiver have an optioned 120 ohm terminating resistor. These
resistors are always connected on the most distant slave. The transmitter in the master
drives up to 32 unit loads as defined in RS485.
3.2 Data Link Layer
The data link layer provides framing information for level 3 messages, controls multipoint
addressing on the link, provides transparency to level 3 information and handles necessary
error detection and recovery procedures.
3.2.1 Frame Structure Transmission is asynchronous serial with transmission of each
character as follows (in order transmitted): One start bit, eight information bits (byte),
least significant bit transmitted first, one odd parity bit one stop bit.
Start 0=LSB

1

2

3

4

5

6

7=MSB parity

stop

The rates for transmission and reception of data are a function of the particular
application. Rates of 300, 1200, 2400, 4800 and 9600 baud are acceptable.
The basic unit of level 2 transmission is the frame, containing a header, optional I-field,
and a checksum:
Header ID - 8 bits
Address
5 bits

Command
3 bits
I-Field Byte Count - 8 bits
I-Field 0 - 255 bytes
Checksum LSB - 8 bits
Checksum MSB - 8 bits

The Header ID indicates whether the level 2 frame is a request or response: DB (hex) is
used for requests and E7 (hex) for responses. The Address at level 2 indicates the identity
of a particular slave unit. The address can range from 0 to 31. The Command Code
indicates the purpose of the transmission. Level 2 uses three bits (0, 1, and 2) of the
second byte for commands. Currently three types of commands are defined:
C I-frame - command code 0 (000) is used to transmit level 3 information
C Resend - command code 1 (001) is used in the recovery from communication errors
C Test - command code 4 (100) is used to evaluate the reliability of the communication
link
Information transparency is achieved with the I-Field Byte Count. This indicates the
number of bytes of the I-field to follow, which may range from 0 (e.g., no I-field) to 255.
The I-Field may contain a level 3 message or a level 2 test pattern. The contents of the
level 3 message in an I-frame are transparent to level 2. I-frame requests and responses
may contain 0 to 255 bytes in their I-fields.
The Checksum is the 16-bit sum of all bytes in the The checksum is the 16-bit sum of all
bytes in the frame, excluding itself. The least significant byte of the checksum is
transmitted first.
3.2.2 Link Procedures Level 2 communications is polled, half duplex. For error
recovery purposes, the slave always retains a copy of the last message which it
transmitted. The master coordinates error recovery procedures and port/address failure
procedures. It must coordinate the reception of messages from all slaves on the link.
Under normal operations, only one message is outstanding on a TABS link at any given
time. The master waits until a valid response header is received with the proper slave
address or until a time out limit is exceeded before sending another request.
The response of a slave to an error free resend request is determined by the state of an
internal indicator set by the slave. The indicator is denoted by I in table 2. It tells the slave
when to send the contents of its buffer or when to ask for another request message from
the master.
3.2.3 Finite State Machine Representation The data link layer of TABS can be
represented as the interaction of two finite state machines. State tables for both the master
and the slave entities are given in the following two tables.
Each table is read as follows: For a given state (row) and a given input (column), the
intersection contains the subsequent state in the top entry and the output in the bottom

TABS Master Entity - Level 2 State Table
State

1. Await I-Frame
1st XMT
2. Await Test
1st XMT
3. Await I-Frame
2nd XMT
4. Await Test
2nd XMT
5. Await Resend
or I-Frame
6. Await Resend
or Test
7. Idle

Input (Response)
I-Frame

Test

Resend

Error or Null

7

5

5

5

Null

Resend

Resend

Resend

6

7

6

6

Resend

Null

Resend

Resend

7

7

7

7

Null

Null*

Null*

Null*

7

7

7

7

Null*

Null

Null*

Null*

7

7

3

7

Null

Null*

I-Frame

Null*

7

7

4

7

Null*

Null

Test

Null*

7

7

7

7

Null

Null

Null

Null

Table 1: Finite State Machine Representation of TABS Master Entity
entry. Note that the master inputs coincide with the slave outputs and the slave inputs
coincide with the master outputs.
3.3 Applications Layer
All level 3 requests sent from a master contain a 1-byte level 3 command byte as the first
byte. This Command byte defines the level 3 message type and determines the presence
and interpretation of any other information in the message. Level 3 responses sent from
slaves have a Command byte and a Response Status byte as the first two bytes.

TABS Slave Entity - Level 2 State Table
State

1. Idle, I=0

2. Idle, I=1

3. Sending I-Frame : I=0

4. Sending Test : I=0

5. Sending I-Frame : I=1

6. Sending Test : I=1

7. Sending Resend Resp
(I=0)
8. Sending Buffer
(I=1)

Input (Request)
I-Frame

Test

Resend

Error

Null

3

4

7

1

1

Null

Null

Null

Null

Null

5

6

8

1

2

Null

Null

Null

Null

Null

5

6

5

1

2

Error

Error

Error

Error

I-Frame

5

6

6

1

2

Error

Error

Error

Error

Test

5

6

5

1

2

Error

Error

Error

Error

I-Frame

5

6

6

1

2

Error

Error

Error

Error

Test

3

4

7

1

1

Error

Error

Error

Error

Resend

5

6

8

1

2

Error

Error

Error

Error

Buffer

Table 2: Finite State Machine Representation of TABS Slave Entity
The level 3 Command byte (first byte in the message), matches the Command byte from
the request that triggered the response. This Command byte determines the presence and
interpretation of information in the message other than the Response Status byte.
The second byte in the message, The Response Status byte, gives the master information
on the state of the slave. It is defined as follows:
Bit 0 - More Data: This bit indicates whether an additional response message is needed
to return the data requested in the request message.

Bit 1 - Diagnostic Pending: The slave sets this bit to 0 in all level 3 response messages
unless it has generated diagnostic messages to send to the master;
Bit 2 - Reconfiguration Needed: The slave sets this bit to 1 if the architecture of the slave
changes so to affect the validity of the information in the configuration message, or if the
slave is “reset” (e.g., by turning power on).
4. Performance Analyses
Analyses of the TABS protocol has yielded useful information concerning performance in
different operating environments. By fairly tedious counting arguments, it can be shown
that the combination of odd parity on characters and vertical checksum on frames detects:
All odd errors, all double errors and better than 99.7% of all errors with 4 or more bits.
Analyses of the throughput efficiency of TABS has been carried out to evaluate
performance under variable message lengths. At 2400 baud, the protocol is robust in the
region of 10-4- 10-6 background noise bit error rate with message lengths ranging between
1 and 2.5 kilobits. In this region the link efficiency ranges between .65 and .70, which is
near the ideal maximum of 8/ 11 = .727.
5. Current Implementations
At the present time, AT&T has gained a considerable amount of experience in the use of
the TABS protocol. There are now 3 types of hardware implementations of the TABS
master being used in the telemetry network. These are monitoring 9 distinct types of the
newest high capacity digital transmission systems, serving as TABS slaves. Combinations
of these entities are deployed at hundreds of sites, with a large growth rate expected.
6. Conclusion
TABS is a simple asynchronous protocol which was designed for retrieval of operations
data which minimizes processing requirements on the maintenance interface of
transmission systems. In this paper, we have described the main properties of the
protocol structure, given a finite state machine representation of the protocol and
discussed some of its performance properties. TABS is being used extensively by AT&T
as the maintenance interface on high capacity digital systems.
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ABSTRACT
Transaction messages are those which control action at a remote point. They are used in
communication networks for such functions as surveillance of alarms, performance
monitoring, administration of data bases and tests of leased circuits.
Generic interface requirements permit full compatibility of a wide range of
telecommunications equipment with common operations systems. The specifications
cover all aspects of the interface, from connectors to messages. Existing commercial
standards are used where appropriate, including those of the Open System
Interconnection (OSI) model.
This paper covers the methods used to define the requirements and reports on the status
of work in various standards groups.
Keywords: operations systems, transactions, OSI, generic messages
1. INTRODUCTION
There are many types of messages which can flow between computers. Each type is
characterized by distinctive attributes, such as the amount of data in an individual
message, the tolerable delay, the reliability of transmission, the internal structure of the
data, etc. Typical message types include file transfer, store-and-forward (electronic mail),
graphics, human-factors interfaces, real-time data transfer, financial transfer and
transactions.

This paper concentrates on transactions, which typically are short messages often
involving two-way communication between computers. Transactions are usually sporadic
and bursty; there may be long idle periods followed by periods of intense activity. Roundtrip transmission time should be short.
2. OPERATIONS OF TELECOMMUNICATION SYSTEMS
Today, telecommunication systems in public service are highly automated; so fully
automated, that the buildings containing the equipment are often unstaffed. All routine
operations from adding service to billing of service, together with detection of
maintenance problems and statistical measurements needed to predict the need for
additional equipment, can be carried on remotely, using centralized operations systems
connected to the computers within the telecommunications equipment by data
communications networks.
Three types of data communication predominate in telecommunications; transactions, file
transfer and human-factor interfaces.
Transactions are used to carry out specific actions between operations systems and
telecommunication equipment. For example, the telecommunications equipment may send
an alarm message to an operations system after internally detecting a failure. Or an
operation system may send a command to a unit of telecommunications equipment to
change the route of a connection, or to request a report of status. Such commands always
receive responses, if only a report that a requested action has been carried out.
File transfers are used to transfer accumulated billing data and statistics on equipment
usage to central operations systems. In the future, they will be used for data base back-up
and program down-loads.
Human-factor interfaces are used both to operations systems and to telecommunications
equipment. In both cases they often handle transactions which involve the same actions as
the transactions which take place between operations systems and telecommunications
equipment.
Each of these types of communications interfaces has distinct characteristics. Although
aspects of protocol and message structure are related, many features are specific to a
particular type. The present paper focuses on transactions, although references will be
made to the other types where relationships exist.

3. TRANSACTION MESSAGES
The roots of the word “transactions” describe the function, which concerns “action”
which takes place across (“trans-”) an interface between two agents. Usually, but not
always, there is an exchange of two or more messages between two agents.
The designer of a transaction interface starts with a description of each action which is
originated on one side of the interface and is completed on the other. This description
may be formal or informal, expressed in a flow chart, process definition or English. In
some cases, the action may be well-known to those who must meet the interface or may
be predefined in documents which are external to the interface. But in all cases aspects of
the actions on each side of the interface are central to an unambiguous interface
description.
The simplest type of transaction is a spontaneous output of information from
telecommunications equipment to an operations system. The expected action is that the
operations system will, as appropriate, log it for later reference, associate it with related
messages, direct it to the attention of some human-factor interface, or accumulate it for
statistical analysis. Such a transaction may or may not be acknowledged. Typically, in
telecommunications, alarm messages are not acknowledged. If they are missed, a
subsequent status check will pick up major problems.
A more complex type of transaction is the command, with its accompanying
acknowledgement, normal response and error responses. A command is issued by an
operations system to direct an action in telecommunications equipment. The command is
accepted or rejected depending on checks made early in the execution of the action
process. At appropriate points in the process, one or more responses is returned, either
the normal response or responses, indicating successful completion of the intended action
or an error response indicating the cause of failure to complete the action.
The specification of the command also includes worst-case times for acceptance or
rejection and for completion. This permits the operations system to time out and take
alternate action in case the telecommunications equipment malfunctions.
Note that a complete specification of an interface includes design of error and reject
messages as well as normal messages. This is a major source of the need for a flow chart
(or equivalent) of the intended action as a specification tool. The data in the error and
reject messages must be sufficient to control the contingency actions of the system
sending the command. Thus, flow chart or equivalent information of this aspect of the
operations system is needed by the designer of the command.

Transaction messages between operations systems and telecommunication equipment are
closely related to messages between human-factor interface’s and users, when the same
actions are requested.
4. GENERIC INTERFACES
The equipment for the telecommunications network and for the operations systems may
be provided by many suppliers. Achieving and maintaining compatibility among all
components is a major technical challenge. Generic interfaces are those which provide
compatible arrangements between equipment of diverse sources and types, so that a given
function can be carried out in the same way between any pairs of components. Success in
the enterprise of providing generic interfaces demands rigorous adherence to available
standards. In some cases, the state of the art in specification of interfaces must be
advanced.
This is a period of rapid expansion in the services that are being offered in the
telecommunications field. Data services are being redesigned to make them inexpensively
available where only telephones are now available. Customers are being offered automated
control over special networks. New services are being offered over the existing network.
Yet, the individual components of the network are intended for a long lifetime. Although
updating is possible, particularly in the growing fraction of the equipment which is
computer-controlled, changes do not take place everywhere simultaneously.
Consequently, the interfaces must be designed for change.
The challenge of the specification art is to achieve rigorous flexibility. That is, the
specifications must be written with a mix of precision and generality so that unanticipated
features can be added in a way that reinforces, rather than undermines the overall scheme.
Fortunately, several areas of computer science, notably linguistics and communications
protocols, are joining with the maturing art of telecommunications operations to make a
high level of flexability practical in a rigorous system of specification.
5. OPEN SYSTEM INTERCONNECTION (OSI) PROTOCOLS
A protocol is a set of rules imposed by a communication system to permit the transfer of
a message or the orderly exchange of related messages between two points. The points
are usually physically separated and may also be virtual points in a complex software
environment; that is, they may be interfaces to software processes in a multiprogramming
environment.

The development of generalized, flexible protocols has been stimulated since the ’70s by
the modularized concepts of the 7 layer protocol model sponsored by the ISO (see
figure). As the state of the art advanced, it became possible in 1983 to adopt a universal
set of protocols known collectively as the “Open System Interconnection” protocols.
The objective of OSI protocols is to permit any process in any computer to exchange
messages with any other, independent of the location, hardware, intervening data network,
operating system or source language of the process, so long as all components subscribe
to the OSI standard.
The word “open” means that conventions exchanged between the designers of the two
processes are to be minimized or eliminated. Features of the protocol are automatically
negotiated among the two end communications systems and the intervening data network
elements to achieve the common set of communication services most appropriate to the
exchange of messages.
As may be expected with standards with such far-reaching goals, the art of
implementation is still growing. Standards are not complete for the top-most (Application)
layer of protocols appropriate for transactions.
Further, not-all applications require the services of all layers. For example, consider the
problem of collecting data from several shelves of similar equipment within a single
cabinet and conditioning the data in a small computer for external transmission. Only the
simpler layers of the OSI model (for example, the physical and data link layers) may be
needed for the communications within the cabinet. But additional layers may be needed
for the collection computer for the connection to the central operations system.
Similarly, within the restricted environment of a special purpose operations network under
control of a single owner, it may be desirable to establish certain conventions externally,
giving up the ability to negotiate for services which are not needed within the fixed
environment. Such decisions must be carefully reviewed to avoid surrendering the
flexibility for unanticipated expansion of function.
Fortunately, the layered model of OSI is very robust. It may be implemented piece-meal,
with layers nulled for a time and added later as services are needed. This strategy is one
which is being adopted for telecommunications operations.
A particularly important plateau is reached when the lower three layers, which determine
the network service, are specified. These layers determine the characteristics of the data
communication network, which is likely to change relatively slowly. These layers also
determine the hardware, firmware, and “front-end” software of the end systems, which are

relatively difficult to upgrade. In telecommunications operations, the X.25 specification is
used for the lower three layers.
The upper layers (session, presentation and application) will grow with experience with
OSI and as new communication services are added.
The fourth layer, the transport layer, is an adapter between the network service and the
required transport service of the upper layers. It can be expected to evolve as the
complexity of the data communications network evolves.
The specification of protocol, then consists of choosing the appropriate subsets of OSI
which are appropriate to the job at hand, while keeping a path open to ultimate growth to
the full OSI model and the potential of adding new service features as they are defined in
evolving standards. If necessary service features may be designed for a particular
application in the spirit of similar standard features, and used until appropriate standards
are made available.
6. LAYERED LANGUAGE MODEL
Language is the set of rules which relate the intended action and the results of the action to
the contents of the message. Like protocol, the need to balance precision with flexibility
leads to a layered model; in this case, it is a five layered model (see figure).
The top layer is the pragmatic layer. The word, which is used for the top layer of natural
languages as well as for computer languages, derives from the Greek word for action. The
top layer refers to the description of the intended action discussed above; it therefore
relates the responses to the command and controls the contents of the message to assure
that all information needed to carry out the action is provided in the message.
The next layer is intermessage context. This layer controls the relation between response
messages and their associated commands, so that an operation system can recognize that
a given response is associated with a previous command and recall the data associated
with the origination of the command. This permits the operation system to complete the
task that caused the command to be generated.
The information structure layer is next. The information structure defines the names of the
data fields and names of groups of fields within a message. It is directly related to a data
structure, as used in many programming languages. It describes the contents of the
message in an abstract form, sometimes called the abstract syntax notation. Each data
field or group of data fields is described by type and by allowable content.

The next layer is the semantic layer. This is the set of translation or encoding rules by
which the values of data are converted from the form in which they exist in the computer
to the form in which they will be transferred to the target system. The word semantics,
which means sign, is sometimes used in a much broader sense to include several of the
higher layers. It is used here in its narrow sense to clarify the roles of the higher layers.
The lowest layer, called syntax means just what it means in natural languages; the rules by
which words (signs or tokens) are assembled into messages, with appropriate punctuation
or other structure to assure that they can be disassembled at the other side, with certain
relationships between words preserved. This disassembly process is usually called lexical
analysis and parsing.
When messages are formally designed in terms of these five layers, considerable flexibility
results. The engineers most familiar with the functions to be performed by a given
transaction work mostly with the top three layers; pragmatics, intermessage context and
information structure. The syntax and semantics are a compromise between
considerations of efficient transmission and translation and auxiliary requirements, such as
commonality with the human-factors interface. It is important to note that two
implementations of syntax and semantics which share a common underlying information
structure for each message can always be translated into each other.
In telecommunications operations, two syntax/semantics conventions are available: an
ASCII character string encoding derived from MML, an international standard for the
telecommunications human factors interface, and X.409, a binary digit encoding which is
often used within the upper layers of OSI.
The language layers are not completely mutually exclusive with the services of the OSI
protocol. In some cases, software services needed to implement a language may be partly
implemented a layer of the OSI model. In other cases, they may be implemented outside
the OSI model, particularly in the simpler environments.
7. STATUS OF STANDARDS
The art of designing interfaces between telecommunication systems and operations
systems has evolved over the past 15 years. A number (of the order of ten) combinations
of protocol and language combinations have been used in various contexts, mostly
designed for specific or small sets of related purposes. It has been difficult to stabilize
because of the rapid expansion of the communications art within the computer science
field, as well as increasing expansion of the roles of operations systems.

New powerful standards are now available, as well as a certain maturity in the formulation
of operations functions. Accordingly, many in the telecommunications field are working
to provide specifications for generic transaction interfaces (as well as for file transfer and
human-factors interfaces).
Bellcore has published generic requirements covering over 300 messages, including a
description of the data fields in commands, normal responses and error responses. These
documents are prepared for our client companies for their use in interface specifications.
The T1 Committee, which is sponsored by the Exchange Carriers Society of America
(ECSA) and recognized by ANSI as the body which drafts American National Standards
for telecommunications interfaces, is preparing a series of standards covering the
interfaces between operations systems and telecommunications equipment.
The CCITT, the international standards body for telecommunications, is also continuing
to expand and update its recommendations in this area.
8. SUMMARY
The state of the art in several related fields has matured to the point that generic
specifications can be written for broad functions with rigor and precision, yet be flexibility
to accommodate expansion of new functions and further advances in the art.
Members of several standards bodies are cooperating to make these specifications
available world-wide.
The presence of such standards should simplify the development of telecommunication
and operations systems for the provision of new customer services.

FIGURE
The 7 layer OSI model controls protocol, the rules by which the communication network
and communication subsystems, working together, carry the messages from place to
place.
The 5 layer language model controls the rules by which the meaning of the transaction
messages are encoded and decoded, related and turned into actions.
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ABSTRACT
Since the introduction of lightwave systems in the late 1970’s, they have become widely
deployed for long-haul, interoffice, loop and private network transmission. With
lightwave’s advantages of large bandwidth and quality of service they are becoming the
medium of choice to carry voice, data, and video. With the high capacity of lightwave
systems and the types of services carried, it is important to be able to detect, isolate, and
repair troubles quickly to minimize or eliminate service impairment.
This paper discusses remote maintenance support for high capacity lightwave systems
from a network point of view in order to minimize service impairment, and to maximize
the usage of trained operators. Specifically it addresses what functionality is needed for an
operation system in today’s environment to provide the tools necessary to maintain the
growingly complex lightwave networks of the future.
1. INTRODUCTION
The demand for communication services today is exploding. To answer this demand
established communication carriers are expanding their networks while corporations and
entrepreneurs are establishing new private networks. As these networks emerge and grow
the overwhelming problem is how to ensure day-to-day and long term service quality and
cost-effectiveness. In other words the efficiency of any network’s operation is directly
related to the mechanisms through which it is maintained.
2. LIGHTWAVE MAINTENANCE OPTIONS
There are basically two choices for maintaining a lightwave system. The system can be
maintained locally using the system’s panel display, or operator interface terminal, or the
system can be maintained remotely using an operation support (OS) system. In order to
maintain the system, whether locally or remotely, operators must be trained to understand
and interpret alarm conditions, performance data, and fault location information. If the

network is comprised of only one span1 the system can be adequately maintained by
stationing a trained operator at the lightwave terminal using the facility-specific operations
system. However as the network expands, in order to maintain cost-effectiveness the
operations support of the network must be centralized. The overall motivation for central
operation support comes from the need to gather, store and interpret data in order to
maximize the efficiency and service of the network, not a single node or facility within the
network. Also the coast of personnel, training, and facility specific operation systems
provides another strong argument for the centralization of the operation support
functions.
3. CENTRALIZED MAINTENANCE
In the past, centralized maintenance consisted of gathering information generated by each
node within the network, logging the information for further reference as well as reporting
the alarms lo the operator. It was up to the operator to take the nodal information and
correlate it to determine not only what was happening to a particular system but how the
service problem was impacting the network and the the customer. Although time
consuming, this was not a major issue when the network was relatively small and
comprised of only a few different types of vendor’s equipment. Today’s networks,
however are comprised of multivendor equipment having different line rates and capacities
and providing varying levels of sophistication in maintenance information. Another major
issue is the absence of standards; the maintenance information provided by these various
systems can be presented in different languages and have unique meanings to each
system.
In addition, the capacity of lightwave systems is doubling approximately every two to
three years, which means that a service degradation or outage within the network will
increasingly impact more and more customers. Reflecting on this trend it becomes evident
that to maintain the network you can no longer afford the time, training, and possibility of
error in letting the operator correlate and sort through the individual nodal information.
The OS systems must begin transition from nodal monitoring to a network monitoring and
administration tools.
4. NETWORK MONITORING
In order to be a useful tool in the maintaining the network the OS must provide some
basic functionality to compensate for today’s network trends.

1

A span is comprised of bidirectional transmission path(s), line repeater stations (depending on
the distance), and lightwave line terminating equipment.

4.1 multiple vendors/manufactures
The new communications demand and multivendor market provides the consumer with
low cost lightwave products. Unfortunately, lightwave products from different vendors
often use different maintenance scenarios and maintenance information for the support of
their equipment. This becomes a problem when the equipment is placed in the network
and needs to fit into an existing maintenance plan. What usually happens is that the
operator is forced to learn the idiosyncrasies of each new lightwave system and do a
mental translation between the information generated by the lightwave system and the
maintenance plan in effect. This is undesirable because of the increase in training, and the
confusion and possible error resulting from the same information having different
meanings between vendors. To overcome this problem and to enable the support of a
single network maintenance plan regardless of the particular vendor’s equipment, the OS
be able to translate incoming messages to a standard form before they are presented to
the operator and to translate the operator’s commands into the particular format that the
lightwave facility will understand. This allows operators to be trained on how to maintain a
lightwave system in general and react to specified messages regardless of the vendor’s
system.
4.2 available information
With the OS feature just described the problem of understanding different vendor’s
information has been solved. However this does not address the operator’s dilemma of
sorting through the voluminous data received from each system in order to determine
exactly what and where the problem is within the network. With the availability of
performance and fault location data the task of detecting service problems has become
easier. However in today’s environment it is still up to the operator to sort through the
information to determine what is the actual problem as opposed to merely reacting to the
symptoms being caused by the problem. In order to provide the operator with pertinent
and worthwhile data the OS system must provide some basic functionality such as:
C event threshold: The ability to notify the operator only if a specified condition occurs a
certain number of times in a specified time period.
C time threshold: The operator is notified after a certain condition is active for a specified
time period.
C correlation of nodal information: This allows the user to be shown any supplementary
abnormal conditions within the node that pertain to the problem being reviewed. This
also includes the capability for the OS to display only the highest priority event that
occurs in the node and suppress other alarms resulting from that event.

C correlation of information between nodes: This allows the operator to see the big
picture by showing other abnormalities that have occurred in the network which pertain
to the problem.
C trend analysis and report generation of operator specified data: This provides the
operator with reports of alarm or performance monitoring information for nodes or the
network. It is important that the reports call be generated on a demand basis, at
preassigned times, or as a result of an exceeded threshold or condition. The OS
should also provide the flexibility to allow operator definable time increments within
the report.
4.3 multiple line rates and capacities
The reason to maintain the network is to keep satisfied customers and therefore maintain a
level of revenue. One of the major problems of the nodal maintenance approach is that
there is no correlation between the customer and a failure within the network. As the
network expands and capacity of systems within the network increases it is imperative that
failures of a high capacity system be automatically, correlated to the problems it will cause
to the customer. In other words you want to know which customers are having service
problems before they call and complain. With this ability and performance monitoring
information it is possible to optimize the routing of service within voice and data networks
and to maintain high levels of service for important customers.
4.4 basic functionality
The preceding discussion of OS features has been based on what is needed for network
support. However the basic features used today for nodal support will need to be carried
over into the next generation of OS products. These basic features are:
C active notification: This is real time notification when an event occurs in the network.
C clear notification: This is the notification that a previous reported event has now been
corrected. It is important that this be when the event has been corrected in the
network, not when the craft have been dispatched to work on the problem.
C alarm duration: To keep track of the amount of time a condition is active.
C alarm inhibiting: This would allow the operator the ability to select which conditions are
reported.

C selective logging and retrieval/display: To be able to dictate which events are stored for
future reference and to have only selected events retrieved and displayed from the log.
C scheduled commands: This allows the OS to automatically retrieve data or issue
commands to the network elements at specified times during the day.
C event driven commands: The OS responds with pre-specified commands when a
certain event occurs in the network.
C security: As the complexity of the network and OS expand a critical concern is the
protection of the equipment and data being carried in the network. In order to provide
this protection from unauthorized personnel the OS must provide multi-level security
for access/control to the network.
4.5 ease of operation
One of the last requirements for the network monitoring OS is that the OS itself must be
easy to operate. The OS should provide help functions and menus for the novice user as
well as abbreviations and direct command entry for the experienced user. It must be
flexible enough to allow multiple users with selective routing of information to those users.
In essence the operation of the OS must be flexible enough to adapt to each individual
administration scenario as its feature functionality adapts to network maintenance needs.
5. SUMMARY
As previously stated the next generation of OS products must provide the functionality
and flexibility to aid in the diagnosis, isolation, and administrative support needed to
maintain and maximize the expanding digital network. The major OS functionalities that
were presented in this paper are:
C The support of standard interfaces to the network elements.
C Collection and thresholding of the network element data on a nodal basis.
C The correlation and analysis of the pertinent data between different nodes within the
network.
C Correlating the network troubles to the affected customers.
C Historical and trend analysis of the network data for preventive and routine
maintenance.

C OS user interfaces that are friendly, and provide adaptation to varying degrees of user
expertise
6. CONCLUSION
This paper has presented a view of functionality required for a network maintenance
operation system. However it is impractical to consider throwing away the embedded
base of OS equipment and install a new operation system. Rather the last requirement for
a network maintenance OS is that it can incorporate the information and processing of
existing OSs into a single operator interface. This provides a transition path for
monitoring the complex high capacity lightwave and networks elements by the new OS
and phasing out the existing OS as the opportunity or the need arises.
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ABSTRACT
This paper describes the design elements, construction and performance of a digital
telemetric system. The system consist of five input channels that are processed and
transmitted simultaneously achieving a dynamic range of 72 dB. A linear block coding
approach with BCH(7,4) is used to detect two error bits and correct one of them. FSK
modulation scheme is used to transmit between two ends located on line of sight 50 Km
apart.
The system is used in geophysical exploration to transmit analog signals with 50 Hz
bandwidth from a remote station to a base station. Both stations are movile and constitute
the two ends of the communication system.
INTRODUCTION
The most important parameters in Geophysical Exploration using the magnetotelluric
method are the magnetic components of earth’s surface Hx, Hy and Hz as well as the
electrical components Ex and Ey. This five signals are induced on the earth’s surface and
with proper detection and processing constitute an important research tool for
Geophysicis.
It has been show that the main physical parameters in the magnetotelluric method are
Hx(w), Ey(w), Hy(w) and Ex(w) from which the complex impedance of the soil is
obtained. The necessary resolution to process these signals is achieved with a 72 dB
dynamic range and phase stability of such signals. Fig. 1) shows the elements of the
telemetering systems. The remote station transmits the five signals captured in its site. The
base or local station captures also five signals from its own site. The signals transmitted
from the remote station are received in the local station and conditioned to perform cross-

correlation with the locally captured signals to minimize the noise contribution and provide
reliable information to the Geophysicis in charge of the research operation. The system
has been succesfully operated in different exploration zones in Mexico.
GENERAL CHARACTERISTICS OF THE TRANSMISSION SYSTEM
Analog Section
- 5 input channels
- 10 analog dynamic range
- 50 Hz bandwith
Digital Section
- PCM modulator with 12 bits uniform cuantizer with binary excess of 2048
- Sampling rate of 200 samples per second per channel
- Channel linear coding BCH (7,4)
- Asynchronous channel format of 20 bits per sample
- Information rate of 12,000 bps
- Signal rate of 20,000 bauds
- FSK modulation scheme
The TX/RX system is a FM/UHF radio with carrier frequency of 452 MHz, 40 Hz BW
and power output of 500 mwatts.
TRANSMISSION SYSTEM
Fig. 2 shows the basic structure of the transmitter connected to a conventional UHF
antenna of 11 dB gain. The main characteristics of the system are described as follows.
SOURCE CODING
The modulation system consists of a multiplexer circuit of five input channels with output
port directly connected to an analog to digital converter (A/D) of 1.5 micro seconds
conversion rate and working with 200 samples per second per channel(1). The resolution
of the device is 12 bits with uniform quantization. Fig. 3 shows a block diagram of the
modulator.
CHANNEL CODING
In order to improve the telemetry system, some kind of coding was necessary to
introduce K information bits were coded using a BCH scheme(2). The particular code
used in our design was a BCH (7,4) in which from 12 information bits, the four most

significative bits are coded generating 3 redundancy bits. By means of this operation 95%
of the total information is protected.
FORMAT GENERATOR
This circuit generates a 20 bit format for each sample and performs the series to parallel
conversion (See Fig. 4).
The efficiency of this transmission mode is 60% due to the structure of this format. A
simple calculation that takes into account the channel sampling rate and the number of bits
per sample shows that we can achieve a signalling rate of 20,000 bauds.
FSK MODULATION
Non-coherent FSK modulation was chosen for the modulator sub-system. Two tones f1
and f2 were generated and corresponding to 20 and 40 KHz respectively. Those tones
produced a frequency deviation f given by equation 1.

(1)
fc is the central frequency and the bandwidth of the radio-transmitter attached to the
modulator is 40 KHz (10-50 KHz) (See Fig. 5).
A pass-band filter is placed after the modulator and the output band-limited signal
between 10 and 50 KHz is introduced to the radio transmitter operating at 452 MHz.
RECEPTION SYSTEM
The receiver is made up of the following modules:
- FM radio receiver tuned at a 452 MHz frequency
- Non-coherent FSK demodulator
- Universal asynchronous receiver (UAR)
- BCH (7,4) decoder(3)
- Digital to analog conversion system(l).

CONCLUSIONS
This paper has described the characteristics and design approach of a five channel digital
telemetry system with 50 Hz bandwidth. FSK modulations and BCH (7,4) coding
schemes with asynchronous transmission were used.
The system has been succesfully operated in magnetotelluric studies carried on by
geophysicis of the CICESE Research Center in Ensenada, Baja California, Mexico. The
system is relatively simple and economic and can be improved if a A/D with non-uniform
quantization and convolutional decoder is added to the system.
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Figure 1 Physical link between local and remote stations

Figure 2 Telemetric transmitter system

Figure 3 Transmitter source coding

Figure 4 Transmitted and received data bits format

Figure 5 Power spectral density of FSK signal

Figure 6 Telemetric receiver system
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ABSTRACT:
Standard video cassette recorders (VCR’s) are relatively inexpensive, small, and capable
of recording large quantities of data for hours. The problem with using VCR’s to record
pulse code modulated (PCM) digital data is that glitches are recorded in the serial data
stream coincident with the video sync pulses. This problem can be solved by formating
the PCM data stream and synchronizing the video sync pulses to the PCM data.
INTRODUCTION:
A reliable instrumentation recorder is required when recording and playing back high
frequency IRIG Standard Pulse Code Modulated (PCM) serial data. The conventional
instrumentation recorder used in this application has the following characteristics:
a. As data frequencies increase, tape speed will also increase.
As tape speed increases, available record time decreases.
b. The standard tape recorder cannot reliably record PCM data at bit rates much
greater than 1 to 2 MHz per track.
c. Tape recorders are relatively expensive. Also, an average reel of tape will cost over
$100.
d. Size and weight of these recorders are relatively large.
e. Power consumption is relatively high.
Table I lists several comparisons of conventional instrumentation recorders to a VCR
recording system. The comparisons are not meant to be inclusive but rather offer a
simplistic generalization to dramatize the features of a VCR when used to record PCM
data.

TABLE I
PCM RECORDING TECHNIQUE COMPARISONS
Technique
Wide Band:
Portable
Lab Model

Freq.
(MHz)

Max Record
Time (Min.)

Volume
(cu ft)

Weight
(1bs)

Power
(Watts)

Cost
($)

2
2

15
15

4.1
31.3

120
950

500
3000

50K
80K

105

15

61.5

1000

1900

170K

Commercial VCR

4

120

0.5

10

35

500

Military VCR

4

120

0.3

9

20

12K

.2

1

10

lK

HDDR

PC24 Formatter*

(* Required when recording PCM data on the VCR)
As shown in Table I, the VCR records high frequency PCM data for up to two hours on
a cassette available from any retail outlet. When compared to Wide Band recorders, the
commercial VCR is 83% smaller; 91% lighter; it’s record time is 8 times longer; it
consumes 91% less power; is 97% less costly. The potential of a VCR can be visualized
when an accounting is made of tests where the test object imposes critical restrictions on
the test equipment in the areas of size, weight, power, long record times, and restricted
budgets. For the test engineer that requires one PCM channel and one channel for
recording IRIG timing, the VCR recorder offers impressive advantages over conventional
recorders.
VIDEO CASSETTE RECORDERS
Video cassette recorders (VCR’s) are different from conventional instrumentation
recorders in four main aspects. First, typical instrumentation recorders have from 14 to 42
channels with side tracks used for recording audio and time code. VCR’s, generally, can
record only two channels at a time; one channel for audio and one for video.
Second, with conventional recorders, the read/write heads are stationary. Data is recorded
in several continuous tracks that run parallel to the motion of the tape. VCR’s use a
helical-scan technique. Here, the tape is guided at an angle around the surface of a rotating
drum in which the video heads are mounted (see Figure 1). The heads cross the tape at a
gradual angle from edge to edge. Space is left near each edge to record audio and timing

signals on regular longitudinal tracks (see Figure 2). The path taken by the video heads
slants across the tape to form part of a helix.

Figure 1: HELICAL SCAN SYSTEM

Figure 2: TRACK AND HEAD POSITIONS

Figure 3: OVERLAP AND VIDEO HEAD SWITCHING
The third distinction is that during the read and write process, the heads switch from one
to the next as they rotate on the drum. In most helical-scan machines, head rotation is
arranged so that a single swipe of a head past the tape takes 1/60 sec. There is also an
overlap period during which the same information is recorded by the video head just
leaving the tape and the head that is just beginning to make its pass (see Figure 3). The
overlap exists in playback as well. Electronic switching is used to effect a changeover
from one video head to the next so that a continuous signal is produced. However, if the
heads are not perfectly aligned, the result of misalignment can be the insertion of gaps or
discontinuities in the PCM data as it is either written to or read from the tape as shown in
Figure 3.
A fourth aspect different is that a VCR requires video synchronizing pulses. Unlike a
conventional recorder, both horizontal and vertical video timing pulses are required to
maintain proper rotation of the heads. These pulses are multiplexed into the data stream
and generate gaps in the data. Standard PCM data must be continuous with no gaps or
the PCM decoder tends to get lost and may have a hard time finding sync-lock.
PCM FORMATTER; GENERAL DESCRIPTION
For a VCR to reliably record PCM data, something must be done to eliminate the effect
caused by both the switching of the heads and the multiplexing in of the video sync
pulses. To accomplish this result, there are two tasks: first, create buffer zones that are
insensitive to the switching of the heads and the sync pulses and, second, generate
appropriate timing pulses that will provide adequate control for the rotating VCR drum.

The system outlined in Figure 4 offers all the features required to record and playback
PCM data. The system may be implemented using any VHS or BETA formated recorder.
No modifications are required of the VCR. The system does not require the PCM data
from the PCM Encoder to conform to any rigid format that ties the frame or word
boundaries of the PCM data to the synchronization of the video sync pulses. The only
link between the VCR and the PCM data from the Encoder is between the Encoder’s
output data clock and the video sync pulses. This may be accomplished using phase lock
circuitry. In this system, the Encoder system clock is supplied by the PCM Formatter to
provide a simpler and more stable link.

Figure 4: VCR/PCM RECORDING SYSTEM
BUFFER ZONES
Buffer zones are periods of time where filler data and video sync pulses are inserted in the
PCM stream. The purpose of the filler data is to provide a period of time in which the
switching of the heads may occur without affecting valid PCM data. To generate the extra
time required by buffer zones, the frequency of the PCM data is increased. This
compresses the data and allows it to be transmitted in short bursts of time. As shown in
Figure 5, with the data now in short bursts, extra space or buffer zones are created in the
data stream. Video sync pulses may now be added causing the heads to switch during
these periods without affecting the PCM data.

Figure 5: COMPRESSED DATA
VCR TIMING
Table II lists timing characteristics of the standard video signal. Basically, the standard
video signal is composed of Vertical Sync pulses having a frequency of 60 Hz, and
Horizontal Sync pulses having a frequency of approximately 15.7 KHz. The PCM
Formatter generates timing pulses that are similar to standard timing but differ where
necessary to be more compatible with PCM data.
TABLE II
STANDARD VIDEO vs FORMATTED PCM TIMING
Video

PCM

190.5 usec
16.66 msec
(60.000 Hz)

200.0 usec
16.64 msec
(60.096 Hz)

4.7 usec
63.5 usec

5.0 usec
65.0 usec

262.5 periods

256.0 periods

Vertical Sync:
Pulse Width
Period

Horizontal Sync:
Pulse Width
Period
Horizontal Periods per
Vertical Period

Figure 6: FORMATTED PCM DATA

As shown in Figure 6A, the Formatter generates 256 horizontal sync periods for every
vertical sync period. Actual data is placed in 208 of these horizontal sync periods. The
remaining 48 periods contain filler which act as a buffer zone for the vertical sync and
head switching events. The relative timing of these synchronizing pulses is shown in
Figure 6B. As shown, the first three horizontal sync periods occure during the vertical
sync. With the buffer zone lasting 48 horizontal periods for a total of 2.9 milliseconds, the
head switching event has plenty of room to move around in before it endangers the PCM
data.
The Formatter takes 40 bits of PCM data and inserts them, in 10 bit word intervals,
between horizontal sync pulses. Each horizontal sync pulse is actually part of a frame
sync pattern used to identify horizontal periods containing PCM data. The frame sync
code is used to locate the PCM data during playback and thus provide a means for the
PCM data to be returned to its original format. Each frame sync code is 25 bits long or 5
bytes long where each byte contains 5 bits. (i.e. slightly more than a nibble.) In Figure 6C
you can see how the 10 bit data words are placed relative to the horizontal sync pulse and
the associated frame sync code.
FUNCTIONAL DESCRIPTION
The PCM Formatter actually contains two parts that may or may not be packaged
together. The Compressor takes the original PCM data from an encoder and formats it for
recording on a VCR. The Expander is used for playing the data back from the VCR and
returns the PCM data to it to its original format.
COMPRESSOR
As was mentioned, the Compressor portion of the Formatter supplies the system clock
for the PCM encoder. This is done so that the encoder and the Compressor are phase
locked to the same clock. Other means are available, but this method seemed to be the
simplest method of maintaining an accurate clock. In this application, the PCM data from
the encoder has a frequency of 500K Bits/sec. The output of the Compressor is
1 M-Bit/sec. As shown in Figure 7, the PCM data is converted from serial data to 10 bit
parallel data and temporarily stored until it can be output. The Compressor has three
controllers each operating at a frequency of 4 MHz. The Input controller monitors the
serial-to-parallel conversion process and writes the input data to memory. The Output
controller reads data from memory and controls the parallel-to-serial conversion process
of the output. The System controller acts as a bus switch. It tells the Input and Output
controllers when to access the memory bus and inserts video sync pulses into the serial
output.

Figure 7: PCM FORMATTER (COMPRESSOR)
EXPANDER
When data is played back from the VCR, the formatting process is reversed. In the
Compressor, the frequency of the PCM data was increased by a specific amount. In the
Expander, the frequency is reduced by the same amount such that the buffer zones are
removed and the data is returned to its original frequency. As shown in Figure 8, the
Expander is almost identical in structure to the Compressor. The major difference being,
the Expander watches for the frame sync codes of the horizontal sync periods containing
PCM data. Unlike the common PCM decommutator which locks on to a periodic frame
sync pattern, the Expander acts more like an RS232 interface and its associated start/stop
bits. Once it recognizes the frame sync, the Expander reads 4 PCM data words and
temporarily stores the data in a buffer. A submultiple of the original frequency is used to
load a shift register from the buffer. Here the data is output in it’s original serial format
and is ready for decoding by a standard PCM decommutator.

Figure 8: PCM FORMATTER (EXPANDER)

SUMMARY/CONCLUSION
Commercial grade, off-the-shelf video cassette recorders can successfully record PCM
data. The associated costs are a small fraction of what they are for a contemporary PCM
recorder. Higher frequency PCM data can be recorded successfully with an increase in
available record time. This concept reduces the equipment size associated with standard
PCM recording systems. The reduced size, weight, and power consumption of a VCR
recording system makes possible the recording of data in portable and mobile
applications previously not possible.
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INTRODUCTION
Today I will describe the application of the Autocorrelation function to the Magnetic
Recording Channel. I will explain what is an autocorrelated function, how does it behave
and where may it be applied in the Magnetic Recording channel.
There will be a brief description of Kodak San Diego’s Autocorrelator and how we apply
this technology. If I have done my job well at the end of this presentation you will have
enough knowledge about autocorrelation to access your own application. Before I start,
let me give a brief overview on the application of an Autocorrelator. The Autocorrelator
can be used to collect information on signals in a magnetic recording system and display
this information graphically as a statistical plot. Autocorrelation, in the time domain, is the
counter part to a spectrum analyzer in the frequency domain (Fourier Pair).
The information about the signal of interest must be stored for post analysis. This
information called a database must then be processed by a computer. The computer
passes the database through the autocorrelation algorithm and produces a second
database. This second database represents a plot of the autocorrelated function. The next
step is to plot the database on a video screen. This plot can be examined for periodicities,
randomness, and relational influences on a captured signal. In our application, this signal
is an error flag or a dropout flag. We want a statistical picture of the magnitude of errors
and their relative frequency. The information gained from Autocorrelation can aid in
solutions for:
Error Correction Codes
Media Evaluation/Qualifications
Media Process Defect Identification
Mechanical Eccentricities
Modulation Code Performances
System’s Figure of Merit

To use a cliche, “one picture is worth a thousand words,” is exactly the point of the
Autocorrelator’s graphical display. It yields information useful to those disciplines which
often find difficulty in describing an event in understandable terms.
AUTOCORRELATED FUNCTION
Let us begin with the Autocorrelated function. Mathematically, the correlation function is
defined as:

(1)
Where K(t) and M(t) are two waveforms which are time dependent.
The correlation between waveforms is a measure of the similarity or relatedness of each to
the other by a certain interval. When K(t) and M(t) are the same waveform this is called an
autocorrelated function. Figure 1 shows an uncorrelated signal described as uncoherent at
T. Figure 2 shows a maximum correlation when J=T.
The Autocorrelation function and its power spectral density is a fourier transform pair.
Waveforms, which are deterministic (statistically predictable), can be more completely
described through spectral techniques. However, random waveforms that are, by
definition, undeterministic must be described in probabalistic terms. Autocorrelation is a
method for describing the Random behavior. Both random and periodic behavior can be
evaluated in deterministic terms as limits once autocorrelated.
In our application, the signal to be autocorrelated, is the error flag or dropout flag.
Depending on the type of flag, the reliability of the flag and the point in the system where
the error is detected will influence the amount of interspection on the error mechanisms. In
practical terms we have a finite length of media and we must restrict the database to a
manageable capacity. Keeping these global influences in perspective at the time of analysis
will increase the knowledge derived from the Autocorrelated plot.
AUTOCORRELATED BEHAVIOR
Next, let us move on to a more exact description of an Autocorrelated function. Again,
mathematically, an autocorrelated function is defined as:

Limiting our sample to a finite window, we have an ensemble average:
S(J) When a function is periodic, we can write:
k(t) and Autocorrelated:

Integrated and summed,

Figure 3 shows the graph. When a function is Random, we can write:

where (S)is the number of equidistant samples within the Autocorrelation window T
seconds separated by:
(K ) is the nth sample of the function
NT is right boundage of the autocorrelation window
Figure 4 shows the graph.
Taking a complex ensemble average of an error signal may produce a graph shown in
Figure 5. This graph’s units are bits on the X-axis and of occurence on the y axis. The
X-axis is called our viewing window. Uncorrelated random errors can be found at the zero
bin on the y axis peak munus the start of the negative sloped area. Various durations of
random errors clustered in groups or bursts produce the linear sloped area.
Random events have a slope of zero and are called the Noise floor. Periodicity’s may
have a gaussian distribution. Peaks outside the neg sloped burst area that have a
magnitude in excess of 100 occurrences correlate as a periodic event. It should be noted
that the X-axis is listed as Bins. The implication here is that the Bins can be scaled to
represent 1 Bit or 10,000 Bits. Effectively, this increases the amount of media which is

under examination. This plot may take over 100 recursive calculations before the total
sample has been evaluated. Each pass represents the correlation ofr several hundred
errors. This is the reason that the graph appears incompletely filled.
MAGNETIC RECORDING CHANNEL APPLICATION
Now that we know what the Autocorrelation function represents and how it behaves, let
us see how to apply the technology. To run the autocorrelator we need the signal to be
examined and a bit clock that is in sync with the data rate of the sampled signal. The first
requirement in applying this tool, is to decide what do we want to view. As an example, if
dropouts are to be measured at what link along the signal chain do we monitor the signal.
One approach could detect a phase reversal in a Bandedge signal. Another could detect
an amplitude loss of 6 or 12 dB. Both acceptable, but subject to extraneous influences. A
cognitive process must be taken concerning the point of application in the system. Also,
as interpreting the extraneous influences on the results is critical for clarity.
Threshold loss detectors, sync loss detectors, Bit Error rate detectors, modulation code
failures, or error correction code failures all could be used as input to the Autocorrelator.
The resolution that is desired for analyzing the Magnetic Recording Channel governs the
detector’s selection. Resolution can also be extended if scaling is used with the error flag.
This allows through the viewing window to examine related errors which span more than
10 feet of tape.
ANATOMY OF KSD AUTOCORRELATOR
Let us turn our attention to the hardware implementation. Shown in Figure 6 is a block
diagram of our hardware. To perform an autocorrelated function, a database representing
the signal is required. To capture this signal and relate it to a timed event a large memory
buffer is required. To note each event (error flag) to a time interval counter is also
required.
Once the database is captured. we process it through the algorithm. In our case, to
produce meaningful results we can simultaneously collect data and process it. This rate is
limited only by computer capability to execute the algorithm and the capacity of the
memory buffer. Currently, our limitation is 16 mB/s. However, we have an improved
architecture which will provide realtime analysis. Our hardware controllers fit either
CAMAC Card configuration or the IBM AT. The CAMAC configuration is suitable for
application ot powerful minicomputers such as a VAX. The IBM AT configuration is
suitable for use as a portable laboratory tool.

The algorithm provides pre-scaling for large window spans, variable window resolution
and can transform the autocorrelated function into power spectral density plot. Hard
copies of plots and storage of the database is possible. Our application, although not
complete, has been in error analysis and media evaluation.
We use these plots to estimate Burst magnitudes and Randomness of errors. These plots
represent ten’s of millions of bits and have provided a high degree of correlation with
traditional methods (Burst/Gap analysis).
We have done some preliminary tests on media evaluation. Tests have shown some
promise in segregating media samples into manufactured types by the shape of the
autocorrelation plot. Further testing may show that there is a profile which is acceptable
for a give system. Those media samples falling out of this sample may require rejecting.
Figures 7 & 8 and Figures 9 & 10 show the profile difference between two media samples
and two different media types.
CONCLUSION
We now know that the Autocorrelation function is a measure of the similarity between a
signal with itself shifted in time. We learned what the characteristic features imply in the
graphical plots.
Hopefulyy, the suggested areas for application of this technology will develop new and
greater useage.
Autocorrelation is indeed a new tool for Magnetic Recording technologists. We would
welcome further industry input on the application of the Autocorrelator. Application is the
key for further understanding.
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GLOBAL ACQUISITION OF WEATHER AND ROAD CONDITIONS IN
DIFFICULT SITUATIONS / SLIPPERINESS EARLY WARNING
SYSTEM*
Erhard Moller and Lutz Bernstein
Labor fur Nachrichtechnik, Fachhochschule Aachen
West Germany (Presented at ITC/Europe/86)

ABSTRACT
The safety of winter road traffic demands efficient winter maintenance. The highway
authorities should be able to salt the roads just before the formation of ice. On the other
hand the use of salt should be minimized because salt burdens the environment and the
budget. A SLIPPERINESS EARLY WARNING SYSTEM for detection and prediction
of ice should assist the highway authorities. The following four kinds of ice and their
causes are of interest:
*black ice/glazed ice: rainfall on undercooled road surface,
*frost: freezing moisture on slowly cooling down road surface
*advection dew: sublimation of warm air on undercooled road surface
*compact snow : pressured snow.
The system should permit two options:
- warning system for the driver,
- measuring system for the general weather forecast.
The temperature, humidity and precipitation must be tested at dangerous places such as
bridges, slopes and ridges. The road surface conditions such as temperature, covering,
and degree of moisture and the amount of salt must be inquired about at several points at
a dangerous place.
The dates of weather and road conditions are to be transmitted from the dangerous place
to a switching point over a distance of 10 km by a 2-wire-line. The test equipment for up
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to 10 places is connected to the same line. The data are transmitted by a pulse telemetry
system from the switching point to local and central authorities.
Since there is generally no power supply along the roads and highway except small power
for telecommunication, the SLIPPERINESS EARLY WARNING SYSTEM has to
operate with a power of 10 W/ 10 V DC for the 10 test equipments and transmitters along
the 2-wire-line. This is a very hard condition in relation to using traditional sensors that
need power for heating to prevent icing. Therefore some new sensors are developed and
the sensors, the electronic equipment, and the transmitter are pulsed every 5 minutes.
Air temperature and humidity are tested by sensors that are used by the weather forecast
services. A new COMPACT SENSOR is developed to determine the road surface data.
Additionally, an INFRARED SENSOR detects the state of the road surface. The analog
voltages of the sensors are transmitted by an ANALOG MULTIPLEXER to an
ANALOG DIGITAL CONVERTER. The digital data of weather and road conditions are
transformed to a FSK signal and transmitted.
A 8085 MICROCOMPUTER controls testing, data processing, signal transforming,
transmitting, and timing at the dangerous place. The local and central authorities will have
data and alarm presentation by a PC graphic display.

Review of Spectrum Support Information
for U.S. Air Force Telemetry Equipment
Development and Procurement
LARRY BARNES
Electronics Engineer, Systems Engineering Division
U. S. Air Force Frequency Management Center
Washington D. C. 20330-6341

ABSTRACT
This paper presents a review of spectrum support information as it pertains to the
development and procurement of U. S. Air Force Telemetry Equipment. Highlights of this
review include: Definitions of terms used in this paper that are peculiar to spectrum
management; frequency bands encouraged by the U. S. Air Force for Telemetry
Equipment Development and Procurement for use in the United States including station,
channeling, and bandwidth information; frequency bands discouraged by the U. S. Air
Force for Telemetry Equipment Development and Procurement for use in the United
States; summary of Telemetry Equipment Electromagnetic Compatibility (EMC)
Parameters required when requesting certification of spectrum support in the United
States; and finally a summary of telemetry equipment EMC standards associated with the
certification of spectrum support in the United States.
INTRODUCTION
Two main sources of spectrum management regulations and procedures for telemetry
equipment are the International Telecommunication Union (ITU) Radio Regulations and
the National Telecommunication and Information Administration (NTIA) Manual of
Regulations and Procedures for Federal Radio Frequency Management. The ITU Radio
Regulations are important to USAF telemetry equipment as this equipment must
frequently operate at U.S. test ranges within line of sight range of other nation’s borders.
Also, many of the definitions used internationally have been adopted for U.S. federal use
by the NTIA.
DEFINITIONS
Spectrum Support. This term does not have an “official” definition; however, it indicates
that space in the radio frequency spectrum required for a communication-electronics

system is available. Certification of this is necessary before Air Force can develop or
procure any telemetry equipment. Spectrum support is not authority to operate.
Operation of telemetry equipment requires a frequency assignment.
Telemetry. The use of telecommunication for automatically indicating or recording
measurements at a distance from the measuring insrument. (ITU Radio Regulations)
Telecommand. The use of telecommunication for the transmission of signals to initiate,
modify or terminate functions of equipment at a distance. (ITU Radio Regulations)
Radiocommunication Service. A service involving the transmission, emission and/or
reception of radio waves for specific telecommunication purposes. Unless otherwise
stated, any radiocommunication service relates to terrestrial radiocommunication. (ITU
Radio Regulations)
Mobile Service. A radiocommunication service between mobile and land stations, or
between mobile stations. (ITU Radio Regulations)
Station. One or more transmitters or receivers, including the accessory equipment,
necessary at one location for carrying on a radiocommunication service, or the radio
astronomy service. Each station shall be classified by the service in which it operates
permanently or temporarily. (ITU Radio Regulations)
Aeronautical Telemetering Mobile Station (MOEA). A telemetering mobile station used
for transmitting data directly related to the airborne testing of the vehicle, (or major
components) on which the station is installed. (NTIA Manual)
Flight Telemetering Mobile Station (MOEB). A telemetering mobile station used for
transmitting data from an airborne vehicle, excluding data related to airborne testing of the
vehicle itself, (or major components thereof). (NTIA Manual)
Aeronautical Telemetering Land Station (FLEA). A telemetering land station used in the
flight testing of manned or unmanned aircraft, missiles, or major components thereof.
(NTIA Manual)
Flight Telemetering Land Station (FLEB). A Telemetering land station the emissions of
which are used for telemetering to a balloon; to a booster or rocket, excluding a booster
or rocket in orbit about the Earth or in deep space; or to an aircraft, excluding a station
used in the flight testing of an aircraft. (NTIA Manuall)

Telecommand Mobile Station (MOD) A mobile station in the mobile service the
emissions of which are used for terrestrial telecommand. (NTIA Manual)
Telecommand Land Station (FLD). A land station in the mobile service the emissions of
which are used for terrestrial telecommand. (NTIA Manual)
Space Telemetry. The use of telemetry for the transmission from a space station of
results of measurements made in a spacecraft, including those relating to the functioning
of spacecraft. (ITU Radio Regulations)
Radiolocation. The determination of the position, velocity and/or other characteristics of
an object, or the obtaining of information relative to these parameters, by means of the
propagation properties of radiowaves other than radionavigation ( including obstruction
warning). (ITU Radio Regulations)
SPECTRUM ENCOURAGED FOR AERONAUTICAL AND FLIGHT
TELEMETRY EQUIPMENT DEVELOPMENT AND PROCUREMENT FOR
AIR FORCE USE IN THE U.S.
1435-1530 MHZ Frequency Band. This band is encouraged for Air Force Telemetering
use subject to time following conditions:
a. Ninety-four (94) one-megahertz channels are designated for use primarily for
telemetering and associated telecommand during the flight testing of manned or
unmanned aircraft, missiles, or major components thereof (Station Classes MOEA,
FLEA, MOD, FLD, see definition above).
b. All assignments will be centered on frequencies at standard intervals of 1MHz,
beginning at 1435.5 MHz, and will be authorized bandwidths of 1,3, or 5 MHz.
Assignments with bandwidths greater than 1 MHz will be centered so that they do not
extend outside the allocated band.
c. The frequencies 1444.5, 1453.5, 1501.5, 1515.5, 1524.5 and 1525.5 MHz will be
shared with flight telemetering mobile stations (Station Classes MOEB, FLEB, MOD,
FLD-see definitions above).
d. Included as permissible use of the 1435-1530 MHz band is telemetry associated with
launching and reentry into the Earth’s atmosphere, as well as any incidental orbiting
prior to reentry, of manned or unmanned objects undergoing flight tests (Station
Classes MOEA, FLEA, MOD, FLD apply).

e. Telecommand stations authorized operation in the 1435-1530 MHz band will:
(1) Directly support flight test aeronautical telemetering functions;
(2) Be limited to 1 MHz bandwidth; and,
(3) Use antennas having a half power beamwidth of no more than 8 degrees and a
front-to-back ratio of at least 20 dB.
f. In the band 1435-1530 MHz, the channels designated for aeronautical telemetering are
also available for space telemetering on a shared basis.
2200-2290 MHz Frequency Band. This band is encouraged for Air Force Telemetering
use subject to the following conditions:
In the band 2200-2290 MHz, 90 one-megahertz narrowband channels are designated,
centered on 2200.5 MHz and each one megahertz increment thereafter, through and
including 2289.5 MHz. The use of emission bandwidths greater than 1 MHz is permitted,
provided the assigned frequencies are centered on the center frequencies of narrowband
channels. These channels are available for a) telemetering from space research space
stations irrespective of their trajectories and b) aeronautical telemetering, including
telemetry associated with launch vehicles, missiles, and upper atmosphere research
rockets. Such use is on a coequal shared basis with fixed and mobile line-of-sight
operations in the band conducted in accordance with the Government Table of Frequency
Allocations. No provision is made in this band for the flight testing of manned aircraft.
2310-2390 MHz Frequency Band. This band is encouraged for Air Force Telemetering
use subject to the following conditions:
a. Seventy-nine (79) one-megahertz channels are designated for use primarily for
telemetering and associated telecommand during the flight testing of manned or
unmanned aircraft, missiles, or major components thereof (Station Classes MOEA,
FLEA, MOD, FLD-see definitions above).
b. All assignments will be centered on frequencies at standard intervals of 1 MHz,
beginning at 2310.5 MHz, and will be authorized bandwidths of 1,3, or 5 MHz.
Assignments with bandwidths greater than 1 MHz will be centered so that they do not
extend outside the allocated band.
c. Included as permissible use of the 2310-2390 MHz band is telemetry associated with
launching and reentry into the Earth’s atmosphere, as well as any incidental orbiting

prior to reentry, of manned or unmanned objects undergoing flight tests (Station
Classes MOEA, FLEA, MOD, FLD apply).
d. Telecommand stations authorized operation in the 2310-2390 MHz band will:
(1) Directly support flight test aeronautical telemetering functions;
(2) Be limited to 1 MHz bandwidth; and,
(3) Use antennas having a half power beamwidth of no more than 8 degrees and a
front-to-back ratio of at least 20dB.
3100-3700, 5250-5925. 8500-10,000 MHz, 13.4-14.0 and 15.7 - 17.7 Ghz Bands. These
bands are encouraged for Air Force telemetering use when operations are conducted as
an integral part of a radiolocation system subject to the following conditions:
In order to transmit command signals to airborne vehicles being tracked and to receive
status information from the vehicles, military telemetering and terrestrial telecommand
operations are authorized in the bands 3100 - 3700, 5250-5925, 8500-10,000 MHz, 13.4 14.0 and 15.7 - 17.7 GHz when conducted as an integral part of the operation of
authorized stations in the radiolocation service. Such telemetering and terrestrial
telecommand operations shall be on a secondary basis to authorized stations operating in
accordance with the National Table of Frequency Allocations.
SPECTRUM DISCOURAGED FOR AERONAUTICAL AND FLIGHT
TELEMETRY EQUIPMENT DEVELOPMENT AND PROCUREMENT FOR
AIR FORCE USE IN THE U.S.
225-400 MHz Frequency Band. This band is discouraged for Air Force telemetering use
because it was reallocated to fixed and mobile communication services on 1 January
1970. No new telemletry systems should be developed or procured for use in the
United States in this frequency band.
1530-1535 MHz Frequency Band. This band is discouraged for Air Force telemetering
use because the allocation to Maritime Mobile-Satellite Service will be Primary from
1 January 1990 and the Mobile service will be on a secondary basis from this date.
1700-1850 MHz Frequency Band. This band is discouraged for Air Force telemetering
use because the development or procurement of flight test telemetry is discouraged in this
band by the NTIA Manual of Regulations and Procedures for Federal Radio Frequency
Management.

2290-2300 MHz Frequency Band. This band is discouraged for Air Force telemetering
use because it is allocated on a primary basis to Space Research, Fixed and Mobile
(except aeronautical mobile) services.
SUMMARY OF TELEMETRY EQUIPMENT EMC PARAMETERS
REQUIRED WHEN REQUESTING SPECTRUM SUPPORT
Transmitter

Receiver

Tuning Range
Method of Tuning
RF Channeling Capability
Frequency Tolerance
Emission Types
Emission Bandwidth
-3dB
-20dB
-60dB
Occupied Bandwidth
Maximum Bit Rate
Maximum Modulation Frequency
Pre-Emphasis
Deviation Ratio
Power
Output Device
Spurious Level
Harmonic Level

Tuning Range
Method of Tuning
RF Channeling Capability
Frequency Tolerance
Emission Types
RF Selectivity
-3dB
-20dB
-60dB
Type of Preselection
IF Selectivity
-3dB
-20dB
-60dB
Maximum Bit Rate
Maximum Detection Frequency
De-Emphasis
IF Frequency
Sensitivity and Criteria
Spurious Rejection
image Rejection

Antenna
Type
Frequency Range
Polarization
Gain
Main Beam
Side Lobe

Scan Characteristics
Beam Width
Horizontal
Vertical

Above is a summary of the EMC parameters required when requesting spectrum support
for telemetry equipment development or procurement for use in the United States. Details
of these parameters may be found in Chapter 8.3 of the NTIA Manual of Regulations and
Procedures for Federal Radio Frequency Management.
SUMMARY OF TELEMETRY EQUIPMENT EMC INTER-RANGE
INSTRUMENTATION GROUP (IRIG) STANDARDS ASSOCIATED WITH
THE CERTIFICATION OF SPECTRUM SUPPORT
Transmitter Frequency Tolerance. For systems of 500 KHZ to 1 MHz assigned
bandwidth (unless specified otherwise), the transmitter RF carrier (modulated or
unmodulated), shall be within 0.003 percent of the assigned radio frequency under all
operating conditions and environments. For systems with bandwidths outside this range,
frequency tolerance shall be less than 10 percent of the modulated bandwidth.
Transmitter Output Power. The output power is as directed by the intended use and
never more than absolutely necessary for reliable Telemetry Reception.
Transmitter Spurious Level.
a. For authorized bandwidths of 1 MHz or less
(1) In any 3KHz bandwidth outside twice the authorized bandwidth, the minimum
required attenuation for all emissions is 60dB below the unmodulated transmitter power,
except that it shall not be necessary in any case to attenuate below a level of -25dBm.
(2) In any 3KHz bandwidth outside twice the authorized bandwidth +1 MHz, all
emissions must be less than -25dBm.
b. For authorized bandwidths of greater than 1 MHz.
(1) In any 3KHz bandwidth outside the authorized bandwidth +1 MHz, the minimum
required attenuation for all emissions is 60dB below the unmodulated transmitter power,
except that it shall not be necessary in any case to attenuate below a level of -25dBm.
(2) In any 3KHz bandwidth outside the authorized bandwidth +2 MHz, all emissions
must be less than -25dBm.
Receiver Frequency Tolerance. The combined accuracy of all beat oscillators of the
receivers shall be within 0.001 percent of the desired frequency under operating
conditions during mission support.

Receiver Spurious Response. The spurious response shall be more than 60dB below the
fundamental frequency response.
Tunability. The system shall be capable of operating throughout the entire frequency
band without design modification.
Above is a summary of the EMC standards associated with certification of spectrum
support for telemetry equipment developed or procured for use in the United States.
Details of these standards may be found in IRIG Standard 106-80 and draft IRIG
Standard 106-86.
SPECIAL THANKS IS GIVEN TO SSGT ALICE A. JONES FOR HER TYPING AND
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THE EFFECTS OF INCREASED SATELLITE POWER FLUX
DENSITY ON NWC TELEMETRY OPERATIONS
James L. Rieger, PE/PTBW
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ABSTRACT
This paper presents an analysis of the proposed increase in satellite power flux density as
it would affect present, currently proposed, and possible future telemetry operations at
NWC and other ranges and multi-range operations. Also included are proposed methods
for mitigation of interference if flux density is raised anyway.
BACKGROUND
It has been proposed by NASA and considered by the National Telecommunications and
Information Administration (NTIA) that power flux densities produced by satellite-borne
transmitters operating in the 2225-2290 MHz band be increased from present limits to
higher, unspecified levels. Since these frequencies are shared with earthbound (but often
airborne) telemetry systems, it suits the telemetry community in general and the Telemetry
Group of the Range Commanders’ Council in particular to assure that spectrum
management practices allow for continuing compatible use of the frequencies available.
NATURE OF THE PROBLEM
The nature of the problem created by raising satellite power flux densities is that satellite
signals, now relatively weak, will increase in strength to the order of telemetry signals from
airborne and terrestrial systems. At the ground station where telemetry signals are received
and displayed or recorded, two phenomena may occur:
Capture. In FM systems, two signals of the same strength on the same frequencies will
create a nonlinear mixture of the two signals, neither of which is generally intelligible. If
one signal is more than a few decibels stronger than the other, the stronger will be
demodulated properly and the weaker signal will be ignored. If the weaker signal is the one
desired, it cannot be recovered.

Decoying. In a tracking antenna system, system logic is used to direct the antenna to
keep its main lobe pointed to maximize the strength of the received signal. If the receiver
on such a system is captured by an interfering signal, the tracking antenna will cease
following the desired signal and lock onto the signal which captured the receiver. Until an
operator intervenes to redirect the antenna, it will not track the intended signal.
Reacquisition of tracking antennas is more difficult the greater the size of the antenna (and
hence the narrower its beamwidth).
NATURE OF TRANSMISSIONS
Telemetry signals are sent from a variety of what we call “vehicles,” from missiles and
aircraft (with or without pilot), to high-speed sleds and mobile land targets. Bandwidths of
telemetry transmissions are from a low of about 300 kHz (dictated mainly by frequency
tolerances) to 5-10 MHz, with the bulk of them in the 750 kHz to 2.4 MHz ballpark.
Frequency deviation for a given system is generally optimized to provide a flat-topped
spectral response for greatest transmission efficiency. Digital signals are generally received
with a bandwidth equal to or slightly greater than the bit rate. Although telemetry systems
of less than 1-MHz bandwidth were apparently envisioned when the “bandplan” was
adopted, a significant number of telemetry systems exceed this limit. Bandwidths of
typical systems have been increasing because of more extensive use of less compact
digital signals where once PAM and FM subcarriers were the rule. Frequency use at any
range is scheduled for range events, and use of the frequencies for telemetry system
checks, etc., is scheduled on a secondary basis. Frequency use may require coordination
between several ranges if high-altitude or between-range tests are conducted. For Navy
systems, frequency assignments for a given project are granted in a two-step process,
where the infamous DD 1494 (“Application for Frequency Allocation”) is followed by an
unnumbered application for specific frequencies; the Army and Air Force have similar
procedures. Transmitters procured for a specific project are factory tuned to a single
frequency. While a project may have several frequencies assigned (and must have if more
than one telemetry set is used at a time), changing frequencies in a given telemetry set or
for a particular event is either difficult or impossible, depending on the project. On the
other hand, since only a countable number of events can be taking place on any given
range or group of ranges, the assigned frequency rarely dictates schedule. Finally, at any
given time, most telemetry frequencies are not in use, so frequency sharing with other
users is at least theoretically possible.
Telemetry systems on moving vehicles are tracked from a distance with high-gain tracking
antennas or, if possible, from up close with low-gain antennas (such as on sleds, things
that aren’t moving, or are not about to explode). With moving targets, it’s generally not
possible to predict where the target will move to, so the tracking antenna is positioned by
the received signal itself. This is initiated by a live operator positioning the antenna beam

on the target by manual means (sometimes aided by a TV camera, gunsight, or signalstrength meter), and then switching to auto-track mode. If the signal is lost due to a
transmitting pattern null, shielding, or terrain blockage, manual reacquisition is required.
Tracking based on optical or radar position data are theoretically possible, but present
other problems.
Telemetry systems also share another common characteristic: they do not store or record
data. Thus, if a transmission from a telemetry link is lost, even for an instant, that data can
never be recovered. Telemetry return links are rare, but even if a return link were present
to request a repeat of data, no repeat would be possible without interrupting later data.
Error-correcting transmissions are rarely used because of the bit rate overhead and delay
produced, and the nature of burst errors. In other words, a telemetry ground station
cannot ask “What?”
Telemetry signal strengths, as received at the ground station, can vary widely. Typical
missile telemetry transmitters have output powers of 2-5 watts, although aircraft might use
higher powers. Transmitting antenna gains are below unity, since all-aspect coverage is
required. These combine to make the effective radiated power (ERP) of a missile on the
order of 1-3 watts. Because of the difficulties in producing true omnidirectional coverage
from a cylindrical body and because of shadowing effects caused by appurtenances on
the missile and aircraft bodies themselves, nulls in telemetry transmitting patterns of 20 dB
or more can occur in captive-carry situations and nulls of 10 dB or more can exist in free
flight. Transmitter power is limited by the size of the space available for the telemetry
transmitter and available power to operate it. Typical transmitter efficiencies are 15-20%,
so heat sinking becomes a problem with increased power outputs. If these things were not
fairly rigid limits, power output would be increased on systems with wider bandwidths to
preserve low bit error rates.
Satellite systems have (or at least can have) greater flexibility in link operation. Much of
what satellites transmit is not “real time” data, but a playback of data recorded earlier,
possibly transmitted on request from a two-way ground station. If data is lost because of
a noisy link, it’s sometimes possible to request a replay. Error-correcting codes can be
used, especially in non-real-time transmissions, and elaborate schemes to correct for data
dropouts (called burst errors) can be used.
Satellites are more easily found in the sky than missiles because orbital paths are very
predictable. Geostationary satellites are the easiest to track--they go up and down slightly
with the tides, but the ground station antenna need not move at all. Those that do move,
move slowly and position can be predicted by mathematical formulas rather than by
tracking signal strength for best signal. Pattern nulls for the satellite transmitting antenna
need not exist at all, and use of directional antennas of fixed polarization is the general

situation; hence, satellite ERPs are far higher for any antenna size. Consequently, satellite
tracking receivers can use very large antennas, slow servos, clock drives, and
preamplifiers which don’t have to trade off between low noise figure and wide dynamic
range. The chances of having a satellite receive antenna “pulled off” (decoyed) by a
missile or aircraft telemetry signal are zero. We would imagine that satellites have definite
limitations with regard to transmitter power output for the same reason that limitations
exist for telemetry systems--namely space, power, and heat sinking; hence, bigger
transmitters are not necessarily better in satellites either.
Satellite transmitting bandwidths cover a greater range than those used in telemetry--from
simple unmodulated beacons which can be received with very narrow bandwidth receivers
(on the order of a few kHz) to spread spectrum systems which occupy tens of MHz. For
this reason, satellite power output is measured as a density (watts/Hz) rather than in
straight power terms. Since satellite output is measured that way, wideband systems will
tend to be a greater problem with telemetry interference because they can cover multiple
frequencies.
Because the satellite and airborne telemetry requirements are so different, they can
relatively easily co-exist on the same frequencies as long as satellite flux densities (ERP
divided by the square of the path length per unit frequency) of the satellites are far lower
than the normal operating range for missile and aircraft telemetry. Satellites can transmit at
will on any frequency and be sufficiently weak at any range that they cannot possibly
capture telemetry receivers nor decoy tracking antennas. Ranges are free to use whatever
antenna size (and G/to) suits their systems most handily.* Ranges can assure that missiles
and aircraft will not be receivable wherever satellite reception is desired, and for events
that do involve telemetry transmitters being where satellites are to be received,**
scheduling can be used to coordinate the dual use.
THE NTIA PROPOSAL AND THE TG RESPONSE
The original proposal made by the NTIA in February 1983 (Reference 1) concluded that
“...there is a potential for an increase in PFD limits presently given in the NTIA manual...”
without specifying what limits were being recommended. At present, these limits range
from -154 dBw/m2 per 4 kHz bandwidth to -144 dBw/m2, depending on the angle of
arrival. Harold Jeske of Sandia Laboratories concluded in his paper (Reference 2) that
such a signal would be 10 dB above the noise threshold when an antenna with a system
noise figure of 4 dB is pointed at the horizon. This difference is independent of antenna
size. If a lower system noise figure were used, the degradation would be greater, as would
the degradation caused by aim points above the horizon. As Jeske points out, the
telemetry signal must be greater than system noise to provide the carrier-to-noise ratio

required for any given use; hence 10-20 dB more telemetry power is required and is not
forthcoming.
RANGE USERS’ SURVEYS
In the Fall of 1984, surveys were made of range users’ systems to determine the nature of
telemetry receiving in general and at specific ranges. The information was requested by
Lowell Minor of the Illinois Institute of Technology Research Institute (IITRI) under
contract with the Electromagnetic Compatibility Analysis Center (ECAC) in Annapolis,
MD. (ECAC manages military frequencies as does the FCC for the rest of US-based
systems.) The information produced may be the only information available on test range
telemetry operations.
TYPICAL RANGE OPERATIONS
Physical setups for telemetry vary with the range being considered. Very generally, ranges
can be split into two types: those which test over water, and those which test over land.
Because a range with water has no convenient locations for ground stations except the
shore, most water ranges view an event from behind it. Viewing an event from two or
more locations lessens the chances of capture on all antennas, but does not eliminate the
possibility entirely. At PMTC, for example, two receiving stations--one at Laguna Peak
and the other “on the beach”--are 2.9 miles apart and almost directly on an east-west line.
Both antennas are 10-meter dishes; thus, beamwidths are on the order of one degree. At a
distance of 166 miles, when pointed perpendicularly to the line connecting them
(approximately north), the patterns overlap. This decreases to 117 miles to the northwest
and complete overlap to the west, as shown in Figures 1-3. Most PMTC events are more
or less to the west, so the use of two sites does not help much. A third receiving
installation exists at San Nicolas Island, but real-time service from it is limited by a T1
microwave link (1.544 Mbit/sec) from the island to the mainland.
At NWC, reception for most events is from a single site at the south end of the range,
called “T-Pad.” Since shorter distances are involved (generally less than 20 miles), 6-foot
dish antennas are used, giving a G/to on the order of +1 dB and pattern bearnwidth on the
order of 5-6 degrees. A secondary portable receiving site at Laurel Mountain, about 13
miles to the south, provides no protection because of azimuth overlap in the area of
concern. To provide radical angular separation, receivers would be required in the Argus
mountains and to the west as well (see Figure 4).
The range with the greatest angular advantage is White Sands Missile Range (WSMR)
which can use several receiving stations generally to the south of the test area and a large
receiver at Alamo Peak, about 5000 feet above the range floor and pointing generally west.

In-place equipment at WSMR relays signals received at different points to a single
collection facility, but does not combine the signals into a single data stream. Also, the
microwave equipment is limited somewhat in bandwidth, and will require modification to
handle high bit-rate digital telemetry.
MITIGATION MEASURES
Realistically speaking, the chances of satellite PFDs being increased, whether it causes
problems to earthbound telemetry users or not, are greater than zero. Hence it is
appropriate to consider what steps could be taken to minimize the problem. While the
following listing may not be complete, it is illustrative of the type of mitigation measures
that could be considered.
Space (or angle) diversity. A single satellite cannot capture two telemetry antennas if both
are not pointed in the same direction (within the limits of each antenna’s beamwidth).
Thus, two antennas widely separated in location will not both decoy unless they are on the
same azimuth, a possible but less likely prospect. If two or more antennas are positioned
such that they view the test range from substantially different angles, overlap is even less
likely since the satellite is further away, at least by being further up. Two antennas in the
same location, however, no matter how disparate (different gains, polarizations, G/to,
height above ground or size), will capture and decoy if the satellite and telemetry
transmitter are along the same azimuth and elevation. Advantage is gained from use of a
high gain/narrow beamwidth antenna statistically, but when the telemetry source moves
toward the satellite position, the problem exists as always.
Synchronous combination. If telemetry signals are received from several widely-spaced
antennas, it is possible to combine the received signals or switch between them to
produce a data stream with very low burst errors. Combining these signals requires that
they be in time coherence, attained by delaying all signals to the extent that they are in
sync with the signal on the longest path. Such a synchronous combiner exists at
SAMTEC. The paths between each antenna and the main ground station are of fixed
length and hence fixed delay. But the distance between the signal source and each antenna
varies, and hence the delay varies also, as shown in Figure 5. If such a system were to
detect on one path a signal unlike the signal expected, it would disable that path until
proper locking is restored. The requisite “smarts” to do this exists in no present system.
Scheduling. Since satellites follow a predictable path unless something happens to change
the path, it is possible to predict where satellites are going to be months in advance. This
information, when added to range scheduling computers, will dictate what can be tested
on the ranges at which times. If schedules are known months (rather than a day or so) in
advance, use of a noninterfering telemetry frequency is possible. Since the incidence of

this type of satellite transmission is presumably very low, this should not be an incredible
burden on test ranges or satellite users. If the satellite transmitter is interrogated
intermittently, transmissions can be scheduled at any range that will be affected. In fact,
when the range cannot be used for other purposes due to satellite frequency use, the
ranges would no doubt be happy to receive and record or relay the signals received. This
has not been the case in the past because of the weaker satellite signal, but the increase in
ERP will make the satellite signals compatible with existing ground stations.
Cross-polarization. Telemetry transmitting antennas are typically linearly-polarized and
received at the ground station with circularly-polarized antennas. While this produces a
polarization loss of 50%, it allows the vehicular antenna signal to be received no matter
what the aspect of the vehicle is. While polarization-diverse receiver systems have been
built, typical telemetry receiving sites do not use that technique. Consequently, use of a
single polarization (say right-hand) in ground stations and cross-polarization of all satellite
transmissions would reduce the received satellite signal at the telemetry ground station and
not reduce the telemetry signal. Cross-polarization of overlapped channels is used at
higher frequencies to double the capacity of communications satellites.
Frequency interleaving. Telemetry channel assignments are made at 1-MHz spacings
centered on half-MHz positions (i.e., 2225.5, 2226.5, 2227.5 ... ). Especially if narrow
bandwidth channels are used, spacing satellites in the spaces between channels (i.e.,
2226.0, 2227.0, 2228.0 .... ) would reduce the chances of inadvertent decoying when the
telemetry system has an IF bandwidth of 1 MHz or less. Even if such signals overlap
partially, some advantage is gained from not having them overlap completely.
Most of these changes involve money, all of which would necessarily be spent at the test
ranges. No additional costs will be identifiable by the satellite users--the additional latitude
granted to them might even result in a savings. If the cost savings is continuing, then
passing that savings on to the ranges might be a possibility; after upgrades are completed
the savings would be to the satellite users again.
CONCLUSION
It is reasonable that in a situation such as the one at hand, nobody wants to give up
anything nor have the boat rocked. It’s also reasonable that no telemetry “customer” will
be pleased to experience a data loss or finance measures to minimize the possibility of
such a loss occurring. It’s also not clear why, considering that what we’re doing now
works, there’s any reason to change anything. But since some compromises are possible,
it does seem reasonable to discuss them--and that, presumably, is what is now being
done.

FOOTNOTES
* It is important to note that the satellite encroachment problem is independent of the G/to
of the telemetry system. It is a strong enough interfering signal--not a characteristic of the
ground station--that causes capture and antenna decoying.
** Some telemetry exercises, by their nature, involve great areas or distances, including
cruise missiles and ICBMs. While infrequent (e.g., there is probably not one going on
now), such tests do comprise a portion of telemetry events and must be considered.
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NOMENCLATURE
dB--decibel
dBw/m2--decibels referred to one watt per square meter
ECAC--the Electromagnetic Compatibility Analysis Center, Annapolis, Maryland
ERP--effective radiated power
FCC--the Federal Communications Commission
FM--Frequency modulation
G/to--gain over noise temperature, a measure of the sensitivity of a ground station receiver
and antenna system, normally expressed in decibels.
ICBM--intercontinental ballistic missile.
IF--intermediate frequency
IITRI--Illinois Institute of Technology Research Institute
kHz--kilohertz
Mbit/second--megabits per second
MHz--megahertz
NASA--the National Aeronautics and Space Administration
NTIA--the National Telecommunications and Information Administration
NWC--the Naval Weapons Center, China Lake, California
PAM--pulse amplitude modulation
PFD--power flux density
PMTC--the Pacific Missile Test Center, Point Mugu, California

SAMTEC--the Space and Missile Technical Engineering Center, near Lompoc, California
TG-- Telemetry Group (also called Telemetry Working Group) of the Range
Commanders’ Council. The TG publishes Inter-Range Instrumentation Group
(IRIG) publications 106 and 118 for use with government airborne telemetry
systems.
WSMR--White Sands Missile Range, near Alamogordo and Las Cruces, New Mexico
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A LITERAL ANALYSIS OF POTENTIAL INTERFERENCE
FROM SATELLITES WITH THE PROPOSED PFD INCREASE*
Harold O. Jeske
Sandia National Laboratories
Albuquerque, New Mexico

ABSTRACT
An increase in the maximum power flux-density (pfd) permitted from satellites in the 2025
to 2300 MHz band is currently under consideration by IRAC. This analysis assumes the
worst case conditions for interference to telemetry operations at the missile test ranges as
a result of current and proposed satellite pfd levels. Assumptions in the analysis include
the maximum permitted power flux-density with uniform energy distribution over the band
of interest, polarization compatibility, and alignment of the telemetry station, the missile
and the satellite. It was found that the performance of essentially all missile telemetry
receiving systems may be appreciably degraded by even the lowest pfd limits currently
permitted. For the higher pfd limits under consideration, degradations in the order of 40
dB are to be expected at stations with dish antennas of only five foot diameter. An
increase in the size or gain of an antenna will reduce the probability of interference,
because of its decreased beamwidth, but will also increase the performance degradation
because of the station’s increased figure of merit, G/T. For satisfactory missile telemetry
operation under these conditions, the normal missile’s telemetry received signal-to-noise
ratio would have to be well over 40 dB to overcome satellite interference. The results of
the analysis are actually independent of all receiving station parameters except the
station’s figure of merit, G/T. Probability of interference is not addressed because of the
variation of conditions and missions of the various test ranges as well as the unknown
number of satellites and their characteristics - present and future. If missile and satellite
telemetry is to coexist in the 2200 to 2290 MHz band, the implementation of several
recommendations is considered necessary. The recommendations are; 1) Satellite pfd
levels should remain at the current limits; 2) Coordination between the satellite controllers
and the range operations must be established; and 3) Multiple telemetry receiving stations
with significantly different aspect angles with respect to the test vehicle during the test
should be used.
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INTRODUCTION
According to current ITU Radio Regulations, the power flux-density (pfd) limits at the
earth’s surface from satellites transmitting in the 2025-2300 MHz frequency band, ranges
from -154 dB(W/m2) in any 4 kHz band for angles of arrival from zero to 5E above the
horizontal plane, to -144 dB(W/m2) in any 4 kHz band for angles of arrival from 25E to
90E above the horizontal plane. For angles of arrival from 5E to 25E , the pfd limit
increases 0.5 dB per degree above the 5E value.1 An increase of 10 dB to the present pfd
levels is proposed by NTIA for signals from geo-stationary or synchronous satellites. For
signals from non-geostationary satellites, or low orbit satellites, an increase of 16 dB
above the current pfd limits is proposed. Figure 1 shows the current and proposed pfd
levels for the various angles of arrival.
In order for the telemetry engineer to better relate to these pfd limits, this analysis converts
the pfd limits to dBm/MHz from an antenna with an effective area of one square meter,
which is equivalent to a five-foot dish with a 55 percent efficiency. Assuming a uniform
energy distribution over the MHz bandwidth, received power levels from satellites at the
various pfd limits are determined. The amount the satellite’s received power is above the
receiving system’s noise level is considered the performance degradation of the station
due to interference. One must assume that the desired signal has to be somewhat greater
than the interference in order to be usable, the same as usable signal-to-noise ratios in
system analysis. The threshold in FM systems is normally considered to be in the region
of 12 to 14 dB signal-to-noise ratio, so one would conclude that missile telemetry signal
must be at least 12 dB above the satellite signal to be usable.
ANALYSIS
The conversion of the pfd units of dB(W/m2 /4 kHz to dBm/MHz is done in several
simple steps. The dBW term may be converted to dBm by the addition of 30 dB to the
given level. If one assumes an antenna whose effective area is one square meter, the
power received at the lowest proposed pfd level of -144 dB(W/m2 /4 kHz would be -144
dBW or -114 dBm. The 4 kHz bandwidth may be converted to one megahertz by the
addition of 24 dB (10 log 106/4x103). What was stated as a pfd level of -144 dB(W/m2 /4
kHz may be stated as a received power of -90 dBm/MHz when received by an antenna of
one square meter effective area.
The noise level in a receiving system is determined primarily by the RF preamplifier that
amplifies the signals from the antenna. A desirable characteristic of the preamplifier, other
than gain, is its noise temperature, or noise figure. Generally, the receiving system’s
equivalent noise, referred to its input, is only slightly greater than the product of the
preamplifier’s noise temperature, the receiver’s bandwidth and Boltzman’s constant. For

a noise temperature of 290E Kelvin (Noise Figure = 3 dB.) and a bandwidth of one
megahertz, the noise power into a matched load is approximately 4 x 10-15 watts, -144
dBW, or -114 dBm. This noise level is probably within 3 dB of essentially all of the
telemetry receiving systems at government missile test ranges.
Figure 2 illustrates the satellite signal levels that would be received by a one square meter
effective area antenna for the current and proposed pfd limits as well as the approximate
noise levels that exists in most telemetry stations. It should be noted that the lowest
current pfd limit of -154 dBW/4kHz is 14 dB above theoretical noise at 290E K with an
effective receiving area of one square meter. Consider now that the effective area of the
antenna reduced to 0.5 square meter, then the received energy would be one-half its
previous value (-3 dB), causing the satellite signal-to-noise ratio to be 11 dB instead of 14
dB. Even systems with effective antenna areas of less than one-tenth square meter may
provide satellite signals greater than system noise using the smallest pfd limits specified in
the current regulations. Now assume that the effective area of the receiving antenna is
increased to ten square meters (approximately equal to a 16 foot diameter dish), then the
minimum specified pfd limit would provide a signal-to-noise ratio of 24 dB instead of 14
dB as obtained with the one square meter antenna. With the ten square meter antenna it
should be evident that with the proposed maximum pfd limit of -128 dB(W/m2 )/4kHz, a
50 dB signal-to-noise ratio would exist as opposed to the 40 dB indicated in Figure 2.
With a 50 dB satellite signal-to-noise ratio, a missile signal-to-noise ratio in the vicinity of
60 dB is required in order to overcome the satellite interference--a luxury few possess.
Although the pfd limits were converted to equivalent received power in a one MHz
bandwidth with a one square meter antenna, the results of the analysis are independent of
all receiving system parameters except the system’s Figure of Merit, G/T.2,3 If we assume,
for example, a different bandwidth, the new bandwidth makes the same change in the
received satellite power as the equivalent noise in the receiver so the resulting signal-tonoise ratio remains the same.
DISCUSSION
Unlike the fixed services or transmissions from stabilized satellites that may use directive
transmitter antennas to increase the system’s effective radiated power, missile systems
frequently use antennas with less than unity gain because of various constraints on the
systems. Transmitter antenna design goals are normally to provide omnidirectional
radiation patterns to minimize the effects of the variable aspect angle between the missile
and the receiving station as well as roll or spin of many vehicles during the tests. Missile
telemetry, in general, requires the continuous monitoring of many functions. Because of
size and weight limitations, and, in many cases, the final destruction of the vehicle, the
data cannot normally be stored for later retransmission but must be done in real time.4

Unexpected momentary interruptions in the transmission could mask vital data and data
recovery could prove to be very time consuming and costly.
Transmitters in the two to ten watt range are normally used. Increasing the missile
transmitter output power to overcome satellite interference of the magnitude required is
entirely out of the question, because of the larger batteries that would be required and the
resulting heat that would be produced. Even if efforts could satisfactorily be made to
increase transmitter power, it would be only a step in a race to raise the pollution of the
RF spectrum worldwide.
Telemetry receiving stations normally employ high-gain tracking antennas, low noise
preamplifiers and polarization diversity reception to provide the highest probability of
receiving the best signal at the most reasonable cost. A certain amount of redundancy of
receivers and recording devices is normally employed, but redundant antennas are seldom
provided.
Typical received signals have fluctuations of at least 10 dB but provide average receiver
IF signal-to-noise ratios in the order of 40 dB or approximately 30 dB above the FM
threshold. While these conditions normally yield excellent data, any reduction in this 30
dB margin above receiver threshold is undesirable because of propagation anomalies and
general data degradation. Propagation anomalies include nulls in the test vehicle’s
radiation pattern, multipath nulls, flame attenuation and reentry blackout.
CONCLUSIONS AND RECOMMENDATIONS
It is safe to assume that satellite transmissions will increase in the future as will the
capability of transmitting higher powers. Because of the high RF energy levels from
satellites, it is felt that considerable missile telemetry data loss is inevitable unless some
other restrictions are implemented. Currently no restrictions as to the nature of the
emissions, such as bandwidth or modulation type, are indicated.
Some thoughts on relieving the potential interference problems are:
1. Do not increase permissible pfd limits for satellites transmitting in the bands used by
missile telemetry.
2. To the maximum extent possible place satellite transmission systems in bands other
than the UHF telemetry bands (1435 to 1535 MHz, 2200 to 2290 MHz and 2310 to
2390 MHz) because of their potential interference. Point-to-point, or fixed service
systems should have no trouble with increased pfd limits.

3. Satellite transmission systems should be operated by command only and in areas away
from missile test ranges or coordinated with the ranges.
4. Frequency management personnel should have orbital data of all satellites that may
transmit in the telemetry bands readily available so that potential interference may be
foreseen and avoided.
5. Missile test ranges should, if possible, have multiple receiving stations that have
significantly different aspect angles with respect to the target area.
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ABSTRACT
Currently, the majority of telemetry tracking systems in use throughout the world operate
in the S-Band frequency range. While this frequency band serves as an adequate vehicle
for most applications, some require an additional higher frequency for high bit-rate data.
This requirement necessitates use of a dual frequency antenna and, more often than not,
suffering an attendant performance compromise at both frequencies which is typically
realized in such a device. One agency had such a requirement but was unwilling to accept
the usual compromise in the S-band and X-band down-links used in aircraft testing.
The design implemented by EMP Inc. satisfied the S-band requirements with the
reputable, EMP developed, RADSCAN conical scan feed positioned at the focal plane of
an eight foot paraboloidal reflector. The RADSCAN feed radome was redesigned,
shaping the frontal surface to form a hyperboloidal dichroic subreflector for the X-band
Cassegrain antenna. The subreflector was transparent to S-band while presenting a highly
reflective surface to X-band energy. The hyperboloid was fed by a profiled corrugated
horn mounted at the vertex of the paraboloidal reflector.
The X-band Cassegrainian system produced optimum performance with no degradation
whatsoever from the S-band Newtonian antenna. The degradation of the S-band system
was less than 0.15 dB. The system provided simultaneous reception of both bands with
collimated beams. The S-band system also included a side lobe comparison antenna
which precludes acquisition of a target vehicle on a side lobe.
INTRODUCTION
The trend toward dual frequency operation has accelerated in recent years, most notably
in the field of commercial and military satellites but also, to a lesser degree, the area of
in-flight testing. The reasons for dual frequency operation vary from the increased

reliability associated with frequency diversity to satisfying a need for increased data
bandwidth. Regardless of the motivation, it is highly desirous that the frequencies (usually
separated by several octaves) be handled by a single antenna system, sharing a common
beam axis. Such antenna systems have been designed and deployed so there is no intent
that this paper should create the impression that EMP has broken the boundaries of
technical knowledge and achievement. The purpose of this paper rather, is to describe
how EMP combined proven technologies to produce a unique system. The system
described herein is a state-of-the-art, two axis, automatic tracker that performed beyond
expectation. To our knowledge this is the first time the dichroic technique has been
employed in a telemetry tracking application.
The key to the antenna system is the frequency-selective surface of the subreflector for
the X-band Cassegrain antenna. The surface of the dichroic reflector appears solid and
highly reflective to X-band energy while transparent to S-band. The principles of this
surface treatment have been known for a couple of decades. Indeed, several excellent
papers have been published describing the theory in great detail. Only in recent years,
however, have these principles been put into practice. It is safe to predict an accelerated
interest in the dichroic reflector in the near future.
FREQUENCY SELECTIVE SURFACE
The frequency selective surface (FSS) consists of an array of crossed dipoles etched on
a dielectric sheet. The dipoles are designed to be resonant at the higher of the two
operating frequencies. The resonant array appears as a solid surface to the higher
frequency while the same dipoles are so small relative to the lower frequency that they are
transparent. It is this property that makes the dichroic reflector such a key element in the
design of the dual frequency antenna system.
Dipole length, width and spacing, the dielectric constant and thickness of the base
material, the shape of the surface and the mutual influence of each of the above must be
given due consideration in the design phase. These are amply documented in various
publications so will not be dealt with at this time.
THE ANTENNA SYSTEM
The dual frequency system produced by EMP was designed to receive and automatically
track in the 2.2 to 2.4 GHz, S-band telemetry band and simultaneously receive the 7.2 to
8.6 GHz portion of X-band with an antenna system which, including the feeds, is entirely
symmetrical. Several concepts were analyzed and discarded before it became obvious
that the best approach by far, though not the simplest, would be to add X-band receiving
capability to an existing EMP S-band tracker design by making the X-band portion a

Cassegrainian type with a dichroic subreflector. The results certainly support the validity
of the decision to proceed with that approach. The frequency selective surface of the
subreflector performed as expected, with no adverse effect at all at X-band and less than
0.15 dB degradation at S-band. Both antennas have simultaneous outputs of right hand
and left hand circular polarization. Fiqure 1 pictures the completed system. Figure 2
shows the geometry of the dual frequency antenna. Tables 1 and 2 list the characteristics
of the System and the Antenna Assembly, respectively.
S-band
Satisfying the S-band portion of the performance requirement was the easy part. Several
years ago EMP developed a unique conical scanning feed called RADSCAN which set
new industry standards for telemetry tracking antennas. Automatic tracking at elevation
angles at or near the horizon became routine due the excellent antenna patterns, exhibiting
side lobes of -25 dBm nominally. RADSCAN has been updated and improved through
the years and still sets the standard for performance, reliability and simplicity.
A drawing of RADSCAN, with the radome modified to include the dichroic subreflector,
is shown in Figure 3. A pair of stationary, orthogonal, printed circuit dipoles are used to
excite the TE11 mode in the rotating circular wave guide which has its axis displaced from
the boresight axis. The displacement of the phase center of the rotating waveguide causes
the beam to be conically scanned. The one moving part is driven by a hollow shaft,
brushless, two phase motor (no gears or belts). A solid state optical commutator provides
azimuth and elevation reference signals in the form of two square waves in phase
quadrature. An integral weather proof enclosure houses bandpass filters, preamplifiers
and etc. A 90 degree hybrid, located in the housing, converts the linear outputs of the
dipole assembly to RHCP and LHCP.
A quadrapod supports the RADSCAN feed assembly, placing the phase center at the
focal plane of an eight foot paraboloidal primary reflector. Since the dichroic subreflector
for the X-band antenna is the “nose” of the RADSCAN radome, its proper position in
relation to the primary reflector is always assured.
X-Band Dichroic Subreflector
Unlike the S-band portion which was essentially “off-the-shelf” hardware, the X-band
Cassegrain antenna required many hours of design time and computer analysis since the
success or failure of the entire project hinged on a single item -- the frequency selective
surface of the subreflector.

The analytical effort yielded values of 0.665 inches for dipole length and spacing and
0.060 inches for the dipole width. The substrate upon which the dipoles are etched is
0.010 inch thick kevlar. The optimum diameter of the hyperboloid is slightly over 12
inches, yielding directivity of about 44 dB and efficiency approaching 70%. These values
were well supported by empirical data, needing only minor alteration to adapt to the local
environment. The typical pattern of crossed dipoles is shown in Figure 4. Crossed
dipoles are used instead of single to make the array insensitive to the polarization of the
wave front.
At S-band a single layer of the frequency selective surface produces an impedance
mismatch. This effect is tuned out over the S-band frequency range by placing a second
layer of FSS one quarter wave length behind the first one. This is analogous to tuning out
the effect of a shunt susceptance across a transmission line with a second identical
susceptance. Thus, the final configuration of the dichroic subreflector that is both
reflective to X-band and transparent to S-band consists of two layers of frequency
selective surface separated by a low density polyfoam core.
X-Band Feed Horn
Many Cassegrainian antenna designs fail to yield the anticipated efficiency and
performance. This shortcoming is often due to overlooking or ignoring the effects of
placing the reflector within the near field of the feed. These phenomena have received due
consideration in the design of a profiled, corrugated horn as the feed for the X-band
antenna. Figure 5 shows the corrugations or grooves machined in the inner surface of the
horn. The grooves equalize the E and H-plane beamwidths, producing circularly
symmetrical primary patterns and optimizing the illumination of the subreflector. The
center-of-phase of the corrugated horn is the same for all pattern planes, assuring perfect
focus at all aspect angles. It is called a profiled horn because the taper from the input to
the aperature does not have a constant flare angle. This results in a somewhat shorter horn
for the same electrical performance. It is also a near field design in that it produces the
optimum pattern at the subreflector distance rather than in the far field. The horn has an
aperature diameter of 5.75 inches and is 13 inches long.
X-Band Circular Polarizer
The final component of the dual frequency antenna is the circular polarizer. This device is
of the disappearing septum type. Physically it appears as a short length of square
waveguide, one end of which mates with the feed horn and the other divides into two
rectangular waveguide outputs. The square transition contains a tapered “disappearing”
septum and is designed to produce quadrature phase between the two modes supported

by the square waveguide and, thus produce circular polarization. The two rectangular
wave guides output the left and right hand senses of circular polarization.
Ancillary Antennas
Three additional antennas were included in the complement of the antenna assembly.
Although not pertinent to dual frequency operation, they will be described briefly. The
Side Lobe Comparison antenna is located in the rear area of RADSCAN, aimed along the
same boresight (looking away from the reflector). Its gain approximates the level of the
first side lobe of the tracking antenna and the output serves as a reference for circuitry
which rejects any attempt to acquire and autotrack a side lobe. A single dipole, oriented at
an angle of 45 degrees is mounted near the vertex of the primary reflector. It provides a
test signal source for off-mission trouble shooting, evaluation and calibration of the
S-band receiving system. A waveguide horn serves in a similar capacity for the X-band
system.
THE REST OF THE SYSTEM
The antenna is mounted on and positioned by an EMP Model 100, two axis (elevation
over azimuth) pedestal. The servo is all solid state and operates as a modified type II. The
Antenna Control Unit is an EMP Model ACU-6, a microprocessor based unit, with
unbelievable power and versatility. A Handwheel Control Panel (position or rate control)
and a display of Commanded Position complete the installation.
CONCLUSION
Application of the principle of the frequency selective surface is certainly a viable solution
to high quality dual frequency antenna systems. Dual frequency systems may be the
solution to successful performance of missions that may now be in jeopardy due to
limited data bandwidths in the traditional L and S telemetry bands. The outstanding
performance of the system described herein certainly indicates that the time of the
automatic tracking, dual frequency telemetry receiving system has arrived.
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TABLE 1
SYSTEM CHARACTERISTICS
Parameter

Parameter Value

Frequency Range:
Antenna Gain:
Polarization:
Antenna Sidelobe Level:
Tracking Feed:
Crossover Loss:
Pedestal Output Torque:
Pedestal Brake Torque:
Angle Coverage:
Azimuth:
Elevation:

2.2 to 2.4 GEz and 7.9 to 8.6 GHz
31.0 dBi at S-Band, 43 dBi at X-Band
Simultaneous Right and Left Hand Circular
-22 dBp Maximum
Conical Scan at 29 +/- 1 Hz
0.4 dB Maximum
430 ft-lb Peak
550 ft-lb Nominal

Tracking Capability:
Angle Readout Error:
Environmental:
Temperature (0perational):
Winds:Rain:
Ice:
Vibration and Shock:
Weight:
Antenna Assembly:
Pedestal Assembly:
Counterweight:
Control Unit:
Commanded Position
Display Panel:
Handwheel Control Panel:
Analog Display Panel:
Input Power:

+/-180 degrees
-6 Deg to + 87 Deg: Tracking
-8 Deg to +92 Deg Mechanical
30 deg/sec, 60 deg/sec2 Minimum
0.2 Degrees Peak
Outside,-40 Deg C to +52 Deg C Plus Solar
Inside, 5 Deg. C to 35 Deg. C
To 40 MPH Operational (150 MPH Stowed)
9 cm/hr Wind Driven
2 cm Radial
Commercial Transportation and Shipboard
150 Pounds Maximum
400 Pounds Maximum
250 Pounds Maximum
30 Pounds Maximum

4 Pounds Maximum
2 Pounds Maximum
10 Pounds Maximum
117 +/- 5 V rms, 10/, 60 +/-3 Hz at
5 Amps Maximum

TABLE 2
ANTENNA ASSEMBLY CHARACTERISTICS
Tracking Antenna:
Reflector:
Tracking Feed:
Gain (at 2.4 GEz):
Beamwidth (at 2390 MHz):
Crossover Loss:
Polarization:
Feed Channel Isolation:
Sidelobe:
Backlobe (180 +/-80 Deg.):
VSWR (In Receiver Bands):
Antenna System Noise Temp:
(for Elevation angle above 4 Deg.)
Scanner Input:
Reference Commutator Output:
Assembly Weight:
Structural Resonance:

8 Foot Diameter Solid Paraboloid
RADSCAN at 29 +/-l Hz Scan Speed*
31 dBi Minimum
3.5 Degrees Minimum
0.4 dB Maximum
Simultaneous Right and Left Hand
Circular
20 dB Minimum
-22 dBp Minimum
-30 dBp Minimum
2.0:1 Maximum
300 Deg. K Maximum
115 +/-5 V rms,60 Hz at 2 Amps Peak
Orthogonal Square Waves 22 V p to p
150 Pounds Maximum
16 Hz Nominal

Sidelobe Reference Antenna (S-Band):
Gain:
7.0 dB Minimum
Beamwidth:
60 Degrees Nominal
Polarization:
Simultaneous Right and Left Hand
Circular
VSWR:
2.0:1 Maximum
Test Antennas (S & X-Band):
Gain:
Beamwidth:
Polarization:
VSWR:
Cassegrain Antenna
Gain (at 7.9 GHz):
Beamwidth (at 8.6 GHz):
Polarization:
VSWR:

5 dB Nominal
85 Degrees Nominal
Linear Slant 45 Deg.
2.0:1 Maximum
43 dBi Minimum
1.0 Degree Minimum
Simultaneous Right and Left
Hand Circular
1.5:1 Maximum

*Scan Speed is approximately one half the primary power line frequency.

FIGURE 1 DUAL FREQUENCY ANTENNA

FIGURE 2 DUAL FREQUENCY ANTENNA GEOMETRY

FIGURE 3; RADSCAN FEED (MODIFIED RADOME)

FIGURE 4 DICHROIC SUBREFLECTOR SURFACE

FIGURE 5 PROFILED CORRUGATED HORN FEED

A COMPARISON OF CIRCULAR POLARIZATION
WITH DUAL POLARIZATION DIVERSITY
IN THE PRESENCE OF MULTIPATH
Joan M. Sulecki, Theodore Lerner
Advanced Development Group
LTV Aerospace & Defense Co., Sierra Research Division
Buffalo, New York 14225

ABSTRACT
A major factor in the performance of a Telemetry System over the sea is the effect of
multipath. The reflected signal from the surface of the sea may, in general, add to or
subtract from the direct signal, and may therefore lead to severe fading and possible loss
of useful signal. The multipath is a function of the sea state and the polarization of the
signal. In order to reduce the effect of multipath on performance, a dual polarization
diversity system is being built for the Airborne Telemetry Relay System for the Gulf
Range.
An analysis of the performance of the dual polarization diversity system in the presence of
multipath for different sea states, different reflection angles, and different initial
polarization angles is presented. For comparison, a similar analysis is presented for a
circular polarization receiving antenna system.
Key Words: Dual polarization diversity, Multipath, Circular polarization
INTRODUCTION
This study was undertaken in conjunction with a program to provide an airborne platform
(an aircraft and associated instrumentation) which will support USAF test and training
missions on the Gulf Range. The airborne platform will provide radar sea surveillance of
planned mission areas and will serve as a relay platform for telemetry data, UHF voice
transmission, and drone control and tracking information. The Airborne Platform program
is the subject of another paper presented at this conference (1).
Primarily because of the fading introduced by multipath from the sea, the telemetry data
link may be lost from time to time. This study has investigated the use of dual polarization
diversity to improve the reliability of the telemetry link. For two reasons, the telemetry

signals will be received at the platform with random polarization. First, though the
missile’s antenna may be horizontally or vertically polarized, since the missile’s orientation
is constantly changing, the result is random. Second, since the multipath signals will be
randomly polarized, the composite signal may be of any polarization. In general, the
composite signal may be of linear or elliptical polarization.
A standard receiving system for this situation would probably use circular polarization
(CP) to capture the linearly polarized signal regardless of polarization angle. We have
hypothesized that a receiving system with dual linearly polarized channels and an optimal
combiner will provide more reliable reception than a circularly polarized receiving system.
Our study has supported this hypothesis and the airborne platform does use a receiving
system with dual diversity.
CHARACTERISTICS OF A DUAL DIVERSITY RECEIVING SYSTEM
A circularly polarized receiving system will detect any linearly polarized signals, but a
3 dB loss in power is automatically incurred. A dual polarization diversity system with
optimal combining, because it matches the received signal polarization, does not incur
such a loss.
An optimal combiner is essentially a matched filter. It uses a tracking loop to measure
incoming signal amplitude and phase on the vertical and horizontal channels, adjusts the
phases, and weights each channel in direct proportion to its signal strength. Thus, a signal
which reaches the receiver as pure horizontal polarization is weighted fully on the
horizontal channel. A signal at 45 degrees is weighted equally on both vertical and
horizontal, and a signal which arrives with circular polarization will be received with equal
weights and a 90 degree phase shift. Since multipath will cause the polarization of received
signals to be very different from those which were transmitted, a fixed combiner which is
tuned to the transmitter will not suffice. The optimal combiner, which tunes itself to the
incoming signal, will maximize the signal strength which reaches the receiving system.
PERFORMANCE ANALYSIS
The performance which can be expected from the dual diversity receiving system can be
stated in terms of the probability of fade. This probability is a function of the
electromagnetic roughness of the sea, the angle of polarization, and the fade margin.
The measure for sea roughness with respect to the electromagnetic signal is a function of
wave height, signal wavelength, and the grazing angle. Figure 1 shows, for the telemetry
frequency, the nominal wave height required for an electromagnetically rough sea as a
function of grazing angle. It is based on the commonly-accepted Rayleigh criterion for

roughness. As shown, for grazing angles of about 5 degrees, the sea is considered rough
for wave heights of about 8 inches or more. We estimate that these rough sea conditions
will exist about 80% to 90% of the time. A rough sea will create from many components,
a bounce signal which is random in both amplitude and phase. A bounce signal from a
smooth sea is of variable phase but relatively constant amplitude.
The analysis was conducted in terms of the probability of fade as a function of fade
margin. The fade margin is defined as 10 log S/S', where S/N is the direct path signal-tonoise ratio and S'/N is the required ratio.
RESULTS
The probability of fade was evaluated for fade margins from 5 dB to 25 dB for both a CP
receiving system and a dual polarization diversity receiving system. A comparison across
sea state and polarization angle can be made. For a description of the probability
evaluation procedure, see the Appendix.
The four graphs in Figures 2 and 3 apply to a rough sea. Each shows the probability of
fade as a function of fade margin for several different angles of polarization. Figure 2a is
for a dual diversity receiving system and a bounce angle of 1.25 degrees; Figure 2b is for
a CP receiving system at that bounce angle. Figure 3 is for a bounce angle of 4 degrees,
with 3a being dual diversity and 3b being CP.
Some general observations of the results are:
1. Results from dual diversity are better than those from circular polarization for any
given polarization angle, bounce angle, or fade margin.
2. There is a stong improvement with each type of receiving system as the bounce
angle increases.
3. In the CP case, the probability of fade decreases monotonically with polarization
angle, with horizontal showing the worst performance and vertical the best. In the
Dual Diversity case the probability of fade decreases from horizontal to 45 degree
polarization. It increases again as the angle increases to vertical, though horizontal
polarization remains the case with the worst probability of fade.
The graphs in Figure 4 represent smooth sea results for a 4 degree bounce angle. The dual
diversity in Figure 4a shows strong improvement for all polarization angles away from the
horizontal. The CP results in Figure 4b show that there is little decrease in the probability
of fade for polarization angles near the horizontal.

CONCLUSION
It is hoped that these graphs will be of use to those designing telemetry systems for use in
similar environments. For the airborne platform application, the dual polarization diversity
receiving system provides significantly increased reliability over a circular polarization
system. This increased reliability is in addition to the 3 dB improvement obtained for any
given antenna aperture.
REFERENCE
Zoledziowski, Severyn, “An Airborne Telemetry Relay System for the Gulf Range,”
International Telemetering Conference, Las Vegas, Nevada, October 13-16, 1986
APPENDIX: PROBABILITY OF FADE COMPUTATIONS
Rough Sea
Define S/N to be the direct signal and S'/N to be the signal which is required to avoid
fading. The resultant signal (R) is the sum of the direct (D) and any number of multipath
(M) signals caused by a rough sea. According to the Central Limit Theorem, and as
shown in Figure A-1, the resultant will have a bivariate normal density about the direct
signal.
For a circularly polarized receiving system, a fade occurs when the resultant signal
strength (R) does not reach a certain threshold, or pictorially, when the R vector falls
within the %'
S '' '
/'
N circle in Figure A-2. The probability of fade is the integral of the
probability density over the area of the fade circle:

(1)

where p(R,2) is the bivariate gaussian probability density function.
The relative size of the S/N and S'/N vectors is determined by the fade margin (FM = 10
log S/S'). The variance of the gaussian is determined by the angle of polarization and the
bounce angle. For a given angle of polarization, ", the variance is a F2 = ((H cos2" + (V
sin2") S /2N. The (s are the squares of the reflection coefficients. Typically (H is 1 and
(V is a function of the bounce angle. At the telemetry signal frequency of 2.3 GHz, a

reflection coefficient of 0.3 ((•0.1.) corresponds to a bounce angle of approximately 4
degrees, and a coefficient of 0.7 ((•0.5) corresponds to a 1.25 degree bounce angle.
In a dual linear polarization system, both the horizontal and vertical channels receive
resultant signals with bivariate gaussian distributions. Since the full signal is the in-phase
sum of these two components, a fade occurs when this sum is smaller than the required
threshold. Figure A-3 illustrates typical fade circles and densities.
The probability of fade is the probability that (RH + RV ) is smaller than a threshold
%'
S '' '
/'
N . The evaluation of this probability is the double integral

(2)

where pH and pV are the corresponding bivariate gaussian probability densities.
The relative size of S/N and S'/N is again determined by the fade margin, and the
variances of the two densities are determined by the angle of polarization and the bounce
angle. The horizontal variance is a FH2 = (H (sin2#) S /2N and the vertical is FV2 =
(V(cos2")S /2N. To model the rough sea, the (s again are 1 for horizontal and a function
of bounce angle for vertical.
Smooth Sea
A smooth sea analysis is much less probabilistic than a rough sea analysis. Though the
phase of the resultant signal is random, once the horizontal component’s phase and
magnitude are observed, the phase and magnitude of the vertical component are
determined. The composite signals from direct and multipath sources thus have a uniform
density about the direct signal rather than the gaussian densities of the rough sea case. The
smooth sea graphs were computed by integrating these simpler probability densities over
the fade circles %'
S '' '
/'
N.
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ABSTRACT
Telemetry instrumentation antennas often require several beams to allow simultaneous
tracking of several targets. These multiple beams can be provided several ways, including
multiple beam antennas and phased arrays. A brief review of the tradeoffs involved in
implementing multiple beams with phased arrays is given. Planar arrays, which may be
combined to provide wide angular coverage, include a corporate feed giving multiple
independent beams, a distributed configuration with independent beams, the Butler
beamformer, and the Gent-Rotman beamformer. Conformal implementations include
cylindrical and conical arrays, and the spherical dome lens.
TILTED PLANAR ARRAYS
Coverage
Since a planar array is limited to a scan of the order of ± 60 deg. from normal, several
arrays would be used, with the normal of each tipped up to cover the elevation scan
requirements. The optimum tilt angle is best found graphically; for elevation coverage
from 0 - 90 deg., and all azimuth coverage Knittel (1965) computes the relative merits of
configurations of 3, 4, 5, and 6 circular apertures. The 5 and 6 face configurations have
one face pointed towards zenith. The tilt angle from zenith is made equal to the maximum
scan angle found graphically. Maximum allowable element spacing is found from the
coverage diagrams, and is shown in Table 1. The effective aperture is cos 2normal times the
radiated power; the 2normal is the maximum scan angle. To make the results general, the
Wheeler 1966) current sheet active reflection coefficient is used. The total number of
elements relative to the 4 face case is given in Table 1; these cases all provide the same
minimum gain over all scan angles. It can be seen that 4 faces requires the smallest
number of elements.

No. of Faces
Max. Scan Angle
Element Spacing /8
Effective Aperture
Total No. Elements

3
63
.628
.3900
1.237

4
55
.691
.5315
1

5
47
.679
.6576
1.046

6
41
.700
.7400
1.050

Table 1
Multi-Faceted Array
0 - 90 Deg. Elevation Coverage
This type of graphical optimization is greatly facilitated by the tilted sphere diagram
developed by Corey (1985). An optimum tilt angle is determined by plotting coverage
diagrams on each of a number of tilted sphere plots, with suitably small tilt increments
between plots. From the coverage plots the maximum scan angles can be determined.
when grating lobe boundaries are placed on a sphere to just enclose the coverage plot,
element spacing can be determined. Then a quantitative comparison can be made, as
described above.
Electronic Scan with Corporate Feed
The planar arrays of the previous section must have at least one beam that scans in
both planes; scanning of two or more beams is likely. Independent scan of several beams
requires that the output of each array element be split into as many parts as there are
beams. Thus N beams require an N-way split, and the gain is reduced by 1/N. Use of an
amplifier at each element to offset this loss will be discussed in the next section. Two
beams are used as an example, with the array gain reduced 3 db due to the two beams.
Each beam uses a set of phasers, and a corporate feed. To offset the decrease in gain, the
array area must be doubled.
Electronic Scan with Distributed Array
The gain reduction of the previous section can be alleviated by incorporating a preamp
in the element chain. When the element is connected to the power divider through the
preamp, the gain is restored. To compare S/N performance of this array, and that with a
preamp at each beam port, assume an array gain of G, a signal E, an antenna temperature
of Tant an amplifier noise figure of NF, and a loss from the antenna element to the beam
port of L (at ambient temperature Tamb), not including the power split loss. For the passive
array with Nb beams, the S/N is:

(1)

A single beam system with no loss of course gives S/N = G E2/K Tant B. For the array
with preams at the elements the S/N is:

(2)

Here To = 273 deg. Kelvin. From these it can be found that the performance of the array
with preamps at the elements, to that with preamps at beamports, is:

(3)
From this it can be deduced that the S/N with preamps at the elements is always better,
especially for high loss, for large numbers of beams, for high preamp noise figures, or for
low antenna noise temperatures. In selecting a preamp, a tradeoff must be made between
low noise figure, and susceptability to damage from RFI, as pointed out by C. M. Kaloi
(1986).
The microwave components at each element can be integrated, in either a hybrid or
monolithic form. These components would include the preamp, power splitter, and
phasers. Use of integrated modules increases reliability and yield, and can reduce cost if
many are produced. For such integrated modules, diode phasers are nearly always used.
A mixer and IF amplifier can be included in each module, in which case the final beam
combining is performed at IF.
Butler Beamformer
It is now well known that the Butler Beam Forming Network (BFN) is the microwave
equivalent of the Fast Fourier Transform. It is usually configured for a linear array with the
number of beam ports equal to the number of elements, both being a power of two. A
typical Butler matrix consists of hybrid junctions and units of phase shift; see Butler,
1966. The beams in a Butler BFN have fixed crossover levels, and beam positions that
vary with frequency. Half-wave element spacing gives beam coverage of ± 90 deg.; larger
element spacing will reduce the beam coverage, but space is filled with grating lobe
(extraneous) beams out to 90 deg. Thus spacing larger than half-wave is usually not

acceptable. For half-wave spacing with an N element array, the coverage from the left
beam center to the right beam center is given by:
2cov = 2 ARC SIN (N-1)/2N

(4)

2m = ARC SIN ± M8/2ND, M = l,3,5,...(N-l)

(5)

The beam positions are:

These result from the beam patterns, which are given by:

(6)
The crossover angles are given by:
2xov = ARC SIN ± M8 /2Nd, M = 0,2,4,...,N

(7)

For large Butler arrays the crossover level is fixed, but as seen in Table 2 for small arrays,
it and the sidelobe ratio change slightly. The crossover level is independent of spacing.
Use of line lengths instead of phase shift in the Butler matrix does not affect the beam
positions with frequency, but produces a phase error over the array (except at center
frequency) that increases sidelobes and reduces gain. To eliminate the need to build
broadband constant phase shift circuits for broadband Butler’s, the phase shift may be
replaced by hybrids (Chow & Davies, 1967).
N
4
8
16
32
4

SLR
11.30 db
12.80
13.15
13.23
13.26

Xover
-3.70 db
-3.87
-3.91
-3.92
-3.92 = 2/B

Table 2
Butler Crossover Levels
For telemetry applications where an angular range of ± 60 deg. appears a sensible
choice, the number of elements in each linear array would be selected to produce the
desired beamwidth between adjacent crossovers. Table 3 shows the number of beams

included in the coverage range, the angle of the last beam crossover, the beamwidth at the
extreme of the coverage, and the beamwidth at broadside.
N

16
32
64

Beams in
± 60 deg.
14
28
56

2xov-xov
At 60 deg.
12.5 deg
6 .7
3.5

2xov-xov
at 0 deg.
7.2 deg
3.6
1.8

Table 3
Beamwidths for ± 61 deg. Coverage

A significant disadvantage of this type of Butler BFN concerns the crossover levels
and sidelobes. The latter are -13.3 db while the crossover level is -3.92 db. However, with
a square matrix of beams, the diagonal (worst case) crossover level is given by SINC
B/% '
2 = -8.92 db. To obtain a useful system it is necessary to raise the crossover levels
and lower the sidelobes. Both can be accomplished by incorporating a tapered amplitude
distribution in the array. For small arrays, sampling of a continuous distribution such as a
Taylor is not satisfactory, however the Villeneuve distribution is suitable for arrays of 8
and 16 elements, see Villeneuve, 1984; Hansen, 1985. For arrays of 32 elements and larger
a conventional Taylor distribution is a good choice. For example, a Taylor one-parameter
distribution which provides a sidelobe ratio of 25 db has a linear excitation efficiency of
.863, representing a directivity loss of 1.28 db for a square array. The taper must be
implemented with attenuators at the elements. Using the Taylor distribution (see Hansen,
1983B) the crossover level of adjacent beams is given by:
(9)
Note that this is in respect to a beam peak which is SINHC BB. SINHC is the hyperbolic
sin x/x. Thus for the 25 db sidelobe case, the crossover is -2.39 db, and the diagonal
(worst case) crossover is -4.99 db.
Taylor beams constructed in this fashion are non-orthogonal. Thus there will be some
beam-to-beam coupling. However for arrays of dipoles as large as 32 elements per side,
with the modest sidelobe levels usually needed, the sidelobe ratio degradation should be
less than 1 db*.

*Unpublished calculations by R. C. Hansen

The Butler configuration then would consist of a square array, probably dipoles over a
backscreen, with N Butler BFNs connected to the N linear array components of the planar
array. Each element would be provided with the proper excitation to satisfy the Taylor
taper. A second set N Butler BFNs would connect to the beam ports of the first set; the
second set would connect at right angles to the first set. The beam ports of the second set
would provide the square matrix of N by N beams. Each of these beam ports could be
connected to a receiver, or single receiver could be used with a single pole multiple throw
switch to select the desire beam port.
The loss in a Butler BFN occurs in the hybrids, in the phasers, in the line lengths, and in
the connectors. Assuming the last two are combined the loss for a linear array of N
elements where N = 2n is:
loss = n Lhyb + (n-2) Lphaser + Llines
All losses here are in db, and for the 2-D case used here the losses must be doubled.

Gent-Rotman Beamformer
The Gent-Rotman lens is a two-dimensional structure in which one of a row of beam
ports illuminates a row of collector ports, which are connected to the antenna elements
(Gent, 1957; Rotman, 1958). The lens medium may be parallel plate guide, stripline, or
microstrip. With this type of lens perfect collimation is possible at two pairs of points; a
three point design, where two points coalesce at the point of symmetry is commonly
used. Neither the element port arc nor the beam port arc need be circles. In general these
arcs are not the same although a symmetric lens is more compact. The symmetric lenses
can be designed with a single parameter (Shelton, 1978). The line lengths from element
ports to elements are specified as part of the design. The electrical width of the lens must
be greater than the array width. Since the Gent-Rotman lens is a quasi-optical device, the
beam positions are fixed, and the crossover levels vary as the frequency is changed. It is
also possible to obtain high crossovers in some cases by spacing the beam ports close
together. However there is a tradeoff here involving lens spillover, internal reflections, and
port mutual coupling.
The Gent-Rotman BFN is used in exactly the same manner as the Butler BFN. A stack
of lenses is connected to the linear arrays comprising a planar array. A second stack of
lenses is cross connected to the beam ports of the first. And multiple receivers or a beam
selection switch are used at the final beam port outputs. These lenses have the significant
advantage that they are relatively simple to fabricate, and are compact and relatively
inexpensive. However they have a large intrinsic insertion loss of the order of 4 db. Thus

a two-dimensional array, which requires two BFNs in series, would have an insertion loss
larger than 8 db. Thus lenses are attractive only when the need for simultaneous beams is
sufficient to overcome these large losses, or where a preamplifier can be used at each
radiating element.
CONFORMAL ARRAYS
This section is concerned with arrays on curved surfaces, to overcome the need for
multiple planar surfaces. Configurations are cylindrical, conical, and spherical.
Cylindrical Array
A cylindrical array can, in principle, provide all azimuth scanning. However if all of the
elements around a circle are excited with phases to provide a pencil beam in a given
direction, high (-7.9 db) sidelobes arise because only the pattern of the broadside element
has a peak in the beam direction. The side elements tend to raise the sidelobe level. To
produce a useful sidelobe level it is necessary to taper the amplitude distribution in
azimuth. In essence this allows excitation of only a sector 2s of the array at a time. Within
this sector the beam can be scanned over a limited azimuth range through use of phase
shift. However outside this range it is necessary to shift the excited sector by deleting
some elements on one side and adding elements on the other side. Thus azimuth scanning
in a cylindrical array consists of a two-step procedure of switching, to connect elements
in the desired sector, and phasing, to steer the beam within the sector using those
elements. The optimum width of sector depends upon the element pattern, in particular
the active element pattern which includes mutual coupling effects. However a general idea
of the behavior of an array with sector angle is obtained by using the ideal element pattern
which is a power pattern of cos 2 , where 2 is the polar angle from normal. Using this
ideal element pattern, the sector efficiency is given by the element pattern efficiency over
the sector times the projected sector area divided by the cylinder area. The element
pattern efficiency is given by:

The sector efficiency is then:

Table 4 shows that the smallest number of elements occurs with a 134 deg. sector.
However this peak efficiency is achieved at the expense of a large grating lobe. Thus the
optimum sector angle is probably between 90 and 120 deg., and closer to 90 deg.
Sector Width

Sector Efficiency

60
90
120
134
150
180

.1520
.2026
.2280
.2307
.2269
.2026
Table 4
Sector Efficiency

Grating lobes are produced by cylindrical arrays but their formation is not simple as it
is for linear and planar arrays. There are approximate methods for computing grating lobe
behavior and these are adequate (Hansen, 1981). In general the grating lobes from
cylindrical arrays tend to be broader and of lower amplitude. A satisfactory design rule is
that grating lobes will be avoided, or below the sidelobe envelope, if the excited sector
angle is less than the ± scan angle for an equivalent planar array with the same element
spacing, and no grating lobe appearance.
A more serious difficulty is the non-separability of excitations on most conformal
arrays, including the cylindrical array. That is the azimuth distribution required to produce
a narrow beam, lobe sidelobe pattern at one elevation angle is different than that required
to produce a comparable pattern at a different elevation angle. For the modest sidelobe
levels needed here, the excitation corrections can be made with the element phasers,
providing the elevation scan is not too large. A reasonable choice is -10 to +45 deg.
Another problem is the change of polarization on the cylinder with elevation angle, to
produce a fixed far field polarization. For small excited sectors and small elevation scan
ranges, it may be feasible to accept the cross-polarization even though it changes with
scan. For larger sectors or scans dual polarized elements are required, with the
polarization adjusted for each elevation angle. Additional data are given in the Conformal
Antenna Array Handbook (Hansen, 1981), and an IEEE Special Issue on Conformal
Arrays (Kummer, 1974).
It is clear that no array can scan well from broadside to endfire; thus the near endfire
coverage is provided by a separate planar array located typically at the top of the
cylindrical array. This planar array would then scan ± 45 deg. from its normal, and all

azimuth, thereby matching onto the cylindrical array coverage. The beam control
computer can easily keep track of the beam steering and movement commands necessary
as the target moves.
Conical Array
A conical array may be considered when the scan towards zenith is such that a
cylindrical array would have poor efficiency. Just as for the cylindrical array, a sector
would be excited, but now the sector is triangular. If the cone half-angle is 2c and the
sector half-angle is 2s the half-angle of the apex of the projected aperture is 2a :
sin 2a = sin 2c sin 2s
This triangular shaped aperture incurs the difficulty of higher sidelobes, which in turn
imply use of aperture amplitude taper to reduce the sidelobes, with, as expected, lower
efficiency. To get an idea of the angles, for elevation scan from -10 to 120 deg., the halfcone angle is 55 deg. Using a 120 deg., excited sector gives a triangular aperture which
has an apex angle nearly 90 deg., and base angles near 45 deg.
Excitation non-separability exists for conical surfaces also, thus the azimuth
distribution must be changed as the elevation angle changes. Polarization rotation similar
to that in cylindrical arrays also occurs, so that dual polarization elements are required.
Another difficulty is the inability to cover a conical surface with a regular lattice of
elements. It is necessary to occasionally ‘break’ the pattern to omit elements, as the
conical diameter gets smaller. A corollary is that the space available for element feeds is
limited near the cone tip. In practice the effective aperture distribution has a blank disc in
the center; this raises sidelobes.
These difficulties of packing and packaging, and the need to control both amplitude
and phase of dual polarized elements, have effectively eliminated conical arrays from
hardware applications.
Dome Lens
The dome lens is a spherical, or near spherical, bootlace lens of roughly hemispherical
shape, located over a planar scanning array. The lens is typically designed to refract the
beam downward, thereby providing scan to low elevation angles, where the planar array
performance would be poor (Schwartzman et al, 1975, 1979). Some lens phase errors can
be reduced by adjusting the planar array phase excitation versus elevation scan angle.
Azimuth scan is provided simply by scanning the planar array azimuth angle. Often the

dome antenna can give performance equivalent to that of a multi-faceted planar array, but
with fewer components.
A dome lens can be designed to cover the entire elevation scan range of -10 to 90 deg;
as with some reflector pedestals crossing azimuth exactly requires an azimuth angle
change. The hardware requirement is a planar (roughly circular) array that can
electronically scan over 2 , N , and a bootlace lens of roughly hemispherical shape. The
lens elements and connecting line lengths are fixed. Only the planar array requires a phaser
at each element (for one beam).
Efficiency, as in other conformal arrays, is limited by the excited sector, 2array. Assume
a hemispherical lens, with a planar array over the base. Average efficiency is given by
(Steyskal et al, 1979):

For example, take a 90 deg. sector, and a planar array scanning ± 60 deg. average
efficiency is now .5513. Area of the hemisphere is twice that of the base planar array. The
hemisphere area (element count), in relation to a separate uniform planar array area
(element count) at broadside, is 2/0 = 3.63. The dome can thus be compared with
cylindrical and multi-faceted planar arrays. Two or more beams can be provided simply
by making the planar array with two or more independent beams.
SUMMARY
For multiple independent scanning beams, the multi-faceted planar array and the dome
lens are attractive candidates. Cylindrical and conical arrays are less attractive for several
reasons, which include the need to adjust aperture amplitude and element polarization as
elevation angle changes, the difficulty of arranging elements into a lattice, the complex
switch matrix necessary to rotate the excited sector, and the inefficient triangular aperture
(conical array).
This paper is a brief extract of work for the Pacific Missile Test Center; refer to
Hansen (1985B) for details.
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IMPEDANCE CONTROL OF MICROSTRIP ANTENNAS
UTILIZING REACTIVE LOADING
William F. Richards, S. A. Long
Department of Electrical Engineering
University of Houston, University Park
Houston, TX 77004

ABSTRACT
A study has been undertaken to determine the feasability of dynamically controlling the
input impedance of a microstrip antenna element by changing its reactive loading. The
major applications of such an element would be for use in a scanned phased array. By
changing the loading of individual elements appropriately, one could alter the active array
impedance of the elements to compensate to some degree for the onset of scan blindness.
While the ultimate feasability of such applications cannot yet be firmly established, a
single element can be controlled using PIN diodes to effectively alter its input impedance.
The generalized theory of loaded microstrip antennas has been used to predict the
impedance of a variety of microstrip, antenna configurations with multiple loads. This
work has shown the possibilities of changing the input impedance of the radiator over a
wide range of values without affecting its resonant frequency or radiation pattern by
moving a set of short-circuited loads from one position to another. Actual printed-circuit
antennas were fabricated based on this design and good correlation was found between
theory and experiment.
INTRODUCTION
For design purposes it is necessary to have a simple theory which describes the physical
mechanisms of the microstrip antenna. One theory that has proven to be very physically
illuminating, and relatilvely accurate as well, is the cavity-model analysis. This technique
has been used previously to predict the electrical behavior of both loaded and unloaded
microstrip, radiators. It has been applied in the design of loaded elements for other
applications(1,2). Limitations in space prohibit the inclusion of the details of the analysis,
but this work has been previously reported by Richards and Lo(3) and associated work by
Richards, et al.(4) Using these techniques the resonant frequency and input impedance for
a microstrip antenna with multiple reactive loads can be calculated and used in the design
procedure for the radiators under investigation.

APPLICATION TO IMPEDANCE MATCHING AND RESULTS
The overall objective in this application is to vary the input impedance while keeping the
resonant frequency and pattern of the element fixed. This objective can be met by
placing short circuits at one or more appropriately chosen locations on the patch. These
short circuits can be PIN diodes (thus allowing adaptation of the element to changing
conditions such as the scan angle in a phased array).
As seen in previous work(3), one can vary the resonant frequency by varying the location
of a short-circuiting pin. It is also possible to vary the input impedance with a single short
circuit without altering the resonant frequency. The input impedance can be varied for a
fixed feed location as the nodal line of the loaded resonant mode is modified by moving
the shorting pin location. The closer the nodal line is moved to the feed, the lower the
peak input resistance will be. It is necessary, however, to move the shorting pin in such a
way that the resonant frequency is unchanged. This was done using an interactive
computer program with graphical output based on the previously mentioned theory of
loaded microstrip antennas.
The results indicated that if a single short circuit were placed on the proper locus, then the
resonant frequency of the resulting loaded elements should be identical. The input
impedance is show in in Fig. 1 for an element with a short circuit placed at one point
along the locus illustrated in Fig. 2. This figure contains the computed magnetic current
distribution, the computed input impedance, and the measured input impedance of the
loaded element whose patch dimensions were 4.00 cm wide by 6.00 cm long by 0.158 cm
thick. The dielectric substrate was 3M Corporation’s glass reinforced, double-clad PTFE.
The manufacturer-supplied nominal dielectric constant was 2.43. The feed point was
always at (1.00, 1.00), where the coordinates represent the distance in cm from a
reference corner of the patch. This result is typical of all of the results obtained for a
single short cirucit except that the size of the roughly circular impedance locus grew or
shrank depending on the location of the load.
It is clear from Fig. 1 that the magnetic current distribution around the edge of the patch is
asymmetrical. The pattern that results from such a distribution will have a significant
cross-polarized pattern although the E-plane pattern will be typical of the (0,1)-mode of a
rectangular element. This cross-polarization arising when a single short circuit is used is
significant and probably unacceptable in many applications. Because of this, at least two
short circuits should be used in symmetrical locations. In addition, the impedance range
obtained is not extremely broad for a single-loaded element. The theoretical resistance
R versus x, where x is the x-coordinate of a single short circuit placed along the locus
illustrated in Fig. 2 is plotted in Fig. 3.

With two short circuits located symmetrically with respect to the long center line of the
patch one can eliminate the undesired cross-polarization in the H-plane, and one can more
easily obtain a wider variation of input impedance. Figure 4 shows the theoretical magnetic
current distribution, and the measured and computed input impedances of a representative
element loaded by a symmetrically located pair of short circuits. The locus of points on
which these pairs of short circuits should lie is illustrated in Fig. 5. It is clear from the plot
of resonant resistance versus the x-component of the load location illustrated in Fig. 6 that
the impedance variation is greater for the double-loaded element than for the single-loaded
element.
CONCLUSIONS
This investigation has shown that it is possible to change the input impedance of a
microstrip element over a wide range without affecting its resonant frequency or co-polar
pattern by moving short circuits from one point to another. This theory has been
corrborated by experiment, and specifically, it was shown that the resonant frequency of
the mode is left relatively unchanged by the appropriate placement of short circuits. The
experiment also shows that the agreement between the predicted and observed input
impedance is excellent in most cases. Finally, there was qualitative agreement between
theoretical patterns and measured patterns although the measured cross-polarized
components in the double-loaded element were higher than expected from the theory.
From the dual points of view of producing lower cross-polarization and of more easily
varying the impedance level over a wide range, two short circuits were seen to be better
than one.
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Fig. 1. (a) Measured and computed input impedance of a single-loaded element with short
circuit at (1.75, 1.04). (b) Theoretical magnetic current distribution.

Fig. 2. The locus of short-circuit locations for constant resonant frequency of the singleloaded element.

Fig. 3. The variation of the conductance G with the x-coordinate of a short-circuit
position taken from the constant resonant frequency locus for a fixed feed at (1.00,1.00).

Fig. 4. (a) Measured and computed input impedance of a double-loaded element with
short circuits at (2.50,1.21) and (2.50,2.79). (b) Theoretical magnetic current distribution.

Fig. 5. The locus of short-circuit locations for constant resonant frequency of the doubleloaded element.

Fig. 6. The variation of the conductance G with the x-coordinate of a short-circuit
position taken from the constant resonant freuqency locus for a fixed feed at (1.00,1.00).
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ABSTRACT
A dual mode microstrip antenna element has been investigated which has two
independently excitable modes resonant at the same frequency. This element has been
shown to be capable of producing a broadside maximum, a broadside null, or an end-fire
type pattern by suitable choice of its reactive loads and suitable excitation of its
degenerate modes. Appropriately located loads can be used to resonate modes normally
resonant at quite different frequencies, at a single, common frequency. The results
indicate that the nodal lines of the loaded element are accurately predicted by the
generalized theory of loaded microstrip antennas, and that two modes can be excited
independently of each other by feeding each mode along the nodal line of the other. To
verify the theoretical predictions an actual dual mode microstrip element was fabricated
and tested. The results of this experiment correlate well with the theoretical model with
respect to the overall characteristics of the radiator.
INTRODUCTION
In recent years, microstrip antennas have found an increasing number of applications as
the radiating element in a wide variety of systems. Their inherently attractive characteristics
such as conformability, low cost, ruggedness, and limited profile, have produced the
desire to use these elements in circumstances where radiation patterns other than a simple
broadside one is required. In widely scanning arrays it would be further advantageous if
the pattern could be adoptively controlled in some fashion. With these goals in mind, a
dual-mode microstrip antenna has been designed which can provide a variety of different
radiation patterns by appropriately positioning reactive loads and appropriately exciting
degenerate modes the degenerate modes that result. A common limitation with the use of
standard microstrip elements in phased arrays is the inability to scan toward angles near
the plane of the radiator. One reason for this limitation is that the basic radiator has a
broadside pattern with most of the power being radiated normal to this plane. The

modified element proposed here could be used for large scan angles and could therefore
be quite valuable.
THEORY
The pattern of a microstrip radiator can basically be controlled by modifying the patchedge magnetic current (voltage distribution) by synthesizing a cavity mode that gives the
desired current distribution. Unfortunately, the only degrees of freedom that are available
with a typical patch design are the shape of the patch and the mode that is chosen to be
excited. Furthermore, the resonant cavity mode is always real and so its phase cannot be
controlled. Non-real magnetic current distributions can only be realized in cases where
there are two or more degenerate modes.
Several circumstances can lead to a degeneracy of modes. First, symmetry in the shape of
the patch can result in modes which are essentially identical except for a physical rotation
about the broadside axis. This type of degeneracy has been used previously for
polarization control(1,2,3). Widespread examples include the nearly square and slightly
elliptical patches used to produce circular polarization. Degeneracies can also arise
between pairs of higher order modes, but practical applications of this type have not been
reported. This present work is concerned instead with the use of two lower order modes.
The resonant frequency of the so-called DC mode (which consists simply of a constant
electric field between the patch and the ground plane) was forced upward to coincide with
that of the commonly used (0,1) mode of a rectangular patch antenna. This DC mode
produces maximum fields in the plane of the radiator much like that of a monopole above
a ground plane since its effective magnetic current is simply a constant value around the
rectangular boundary of the patch. (Note that the latter comment is based on the
assumption that the ground plane is infinite, and that the dielectric is truncated abruptly at
the edge of of the patch element.) These two patterns can then be combined to
theoretically produce a composite end-fire pattern or be used individually to provide
major coverage either in the plane of the radiator or perpendicular to it.
The problem that must first be addressed is how to force the DC mode to resonate at the
same frequency as the (0,1) mode. This can be accomplished by the addition of a
capacitive load with a properly chosen position and value. Resonance will occur when the
series sum of the resonant reactance of the cavity, the feed reactance, and the chosen load
reactance is zero (Xr + Xf + XL = 0)(4) . The behavior of each of these reactances as a
function of frequency is shown in Fig. 1. The point where the curve of !Xf ! XL crosses
that of Xr gives the new value of resonant frequency for the (former) DC mode.
There are several other effects of this loading in addition to the increase in the resonant
frequency. The magnetic current distribution is modified slightly, but for a load near the

center of the patch the currents simply have a small oscillatory behavior about a mean
value near that of the unloaded patch, the overall result of which is little change in the far
field radiation pattern. This loading also creates a new nodal curve along which the electric
field is zero. For the case of a centered load this locus is a circle centered about the
position of the load. This curve can be quite useful in the isolation of the two modes in
that the feed of the (0,1) mode can then be located there without exciting the DC mode.
DESIGN
These characteristics point toward the design of the radiator depicted in Fig. 2 which
shows a square patch antenna reactively loaded at its center. The nodal curve for the
loaded DC mode is shown by the dashed circle as well as the nodal lines for the (0,1) and
(1,0) modes. The feed for the (0,1) mode is located on the nodal curve for the loaded DC
mode as well as on the nodal line for the (1,0) mode. Similarily, the feed for the loaded
DC mode is placed on the nodal line of the (0,1) mode. In addition, it must be fed in
phase on both sides of the patch to avoid excitation of the (1,0) mode as well.
To illustrate the resulting isolation of the two modes, measurements of the input
impedance at the (0,1) feed were made both with DC mode port open-circuited and shortcircuited. A Smith chart representation of these data is shown in Fig. 3 as well as the
reverse case for measurements made at the DC feed with the (0,1) port open- and shortcircuited in Fig. 4.
The antenna shown in Fig. 2 was fabricated and its radiation patterns measured for
various feed configurations. The pattern for the element just fed at the loaded DC port in
the H-plane of the (0,1) mode is shown in Fig. 5. The characteristic features of a
monopole over a finite ground plane are evident with a minimum field normal to the plane
of the radiator and maxima at angles near the plane. Patterns taken with the element fed at
the (0,1) node port exhibit typical microstrip antenna characteristics with a broad beam
normal to the plane.
CONCLUSIONS
Both theoretical analysis and experimental measurements have confirmed the possibility of
raising the usual DC mode of a microstrip patch radiator to the resonant frequency of the
(0,1) dominant mode. Use of these two degenerate modes can then result in control of the
radiation pattern in an adaptive fashion.
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Fig. 1. Reactance components versus frequency for determining the resonant frequency
of a loaded microstrip antenna.

Fig. 2. Geometry of reactively loaded dual mode microstrip antenna.

Fig. 3. Input impedance at the (0,1) port with the loaded DC port open and short
circuited.

Fig. 4. Input impedance of the loaded DC port with the (0,1) mode port open and short
circuited.

Fig. 5. E2 radiation pattern for the loaded DC mode in the H-plane of the (0,1) mode.

CONFORMAL MICROSTRIP ANTENNAS
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ABSTRACT
Microstrip antennas are ideal for telemetry applications, especially when a low profile thin
conformal antenna is desirable. This paper discusses omni wraparound, directional fixed
beam, and conformal electrically scanned microstrip antennas.
INTRODUCTION
During the past fifteen years, Ball has developed many telemetry antennas for missiles and
ground stations. It is now possible to project a complete system of antennas for both
transmit (on the missile) and receive (for the ground station), both ends of the link
consisting of conformal microstrip arrays. This paper will discuss each type of antenna
with regard to prior technology, present technology, and future technology.
The Airborne Transmit Telemetry Antenna for Missiles, Satellites and Projectiles
Prior Technology - For most cylindrical vehicles such as satellites and missiles, an array
of 2, 3 or 4 discrete radiators (whips, blades, cavity backed slots, planar spirals, etc.) is
an obvious way to achieve omnidirectional coverage from an airborne vehicle. The
problem is that these discrete radiators will form an interferometer pattern in the roll plane
of the vehicle. Many deep interference holes in the antenna pattern interrupt telemetry and
disrupt tracking.
Present Technology - A continuous radiator, Figure 1, fed with a uniform phase and
amplitude electric field will result in a uniform roll plane pattern with as small as 1 to 2 dB
roll plane ripple. Ninety-nine percent spherical coverage with gain greater than -8 dBil is
common. The simplicity and thinness of a monolithic microstrip antenna, as in Figure 1,
results in an antenna ideally suited to a multitude of telemetry applications. This has
already been demonstrated on more than 200 different satellites, missiles, and gun
launched projectiles. Range operators have experienced tracking and telemetry from
longer ranges than possible with the discrete radiator approach. Since all the microwave

components are photo etched from one side of one printed circuit board the resulting
design is low cost, reliable, and conformal.
Future Technology - This technology is well developed and will probably see little change
in the future with the exception of discrete amplifier and phase shifters being applied to
the airborne antenna where increased link margins are required. Usually the increased gain
will be attained in the ground or mobile receive telemetry antenna because the investment
is not lost with each flight. A discussion of conformal phased arrays follows in the next
section.
The Ground or Mobile Receive Telemetry Antenna
Prior Technology - Most ground station parabolic reflector antennas are mounted on
gimbal drive mechanisms. They are equipped with a conical scan or monopulse feed that
points the peak of the beam to receive maximum signal.
An example of a mobile receive telemetry antenna is a horn antenna placed behind the
window on a P-3 Aircraft, Figure 2, location C. The aircraft is maneuvered so that the
missile or re-entry vehicle is in the main lobe of the horn.
Present Technology - The antennas at locations A and B, Figure 2, are conformal
microstrip arrays that provide additional receive gains of about 10 dB. All of the radiators,
feed network and phase compensation networks (to compensate for the curvature of the
aircraft) are photo etched from one side of a 1/16" printed circuit board. Antenna A is
covered with a thin laminated teflon fiberglass radome, and Antenna B is painted to match
the star. This antenna is pointed by flying the aircraft to point the antenna beam in the
direction of the missile or re-entry vehicle. Antennas A and B are vertically and
horizontally polarized, respectively, and provided 24 dB gain. The feed network, which is
monolithically photo etched on the same surface as the radiators, provide phase
compensation for the curvature of the aircraft, as shown in Figure 3.
Future Technology - Figure 4 is a conformal microstrip phased array. This array consists
of a 16-way power divider, 16 radiators, and 16 three bit phase shifters. The phase
shifters allow the receive antenna beam to be electrically pointed with the addition of 1 dB
of loss. The antenna in Figure 3 is 1/32" thick but this does not include the bearnsteering
electronics required to control the phase shifters. This circuitry typically increases the
thickness of the antenna to 1 or 1 1/2 inches, Figure 5. This type of antenna can be
applied to the outside of an aircraft without significant protrusion into the airstream or
intrusion into the skin or structure of the aircraft. The received antenna gain at broadside
will be approximately:

H = height in feet
W = width in feet
8 = wavelength in feet
The gain will fall off approximately as 10 log cos3/2 2 as a function of scan angle 2 away
from broadside.

Figure 1. Omni Wraparound Conformal Telemetry Antenna

Figure 2.

Conformal Microstrip Mobile Receive Telemetry Antenna
Mounted on P-3 Aircraft

Figure 3.

Conformal Microstrip Antenna Shown in Figure 2A and 2B
before Application of Radome or Star

Figure 4. A Conformal Microstrip Phased Array

Figure 5. A 256-Element X-band Conformal Phased Array.
(Only one tile containing 64-radiators covered with thin radome is shown)

APPLICATION OF VLSI/VHSIC TECHNOLOGY
FOR
SATELLITE/PLATFORM ONBOARD PROCESSING
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ABSTRACT:
With the advent of higher and higher data rates and signal processing requirements for
onboard satellite processing, the need for a faster computational capability has grown well
beyond the capabilities of existing space-qualified computers. This has become a major
technical issue in the design of next-generation satellite systems for commercial and
military use. As a matter of fact, it is becoming a major issue in the Strategic Defense
Initiative (SDI), the development of the MILSTAR Satellite System, and in future infrared
(IR) and radar satellites/platforms. Future platforms will require larger onboard processing
systems than are currently in use in order to satisfy their data processing and commandand-control communications requirements.
The platforms of tomorrow will be very sophisticated and therefore expensive. For such
systems to have acceptable life-cycle costs, they must be produced from highly reliable
hardware that will operate in space for system design lifetimes of up to 10 years.
This paper will summarize the processing needs of onboard systems and present a
specific example of the design of a VLSI/VHSIC processor for an onboard satellite
controller in an airborne platform.
1.0 INTRODUCTION
The onboard processing in current satellites/platforms is typically done by designing
processing capabilities into dedicated hardware that implement specific algorithms or
control functions. These functions can be modified within limited design constraints by
use of control parameters. Figure 1 graphically presents the processing throughput of
today’s systems as well as a projection of the processing requirements of tomorrow’s
systems. The figure displays two levels of processing requirements. The top line
represents the portion of the processing which can be done most effectively in hardwired,

dedicated logic. The lower line represents both the command-and-control processing plus
the General Purpose Computer (GPC) processing requirements.
When a long system life-cycle is required, not only must the hardware comprising this
system be designed to operate in an error-tolerant/fault-tolerant mode, but it is tacitly
assumed that all the mission requirements are defined. However, historically, requirements
do change over the projected mission life; thus the onboard processors operating the
system must be reprogrammmable to adapt to these changes. Mission adaptability is
maximized when the onboard processing system includes the flexibility of CP computers
operating in conjunction with any required hardwired logic.
The fact that future satellite/platform systems are required to have a long mission life also
implies that future processors must limit the use of dedicated hardwired logic because the
hardwired logic prohibits algorithm changes. Mission adaptability is maximized when the
onboard processing system includes the flexibility of general-purpose computers.
Space-Signal Processing Considerations
All space-signal processing designs that are implemented on a satellite/platform can be
divided into three categories:
a. Dedicated hardwired logic
b. Programmable hardwired logic
c. General-purpose programmable computers
Every platform signal enhancement system and the command-and-control functions can
be divided into these categories. Examples of stressing space systems for onboard signal
processing are shown in Figure 1. The systems considered are:
a. Advanced Military Communication Satellites
b. Surveillance Satellites
(1) Infrared sensors
(2) Radar
It can be seen from Figure 1 that both the dedicated hardwired processing requirement
and the programmable hardwired processing requirement are increasing at an exponential
rate. It should also be noted that the demand for general-purpose processing is increasing
more rapidly than the demand for hardwired logic. This section includes a brief
description of how the processing requirements are divided into the above categories.
This will establish the difference in the hardwired logic and the commonality of the

requirements for a generic general-purpose computer required to satisfy the processing
requirements of the different satellite programs.
2.0 MILITARY COMMUNICATIONS SYSTEMS
Major functions of advanced communications satellites are summarized in Figure 2, and
the major elements are depicted in block diagram form in Figure 3.
An important requirement of a military communications system is that it executes its
essential functions in spite of various threat conditions. These threat conditions might
include:
a.
b.
c.
d.
e.

Jamming;
Unauthorized access to data (security);
Attack, including nuclear;
Multi-user signal interference - time or frequency;
Weather, and noise.

At the same time, the system costs must be maintained within reasonable limits.
Compliance with this cost factor, which represents a severe challenge, can be approached
by utilizing the following capabilities:
a.
b.
c.
d.
e.
f.
g.

Longer-term mission (10 years)
Autonomy and fault tolerance
Onboard processing
Programmability, reconfiguration
Modularity of hardware and software
Standards, e.g., Ada, Ise, bus
Interoperability

Insight into the system issues of onboard processing can be gained by considering a nearterm payload communication package developed by Lincoln Laboratories.2 This package
is depicted in Figure 4. The processors are interconnected by a few special-purpose
interfaces and two buses: a highspeed data bus and a lower rate (redundant IEEE-488)
bus. A signal from a user terminal on the uplink is received by the spacecraft antenna
beam and radio frequency Front End (FE) serving its sector (one of seven) on the face of
the earth. Under control of the Multiple Access Routing Controller (MARC), the signal is
routed via a Front-End Switch (FES) to one of the 15 1-MHz intermediate frequency
Bandpass Filters (BPF). All 15 IF filter outputs are then combined and processed by the
(analog) SAW Matched Filter Array, resulting in a single stream of pulses corresponding
to the 300 possible tones (in frequency) of the 70 quarternary modulated uplink channels

and the synch channel. The pulses, arriving at the SAW Output Processor (SOP) at
intervals of approximately 80 nsec, are A/D converted, clipped, and combined. After
sufficient accumulation, symbol decisions are made and the data (tagged with channel
number) are placed on the data bus to the COP by the SAW Output Processor. The
Communications Output Processor (COP) accepts the tagged user data stream from the
data bus and buffers the bits in a position corresponding to the user’s “slot” assignment
on the single TDM downlink. At the appropriate transmit times, the COP commands the
Beam Hop Control Processor (BHCP) to steer the downlink to the destination beam
sector and then passes user data to the downlink modulator (MOD) and RF Section.
More details for such a space communication system can be found in References 1-3.
According to Lincoln Laboratories, the radio frequency, Front End, Front End Switch,
Bandpass Filters, Combiner, SAW Matched Filter Array, modulator, and shifter generally
should be designed with dedicated hardwired logic. The control functions which are
a.
b.
c.
d.
e.
F.

Multiple Access Routing Controller (MARC),
SAW Output Processor (SOP),
Timing Processor (TP),
Command/Telemetry Processor (CTP),
Communication Output Processor (COP), and
Beam Hop Control Processor (BHCP)

could be implemented by a general-purpose computer or by programmable hardwired
logic under control of a GPC. The rate of operation for each processor has been
estimated by Lincoln Laboratories.2 These rates are shown in Table 1.
This throughput is based on the relatively simple current system with its ability to make
changes at a comparatively slow rate. Specifically, all changes in the configuration of the
communications payload must be initiated by a ground-based central controller (i.e.,
individual user terminals cannot directly change data routing). It is assumed that the phase
shifter settings which determine downlink beam positions are virtually static. Thus, for
example, no provision is made for changing phase shifts dynamically to account for
errors varying over the hopping bandwidth; nor is there provision for onboard
computations to change phase-shifter settings in order to compensate for the relative
spacecraft motion which might be expected if nongeostationary orbits were employed.
Such changes could be made at a slower rate by using some of the command channel
capacity to send up new phase-shifter values.
The previous example reveals the trend of implementation for future communications
satellites. More and more of the functions traditionally performed by analog devices will
be implemented in digital form wherever economically feasible. In the more advanced

military communications systems, functions that will be digitally implemented include
bandpass filter, modulator, demodulator, combiner, and router among others. Because
some of the functions are not expected to change during the mission, they will be
implemented in hardwire, PROM, or special-purpose devices to achieve necessary speed.
Functions of this category include bandpass filters, FFTs, synthesizer, synchronization,
and EDAC. For those functions that might change or require reprogramming,
implementation will be with general-purpose equipment. Functions of this type include
tracking, telemetry, and control (TT&C); access control; health and welfare; navigation;
attitude control; autonomy; and baseband processing.
Mechanization of the special-purpose and general-purpose categories will be with devices
that are modularly tractable to fit diverse needs. An example of this kind of device is
shown in Figure 5.
This overall transformation from analog to digital implementation will be evolutionary.
Those items that can be transformed most easily will be accomplished first. As evolving
technologies mature (e.g., VHSIC or Integrated Optics), other elements of the
communications subsystems will be digitally mechanized.
The last function apt to be digitalized is probably the self-adaptive nulling antenna. The
enormous data-handling bandwidths required for this nulling function will be extremely
difficult to achieve digitally. One study estimated a 1.5 gigaops/second rate would be
required for a future wideband communication system.4
Systems of the future will be versatile, reconfigurable, and fault-tolerant. Programmability
is the key to achieving these characteristics. To achieve them with reasonable cost,
standardization is necessary. Certain efforts of standardization are already underway in the
software area -- Ada and 1750A. Additional standardization of control and signal
processing algorithms is necessary to minimize the duplicative, overlapping, and noninteroperable approaches being taken to define dedicated and proliferating users of
spectrum space. Network definition and control is necessary. Criteria are necessary for
handling the mix of High Data Rate (HDR) and Low Data Rate (LDR) users; their access
protocols and control protocols.
Efficient system configurations are needed to meet requirements of diverse users in a
common way. Onboard resource sharing and a multi-mode, yet common transmission,
format containing both data and control slots are necessary features. Message
standardization allowing both freeform and rigid formats would enable the HDR and LDR
communication requirements to be met in a common system.

The previous example of the Lincoln Laboratories system illustrates that the processing
rates required to support onboard processing activities are within the projected near-term
capabilities of space-qualified processing systems. This establishes that the job can be
done. Figure 6 shows why the job should be done. The relative value of the
communcations system, measured in number of users, is shown for a transponder system
and for several levels of onboard processing. The increase by a factor of 30 in number of
users is extremely significant to a communications system.
It is desirable that future communication satellites should achieve autonomous operation.
To achieve this, the onboard processing must be able to take over much of the traditional
role of the Air Force Satellite Control Facility (AFSCF). The impacts of autonomous
satellite operation are not wholly understood at the present time; however, it is clear that
the role of onboard processing will dramatically increase as a result of this change in
operational philosophy. Conceptually, this means that the onboard processing system and
its control and communication buses must be reliable, fault-tolerant, and have an
anticipated system life of at least 10 years.
The USAF has instituted a program to increase the survivability, endurance, and flexibility
of future space links and their systems by means of an interoperable satellitecommunications network. Activity is under way to develop the architecture and
operational concepts for the future EHF/SHF uplinks, downlinks, and crosslinks which
the proposed network will utilize. The EHF/SHF satellite links will handle mission data,
communications, and TT&C. The Satellite Data Link standards (SDLS) now being
developed describe the common waveforms and processing functions to support
communications and TT&C services. These U/L and D/L standards are contained in a
proposed MIL-STD-1582 (USAF). Defined link processing functions and interfaces are
presented in Figure 7.
3.0 ADVANCED COMMUNICATION SATELLITE DEVELOPMENT
It is inevitable that future communication satellites will become more and more dependent
on onboard processing.5 This is because of the increased urgency for better antijamming
capability, security, survivability, and lifetimes. Spread-spectrum functions, especially
modulation and demodulation, will become more digitally manageable with progress in
VHSIC and other exotic technologies. Key to the implementation of onboard subsystems
is the development of the following specific items.
a. An effective inter-element communication scheme is of paramount importance to
the onboard processing subsystem. It must contain efficient collision-free access
protocol that provides distributed use of a shared bus under various priority
schemes. The communications design should provide high throughput and low

message delays. It probably should be a demand-assignment multiple-acess
(DAMA) packet scheme that is not affected by failure of nodes or of being
monopolized by a single user. A suitable standard for the inter-element
communications subsystem would do much to keep costs down. The Aerospace
Corporation suggested to the Air Force Space Technology Center that such a databus subsystem development be undertaken as part of an onboard processing
initiative.
b. A serial-to-parallel data formatter with parallel Tri-State Latch (Serial data rate 400
Mbits/second converted to a 32-bit parallel word with latch work in separate upsetproof Tri-State Latch).
c. 8 x 8 Matrix Switch.
S A component for a large switching network
d. A CMOs Fast Fourier Transform Device:
S Used for signal demodulation
S Power, less than 1 watt when operating at maximum processing rate
S Device can implement a 512 point complex FFT on both real and imaginary
terms in 300 us if space qualifiable memory had cycle time of 65 nanoseconds
(28-bit complex word).
S A VHSIC CMOS FFT demodulator has low thermal and mechanical sensitivity.
Power is proportional to clock speed. Memory power is high if the system is
built with bipolar devices.
S Demodulator concept presented in Figures 8 and 9.
e. A radiation hardened CMOS memory device that is immune to cosmic ray upset.
This memory should have less than 100 ns cycle time (postradiation). This cycle
time should be about 65 ns at temperatures up to 80 degrees centigrade.
Development of two sizes of fast radiation hardened memories is desired. The first
would be a 64K memory organized 8K X 8 or 16K X 4. The power should be less
than 30 MX/MHz. The second would be a 16K memory organized as 2K X 8, with
the power being less than 15 MW/MHZ.
f. A general-purpose, error-tolerant radiation hardened computer should be developed
to interface with multiple signal procesing systems. A general-purpose computer
that operates on less than 8 watts of power and weighs less than 1 pound can serve
as a generic computer to operate as the control function of an Array Computing
Element (ACE). The general-purpose throughput of each node should be at least

1.0 MIPS (DAIS Instruction MIX). The computer should be built on a substrate of
6" X 6" and contain 65K words of error-corrected CMOS memory. This processor
must be developed with well-defined interfaces so that each generic error-tolerant
processor can interface and control multiple signal-processing devices and systems
required by advanced communication satellites. This approach develops a set of
distributed array processor units that have their error tolerance and reliability built
into the single board computers. Such an approach allows a nodal operating system
to be written that will require less than 16K words of memory.
4.0 AIRBORNE PLATFORM - Example:
The requirement for greater than 10 million operations-per-second processing capability in
the 1990’s and beyond leads one to designs requiring very high speed integrated circuits
(VHSIC). Many of these special purpose processors are presently in advanced
development stages. Included herein is an example of a design for an airborne VHSIC
processor that will be utilized to process signals from a vast array of satellite systems.
This Flexible Digital Satellite Communications Terminal Modem (FDSTM) is presently in
the prototype stage and can be implemented on platforms in the future.
In order to properly develop the design concepts required to implement a flexible digital
satellite communications terminal modem for the 1990s, well defined operation/interface
communications requirements have to be established for the Airborne Command Post
(ABNCP). Although it is recognized that MILSATCOM requirements are evolving for the
future, a considerable effort must be undertaken to clearly define the requirements relevant
to this study. This section outlines some of the known requirements and how other
relevant requirements will be formulated at the start of the task, including:
C
C
C
C
C
C
C

ABNCP communications requirements,
ABNCP communications control functions,
Satellite link requirements,
Specific satellite requirements,
Network setup requirements,
Traffic requirements, and
Satellite waveforms.

Figure 10 shows a proposed functional block diagram for the flexible SATCOM
modem/processor including the various interfaces to satellite systems and onboard
terminals. The baseline requirements formulation provided the framework upon which
candidate architectures were established. Once candidate architectures were defined,
relevant analysis were performed to determine cost/performance tradeoffs; and finally, the
selection of a suitable architectural design that met the requirements was made. The key to

choosing an appropriate design was the extent to which the design meet the following
critical requirements:
C
C
C
C
C

Network setup time
Acquisition/tracking
Stressed network traffic demands
Modem/processor response times
etc.

During the requirements definition phase, every attempt was made to collect, analyze, and
document requirements which impact the selection of an appropriate design for the
modem/processor.
The methodology for requirements definition involved a careful search of the available
satellite documentation related to
C
C
C
C
C
C

MILSTAR,
DSCS II/III,
Fleetsat,
GPS,
DSP,
SDS, etc.,

and the extraction of information with regard to waveforms, control messages,
throughput, etc., that is relevant to the design of a high performance low cost modem/
processor. The requirements were formulated in such a fashion as to be useful in defining
alternative architectures and assessing system performance.
After developing communications requirements, alternative networks were established for
the modem/processor including global and specific hardware/ software configurations.
This effort formed the basis for choosing an architectural configuration which meet the
critical requirements of:
C
C
C
C
C

Frequency/modulation,
Interoperability,
Multiple processing of various satellite inputs,
Network control,
Traffic allocation, and throughput.

The network architectural development considered the following important attributes:
C
C
C
C
C
C

Survivability,
Interoperability,
Flexibility,
Commonality,
Modularity,
Topological Design, etc.,

In an evolving stressed operational environment where an emphasis was placed on the
ABNCPS timely connectivity through multiple satellites to force elements (LCCs,
bombers, and submarines).
Figure 11 indicates a representative global network architecture showing the ABNCP
interfacing with the various satellite systems via the Flexible Satcom Terminal Modem.
The ABNCP must maintain connectivity to the force elements and the selected satellites
throughout the transand post-attack environment primarily through the MILSTAR system
or via crosslinks to the post DSCS III satellite network. The modem/processor network
must be designed to assure that the connectivity and network control setup requirements
are met in this hostile environment. In the event of a failure in communications to any
satellite system, the ABNCP must be able to reconfigure network connectivity to assure
that its critical traffic requirements are met.
The primary effort undertaken in this task is to define the global and alternative
modem/processor network architectures that meet the desired requirements. As part of
this effort, a partitioning of signal processing and control functions will be performed for
the generic processor shown in Figure 12.
Functional block diagrams were developed for both the modem and processor, clearly
defining the functions and subfunctions of each subsystem.
For example, the network control subsystem of the processor included such functions as:
C
C
C
C
C
C
C

Acquisition/Tracking,
Access Control,
Network Management,
Network Control Interfaces,
Traffic Configuration Content,
Performance Monitoring, and
Error Control.

Figure 13 indicates an example of functions for the network control portion of the
processor.
The access control segment processes incoming C3 messages. The acquisition/tracking
subsystem provides for the acquisition and tracking of incoming downlink messages and
provides for the initial acquiring of control, especially to the MILSTAR satellite.
This task will produce detailed functional flow diagrams which will be utilized in defining
alternatives. When appropriate, detailed specifications of particular subsystems will be
developed.
Figure 14 shows an overall block diagram of the FDTSM design. This design is currently
being implemented in VHSIC.
5.0 CONTROL PROCESSOR MODULE (CPM)
The section outlines the Control Processor Module (CPM) functional definition obtained
in the design architecture definition of the Modem/Signal-Processor (MSP) for the
Flexible Digital Satellite Terminal Mode (FDSTM). Based on the baseline requirement,
tasks were undertaken to define a set of control functions necessary to control a
maximum and minimum set of satellite requirements.
The information presented herein is intended to be a guide in developing the overall signal
processing/control architectures.
This section summarizes the maximum and minimum set of requirement,, indicates the
relationship of control functions to requirements, presents an operational flow for the
Control Processor module (CPM), proposes a set of control functions, and describes in
detail the operational functional flow.
The key aspect of this investigation is the development of an operational flow for the
CPM and related functional flows which pertains to the functions required to select the
appropriate satellite system; acquire/track the system; access the appropriate channels;
control the relevant networks; and subsequently perform traffic control, performance
monitoring and input/output operations. The most significant material is presented in the
operational and functional flow diagrams.
The emphasis on the operational flow is to provide for a control subsystem of the
FDSTM that is highly automated, has a minimum number of functions, provides for ease
of operator control, reduces manpower requirments, and takes the fullest advantage of the
very high speed integrated circuit (VHSIC) technology.

In order to arrive at an architecture for the FDSTM, an integration of the CPM functions
with the Signal Processor Module (SPM) functions must take place.
5.1 Overview of Requirements
The driving requirements for the FDSTM consist of a maximum and minimum set of
satellite systems interfacing with the Airborne Command Post as shown in Figure 15.
The maximum set of requirements indicate signal processing and control are necessary
for:
C
C
C
C
C
C
C
C
C

MILSTAR - EHF/SHF
MILSTAR - UHF
DSCS ECCM
DSCS/SDS - SHF SCT
DSCS/SDS - UHF SCT
FLTSATCOM/SDS - UHF
DSP MDM - SHP
DSP MDM - UHF
IONDS GPS

The minimum set of requirements which will still provide for survivability and low
probability of intercept (LPI) consist of the shaded portions in Figure 14 and are:
C
C
C
C
C

MILSTAR - SHF/SHF
MILSTAR - UHF
DSCS/SDS UHF SCT
FLTSATCOM/SDS - UHF
DSP MDM - UHF

The DSCS ECCM Network will be considered to be part of the maximum set.
In the allocation of control functions, consideration has been given to functional allocation
for the maximum, as well as the minimum set of requirements. Until a complete evaluation
of the selected architecture is undertaken and certain functions deleted the entire set will
be considered.

5.2 Relationship of Control Functions to Requirements
Upon careful consideration of the control functions needed to satisfy both the maximum
and minimum set of requirements, a preliminary set has been chosen and correlation made
with the selected satellite systems.
Table 2 shows the relationship of control functions to satellite systems. That is, the X’s
represent those systems that require particular functions for appropriate functioning. The
control functions chosen are
C
C
C
C
C
C
C
C

Communications Planning (CP),
Acquisition/Tracking (ACQ/TRK),
Access Orderwire Control (AOC),
Network Control (NTWK CRTRL),
Network Orderwire Control (NOC),
Traffic Control (TRF CNTRL),
Performance Monitoring/Maintenance (PMM), and
Interface Control (I/O).

The minimum set of requirements are indicated by the shaded boxes. The maximum set
requires simultaneous operation of all systems except the DSCS ECCM, DSCS, SDSUHF SCT, and the DSP MDM UHF.
The minimum set requires simultaneous operation of all satellite systems except the
DSCS/SDS UHG SCT.
It should be noticed that all satellite systems except the DSP and GPS require the
projected control functions. As will be indicated in the detailed flow charts, the
processing required of the CPM is different for each system.
6.0 SUMMARY
This paper has outlined the processing needs and a specific example of a VLSI/VHSIC
design for an on-board satellite/platform Processor.
The increased requirements necessary to process high-speed data and RADAR/IR
information have necessitated the use of VLSI/VHSIC technology. In the future,
increased emphasis will be placed on special purpose VHSIC processors to accomodate
greater than 30 MOPS. Sophisticated techniques are required to design, develop, test, and
implement these processors that provide greater reliability.
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Processor
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MARC
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1.06 M
40K
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ABSTRACT
A general tendency in the digital communication systems is toward multi-level signalling in
order to increase the information rate over a fixed bandwidth channel. Multiple valued
logic circuits hold the promising potential for this application. including digital modulation,
signal power spectrum shaping and coding techniques.
Thispaper will present a novel design of quaternary modular adder circuit using
multi-semiconductor technology — BI-CMOS process. This circuit demonstrates many
advantages in improving noise margin and speed as well as in reducing transistor counts
and chip areas. Some comparison with its binary counterpart and SPICE simulation
results will also be given.
Due to growing interest in multiple-level signalling combining with multiple-valued logic
technology in digital communication systems, this paper will also discuss the application
of modular adder in correlative coding techniques for spectral shaping. where quaternary
modular adder performs efficiently in encoding input signal of non binary form at the
transmitting end and in reconstructing the original data input at the receiving end. It also
can allieviate the pin and interconnection requirements for equivalent information transfer.
INTRODUCTION
Multiple-valued logic (MVL) has many potential applications in the broad field of
communications. For example, at the chip level, MVL can alleviate the pin problems that
limit development of VLSI technology. The pin limitation leads to the necessity to timeshare binary signals on data channel and I/O pins, which in turn involves speed restraints,
testing difficulties and other problems. Multi-valued signalling holds the promising
potential to reduce the pin number requirements for an equivalent information transfer and
to increase the packing density in the sense that more information could be processed per
* This work is fully supported by Analog Devices Corporation under the Grant 3-3098.

unit volume. Thus a general tendency in the digital communication systems is toward
multi-level signalling in corperating with MVL circuits to increase the information rate over
a fixed bandwidth channel.
Recently the approach to design and implementation of MVL systems has been to
demonstrate, for a specific technology, circuits to realize a complete set of algebraic
connectives. Modular adder is an integral part of these algebraic operations. It is a basic
building block in Modular algebra, and it can also be viewed as a generalized cyclic gate in
Post algebra. Minor modification of this adder would result in a multiple-valued full adder
which is used widely in various digital signal processing and arithmetic units. Since
modular adder is one of most flexible gate bridging a variety of MVL algebras, many
versions of modular adder circuits have been proposed and designed. Although different
semiconductor technologies have been tried, the existing MVL can generally be grouped
into three different technologies with different signal representations as follows:[1]
(a) MOS and CMOS technology using voltage signal representation.
(b) Bipolar technology using current signal representation.
(c) Charge couple device (CCD) technology using charge signal representation.
All of above three technologies have their own advantages and disadvantages: MOS and
CMOS technology, owing to its high density and lower power consumption. made itself
first choice of semiconductor technology for VLSI design. Bipolar IC technology has
fastest switching time and most suitable for current circuit design and current steering
technique such as in ECL. CCD logic is actually dynamic MOS logic. It is, however, not
well developed and tested technology for MVL circuit. As a matter of fact, modular
adders (or full adders) have been designed and simulated many times in the first two
technologies: either CMOS or Bipolar, simply because they are most sophisticated IC
technologies thus far. However, it is not clear at this moment whether CMOS or ECL
technology is best suited to our application. Our purpose, in this chapter, is trying to use
a novel BI - CMOS technology to design a current-mode quaternary modular adder.
BI - CMOS Technology
At present almost all contrubutions to MVL modular adder circuit design have exclusively
restricted themselves to one single semiconductor technology, but this is not always
necessary. In fact, combining two or more semiconductor technologies together to MVL
circut chip design can result in relatively ideal performance in some cases, or can trade off
for desired performance in some other cases, as we will see later in this paper. Particularly
we are very interested in combining CMOS and Bipolar technologies. not only because
they are fully developed technologies, but also because they have very similar fabrication
processes. This will result in a novel BI - CMOS technology for MVL.

The process for BI - CMOS technology, starting with N-type wafer, can be briefly
outlined as following:
(1) Grow a P-type epitaxial layer on the surface of the wafer. This layer is the substrate of
the chip.
(2) Diffuse Phosphorous into P- substrate to form N-well where either PMOS transistors
or NPN BJT transistors will be placed,
(3) Grow Silicon Dioxide (SiO2) to define active areas for PMOS, NMOS and BJT
transistors.
(4) Diffuse Boron into N-well where NPN BJT are defined to form base regions.
(5) Grow a thin layer of Silicon Dioxide. This is the gate oxidation for both PMOS and
NMOS transistors.
(6) Deposit Polycrystalline Silicon to form gates for both PMOS and NMOS transistors.
(7) Dope P+ impurities into N-well where PMOS transistors are defined to form drains
and sources for these PMOS transistors, meanwhile to form the base ohmic contacts for
NPN BJT transistors.
(8) Dope N + impurities into the following three regions:
(a) into P - substrates where NMOS transistors are defined to form sources and drains for
these NMOS transistors.
(b) into NPN BJT base regions to form emitters of NPN transistors.
(c) into N-well where the ohmic contacts will be placed.
(9) Mask to open contact windows.
(10) Metallize for connections in the chip.
CIRCUIT DESIGN AND OPERATION
The modular adder design is based on current mode consideration simply because
addition can be achieved through current summation by wired connections. The unit logic
current is chosen as 100FA since we use both CMOS technology and BJT technology. At
biasing current = 100 FA, BJT has relatively high current gain Bf(Bf > 100) [2] and MOS
transistor has relatively large driving current, therefore the circuit speed is expected to be
improved with reasonable power consumption. The power supply voltage level is chosen

as Vcc = DC. 5v, which is suited to both CMOS and ECL circuits. Figure 1 shows the BI
- CMOS quaternary modular adder circuit schematic.
The circuit can be divided into two stages: input stage and output stage. The input stage is
current-voltage converters, which will sense the input curret and convert it to
corresponding voltages driving the second stage. CMOS technology is chosen to design
the input stage. In Figure 1 PMOS transistor M1 is diode-connected to sense the input
logic current (0- 700FA corresponding to logic number 0-7). PMOS transistors M2 and
M3 replicate this input current. M2 and NMOS transistor M4 together form a currentvoltage converter which will produce a voltage signal to steer the current in an ECL pair
formed by NPN transistors Q1 and Q2. If the input current is equal to or greater than the
logic level 4 (400 FA in current), then Q1 will turn on and a 400FA current will be
subtracted from the replicated input current by M3. Thus, NMOS transistor M5 only
experiences the input current molulo 4. NMOS transistors M6, M7 and M8 replicate this
modulo 4 input current, together with PMOS transistor M10, M11 and M12 form three
current-voltage converters to produce voltage signals driving the second stage. The
second stage is made up of four ECL pairs formed by NPN transistors Q1 and Q2, Q3
and Q4, Q5 and Q6, Q7 and Q8. Q1 - Q2 pair, as mentioned above, offers a 400FA current
necessry for modulo 4 operation, while the other three ECL pairs are driven by three
current-voltage converters in the input stage. Note that the three ECL pairs have an
identical voltage reference. Every ECL pair will output an unit logic current (100FA)
whenever its input voltage exceeds this voltage reference. Therefore the Q3 - Q4 pair alone
will output one unit logic current when the input logic current is 1 unit or 5 units; both Q3 Q4 pair and Q5 - Q6 pair will together output 2 unit logic current when the input logic
current is 2 units or 6 units; the Q3 - Q4, Q5 - Q6 and Q7 - Q8 pairs will together output 3
unit logic current when the input logic current is 3 units or 7 units. Finally if the input
current is zero or 4 units, the output will be zero. This is, obviously, a modular 4
operation and the current summation is performed at the input node through wired
connections.
This circuit takes advantages of both CMOS technology and BJT technology. Since
specifying (W/L) ratio is easy and geometrically matching MOS transistors can be done
precisely. designing the input stage by CMOS technology is able to precisely replicate the
input current and provide accurate unit logic current for output. Meanwhile great
discrimination in current-voltage converter outputs can be obtained since the active loads
in these converters can be easily changed through specifying (W/L) ratio for PMOS
transistors M6,M7,M8 and NMOS transistors M4,M10, M11, M12. For the second stage,
differential pairs are used to form threshold detectors. They will provide fast switching
speed due to the current steering nature of ECL technique. Because ECL pairs are
cascaded with current voltage converters, large transition gain of modular adder is
achieved due to multiplication of the two stage gains. Note that in this circuit only one

voltage reference is used. This voltage reference is provided by three diode connected
NPN transistors in series. i.e Q10, Q11 and Q12 since the voltage drop between base and
emitter of BJT is very stable. All of these yield better noise margins for the circuit. An
improved Wilson current source is designed using CMOS technology, which provides the
biasing current for the CMOS current-voltage converters in first stage and the steering
current for the differential pairs in second stage. Diode-connected NPN transistor Q9 is
used in this current source to obtain the stable reference current.
4F(Lemda = 2F) IC fabrication process is used. The transistor parameters in this circuit
are very close to pratical parameters used in industry, therefore the process is feasible.
SIMULATION RESULTS AND COMPARISONS
Spice 2G program is used to simulate BI - GMOS quaternary modular adder. Figure 2
shows its transfer function. Note that here we have obtained excellent noise margin: the
input noise margin at every logic level is allowed up to around 40% unit logic current value
(i.e. + 40 FA ) and within this range the output deviation at every level is less than 5% of
unit logic current value (i.e, + 5 FA). Power consumption of this modular adder is less
than 8 mW. When an identical modular adder is loaded, the delay time of this circuit is
less than 290 FS in the worst case, and less than 100 FS on the average.
This circuit requires totally 40 devices, i.e, 12 PMOS, 15 NMOS, 12 NPN transistors and
one resistor for Wilson current source. The total chip area is estimated as less than
8 x 10 4cm2. This is, as matter of fact, very conservative estimation. If the resistor in
Wilson current source can be fabricated through some other process such as base
diffusion, base pinch, or epitaxial resistance, the total chip area will be further reduced by
a factor of 2 or more. Minor modification of this adder would result in a multiple- valued
full adder, three more transistors are needed to obtain carry-out, resulting in total device
count equal to 43 .
In binary case a total of 42 devices are required to realize one binary full adder by CMOS
technology [3], therefore two binary full adders are needed to implement same function as
the quaternary full adder does, the total device count thus is equal to 84. This implies that
BI - CMOS quaternary adder, in addition to reduce the connections and interconnections,
can reduce the device count by a fact of 48% when compared with binary CMOS
implementation. A comparison with existing All-CMOS quaternary full adder is listed in
Table 1 [4].

APPLICATIONS
Since the implementation with quaternary logic is more pertinent to some operations in
digital signal processing and computing, the quaternary modular adder will find itself in a
variety of applications. One promising application, perhaps, is the digital filter design
using MVL and Delta modulation [5]. The VLSI implementation of digital filter by
combining Multiple-valued logic and residue number system arithmetic has also been
developed [6]. Recently, the optoelectronics also pays more attention to MVL [7].
Digitally computing using signed-digit number representation will be more efficient if MVL
adder is used [8]. Here we discuss one of multiple level signalling techniques in digital
communication, i.e. the “correlative coding for spectral shaping”.
There are two basic methods for shaping the signal power spectrum: one is by filtering the
waveform (in the frequency domain), the other is by coding the signals (in the time
domain). Correlative coding is the process of converting the original two level signal into
(typically) a three level signal and introducing a controlled level of ISI [9]. The correlative
coding/filtering can be modelled as in Figure 3(a). This block diagram can be redrawn as a
single “conversion filter” which can be used to process binary or multi level signals as
shown in Figure 3(b).
The encoder is included to prevent a phenomenon called error propagation, which occurs
when a received error causes additional errors in succeeding symbols due to the inherent
symbol correlation. At “At” , the data appears in a nonbinary form and has 2n levels. The
symbols are uncorrelated and each represents two or more binary digits. The encoder
converts the R-level input, consisting of independent digits, into a R-level source with a
memory extending over a fixed number of digits, (typically one or two). Next, level
conversion is accomplished by using a level conversion filter. Such a filter causes an
overlap of pulses and introduces a controlled amount of ISI. As a consequence, the
number of levels at “Ct” is 2R - 1. Correlation properties are inherent in such a waveform.
In addition, it is possible to associate each level with the non-binary input at “At”. At the
receiving end, the reconverter reconstructs the original data input at “At” by identifying
each digit independently, without resorting to the past history of the correlative waveform.
In this way received errors do not cause additional errors in the succeeding symbols.
One specific encoding and conversion process for the R-level case is
At = Bt + Z-2 Bt (mod R)
Ct = Bt - Z-2 Bt (algebraic)
Ct mod R = At

(1)
(2)
(3)

where Z-2 corresponds to a two symbol delay. At the receiver, At is determined by simply
performing the operation Ct mod R.
Error detection is done by first determine whether the extreme levels (top and bottom)
correspond to the present and past digits originating from the encoder and digital
memory. A comparison is made at the sampling instants of the extreme level digit of Ct. If
there is a disagreement an error is indicated and the memory is reset to the correct state. A
comparison is done when the extreme levels are present because only the extreme levels
are formed in a unique way in correlative systems. Intermediate levels may be formed in
more than one way and are therefore not suitable for the detection of errors. Figure 4
provides an example of the error detecting process for R = 4.
Of course, the modular adder can find its application in this correlative coding systems:
Equation (1) for encoding is actually a modular addition operation. Equation (3) for
receiving is also a modular addition operation.
The correlative coding systems have advantages when compared to zero memory systems
in their error detection capability. Error detection in zero-memory systems requires a
certain amount of redundancy in the symbols sent. Correlative systems have finite
memory and this can be utilized to monitor and detect errors without introducing
redundant digits at the transmitter.
CONCLUSION
In this paper, a novel BI - CMOS technology realization of quaternary modular adder has
been presented. This technique yields the circuit of better performance. such as excelent
noise margins, lower power consumption, less chip area and improved speed. Spice
simulation results have proved these performance improvements. Some comparisons with
existing All-CMOS full quaternary adder and binary CMOS adder have been given, which
show the promising future of MVL and BI - CMOS technology. One application of
modular adder in digital communication systems. i.e, correlative coding system, has been
discussed, which shows advantages when compared to zero-memory system in their error
detection capability.
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FIGURE 1 BI - CMOS QUATERNARY MODULAR ADDER

Table.1 Comparison of BI - CMOS and All-CMOS
Quaternary Adder
Technology

All-CMOS

BI - CMOS

Remark

Power supply

5v

5v

Same

Device Count

74**

43

Save 46%

< 16.7 x 10-4cm2

< 8 x 10-4cm2

Save 52%

Chip Area
Power Consumption
Worst Case Delay
Noise Margin

< 8mW
375nS

290nS

Faster

Output Deviation Less Than 5% Unit
for Input Range within 40% Unit

**See Reference [4] for Existing All-CMOS Quaternary Adder

FIGURE 3 PARTIAL RESPONSE SIGNALLING

FIGURE 4 ERROR DETECTION FOR R = 4
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ABSTRACT
This paper addresses the problem of analog multiplication for analog VLSI
implementation, with particular emphasis on multiplication accuracy (low intrinsic noise)
and speed.
High-speed low noise analog multiplication for analog VLSI has very important
implications in analog signal processing, signal generation, signal detection and ultra
precise frequency and phase control.
The various candidate multiplier mechanisms and circuits proposed todate are surveyed
and a comprehensive comparison of them developed, leading to the conclusion that the
Steerable Localized Injection Multiplier (SLIM) holds the greatest promise for low noise
and high speed analog VLSI multiplication.
INTRODUCTION
The true multiplication operation is one of the most important mathematical operations in
almost all hardware implementations of systems. Briefly, an analog multiplier in general is
a three-terminal device that will perform the mathematical operations of multiplication,
division, square root, and others by appropriate terminal connection.
Figure 1 shows a functional block representation of an analog multiplier.
Analog multipliers are available as two-quadrant multipliers and four-quadrant multipliers.
Four-quadrant multipliers which are the present industry standard multipliers can accept

inputs of any polarity and produce outputs with the correct sign. These devices make
possible analog solutions to analog problems with simplicity, sophistication and low cost.
Mathematically the multiplier provides a natural extension to the analog capabilities of the
operational amplifier, But just as operational amplifiers do not just amplify, multipliers do
not just multiply[2]. A multiplier, a modulator. a frequency converter and a voltagecontrolled attenuator are all really functional variations on a single circuit. Many circuit
functions required in communication systems can be derived by way of analog
multiplication[3]. Sonic multipliers have extremely wide bandwidths so they can be used
in all sorts of RF circuits is well as in their more traditional low frequency applications. A
multiplier can be used in a simple wattmeter circuit (that just multiplies voltage by current)
as well as in autocorrelation circuits to enhance signal delectability in communications
systems. Two or more linear equations may be coupled through a multiplication process.
An analog multiplier opens up a whole realm of nonlinear differential equations. True
multiplication is a crucial requirement in[4],[5].
C Modulation and Demodulation: These in essence, are multiplication processes. The
term “multiplier” and “modulator” are interchangeable in when the time functions
are considered to represent signals. Figure 2 models a “balanced modulator” as
simply an analog multipliers[6].
C Automatic Gain Control: AGC is used when a constant output magnitude is
required, despite variations of the input.
C Cross-correlation: This mathematical operation can be modeled as a multiplier
followed by a lowpass filter. The phase difference between two sinusoidal signals
can be found by using an analog multiplier with a low-pass filter: the device is then
variously known as a phase, synchronous, phase-sensitive, or quadrature product
detector or as a quadrature cross-correlation.
C Division, Squaring and Square Root Extraction: Figure 4 shows a block diagram
for division using an analog multiplier. The analog multiplier is placed in the
feedback loop of an operational amplifier. One input is applied to the multiplier: the
other input is applied to the non-inverting terminal of the operational amplifier.
Figure 5 shows the conceptual block diagram for squarerooting using an analog
multiplier.
The square-rooting operation is quite similar to that for division. The denomenator
is tied to the output to providc its square.

C Voltage Controlled Filter: A voltage-controlled filter can be used for input signal
conditioning, when a corner frequency is to be programmed or to be controlled by
an incoming signal.
C Function Generation: The multiplier can be used to produce a triangular or a square
wave, whose frequency is proportional to the applied voltage. Applications include
use in voltage-controlled oscillators, sweep generators, square wave generators and
voltage-to-frequency converters.
C Frequency Detection and Translation.
C Tapped Integrator-line Simulation of Linear Systems.
C Tapped Delay Line Simulation of Linear Systems.
C Programmable Signal Processors.
C Adaptive Processing Systems.
C Randomly Time-variant Channel Simulation.
C Adaptive Equalization of Randomly Time-variant Trans mission Characteristics.
C Adaptive Compensation in Feedback Control.
C Array Processing for Antenna Beam Steering, Antenna Null Steering, Spectral
Analysis, Signal Sorting, Navigation Aid, etc.
This paper is primarily intended to provide the results of a survey and comparison of
analog multiplication techniques with empahasis on analog multipliers using a new class of
semiconductor devices-Carrier Domain Devices or CDD- developed by Barrie
Gilbert[7],[8]. CDD is a highly versatile class of integrated circuits that can achieve more
direct realization of certain signal-processing functions through the use of planar bipolar
integrated devices having special lateral geometries but otherwise standard proessing.
SLIM (Steerable Localized Injection Multiplier) a particular type of CDD multiplier, is the
latest entry in the class of super integrated circuits to perform analog multiplication. and
evolves in our discussion as the one with the greatest promise of high accuracy and
speed.

Overview of Analog Multiplication Techniques
The central issues in multiplier implementation theory and synthesis are linearity, accuracy.
self noise, speed, dynamic range of linear operation and spurious signal generation and
effects. There is not a universal multiplier. A circuit that offers wide bandwidth may have
excessive noise and vice versa. In general, a total error specification is the best measure of
multiplier quality, but certain applications may place a premium on certain components of
the total error. For example, if the two inputs to the multiplier always have large values,
offset errors would not be significant but gain accuracy would be critical.
Although much work has been done to date, the subject of analog multiplication theory
and techniques remains in a rather primitive state, and much remains to be done to
expedite the evolution of multipliers that satisfy very stringent requirements on
multiplication speed and accuracy over a wide dynamic range of the multiplicands and of
the relative instantaneous ratios of multiplicands.
There are several methods used to perform analog multiplication[9][10], namely
electromechanical, magnetic (magnetoresistance. Hall effect), triangle averaging, quarter
square, pulse height/width, logarithmic sum, variable transconductance and those based
on A/D and D/A conversion techniques. Analog multipliers were not being used much in
the past because of their high cost. But lately, several manufacturers have been able to
produce high-performance, easy-to-implement, low-cost IC units. We may expect to see
analog mulipliers boom in much the same way operational amplifiers boomed after the 709
IC was introduced.
Hall effect multipliers are devices that rely on the principle that the voltage across a
conductor is proportional to both the current through it and the strength of an external
magnetic field across it. Hall devices use a semiconductor material, such as indium
arsenide. The advantages of these devices is their simplicity, low cost and small size.
Their disadvantages are the limited bandwidth they have, they’re temperature sensitive and
not suited for four-quadrant operation because the devices are polarity sensitive.
Mathematically, the circuit for generating triangle averaging technique for analog
multiplication is a variation of the quarter-square method which will be described in detail
later. Instead of using square-law devices, the circuit generates the necessary quadratic
functions by integration of clipped triangular waveform. The triangular wave is derived
from a clock oscillator. Multiplication by triangle averaging is characterized by good
linearity at low cost, butsuffers from limited bandwidth and slow frequency response.
A/D/A conversion is the most accurate method of analog multiplication. But it is much
too expensive for simple analog circuitry.

At present, the two most common means of performing electronic analog multiplication
are variable-transconductance and pulse height/width modulation. A third method, logantilog or logarithmic sum, is gaining in popularity for low-speed high-accuracy
calculations.
The highest accuracy is provided by the pulse-width multiplier[11]. Figure 6 shows a
block diagram of the pulse-width/height modulation multiplier operation. The average
value of a train of pulses is proportional to the product of the pulse amplitude and
duration. One input sets the duration of the pulse, V2, and the other input, V1, sets the
amplitude. The result goes through a low-pass filter which retains only the dc components
of the pulse train. The output dc voltage is proportional to the product of the inputs.
The pulse width multiplier has good accuracy and linearity. Because some sections of the
circuit can be ac coupled, temperature stability is extremely good. The relatively complex
circuitry of the pulse-width multiplier limits its applicability to situations where highest
accuracy is absolutely essential. Another drawback of this method is its slow frequency
response which restricts it to static applications only.
Recent developments have made it possible for log-antilog multipliers to yield excellent
accuracy, approaching that of pulse-width/height multipliers, but with much wider
bandwidth, low noise, and reduced cost.
Figure 7 shows the basic operation of the log multiplier. The log-antilog technique utilizes
the logarithmic voltage versus current relationship in a semiconductor junction. A product
can be obtained by taking the log of both inputs and then the antilog of their sum. Due to
the relatively high cost of stable log circuits, this technique is used only when high
dynamic range is essential.
Among the techniques used to perform analog multiplication, the variable
transconductance has been the only one which has been integrated in monolithic form.
This technique takes advantage of the excellent exponential voltage-current characteristics
of the junction diode for multiplier applications using pairs of transistors connected as a
differential amplifier. This technique makes use of the inherent close matching of
transistors fabricated on a single chip and the variable transconductance of the
semiconductor junction[12]. It is much easier to design matched transistors and resistors
with identical geometries and in close proximity on a single chip of silicon than to select
matched pairs of discrete transistors. This ensures excellent tracking of parameters over
time, temperature, and supply variations and, at the same time, yields low cost and
reliability. The IC variable-transconductance multiplier has advantages over the previously
mentioned techniques, namely, good transient response, smooth error curves (i.e..low
error for small signals) and low noise. The variable transconductance technique has been

implemented using bipolar technology and has been the dominant one in the analog
domain.
The first commercial analog multiplier in modular form utilized the quarter-square
technique. This method has gained favor in the field of high-accuracy medium-speed
multipliers. This technique is based on the algebraic identity:
(1)

Figure 8 shows a block diagram of the quarter-square multiplier. The type of elements
employed in this method are elements having bipolar square-law voltage-current
characteristics, together with several operational amplifiers to perform the summing and
squaring functions. The practical realization uses diode function generators, whose
relatively high cost and objectionable breakpoints have made the quarter-square multiplier
obsolete after the transconductance multiplier was introduced. Although this technique is
used where better linearity is required, its disadvantages are circuit complexity, cost, and
poor linearity at low signal levels. This is due to the resistor- diode networks normally
used to generate a parabolic transfer characteristic for the squaring operation. An
important reason why this technique has not been suitable for monolithic integrator is that
large resistor values are required[13].
The principle of variable transconductance was first reported in the 1920’s where it was
used to perform the AGC function in vaccum-tube receivers. With the advancements in
bipolar junction transistor (BJT), integrated circuit technology made possible the practical
realization of the variable transconductance multipliers. The first multiplier was proposed
in 1968 by Barrie Gilbert to be used as an analog phase comparator in monolithic phaselocked-loops[14],[15]. This multiplier found wide acceptance not only in analog
computation, but also in a variety of modern communication and control systems[3].
Where reasonable static accuracy and large bandwidth are required. the transconductance
multiplier was found to be the most useful technique. In this circuit, very high bandwidths
as well as reasonable multiplacation accuracy can be achieved. One serious drawback
with the transconductance multiplier is its poor noise performance.
Ever since the introduction of the first integrated circuit by Kilby in 1958 [16], IC design
engineers have been trying to condense more elements of active circuits to achieve greater
functional density. Carrier Domain Devices do not quite fulfill the promise of “superintegration” but yet could be considered as just another entry of a collection of very
specialized architectures that realize the dream of super-integration.

The origin of the CDD principle lies in the development of analog character generators for
oscilloscope displays[17]. The “x” and “y” signals for each stroke in a character were
generated by a trio of area weighted transistors all with common base potential as shown
in Figure 9. One collector current was used to drive the horizontal deflection, one to drive
the vertical deflection and the third provided a scaling factor. The area ratios among the
transistors of the trio determined the relative amount of collector current in each and
thereby determined the coordinates of the oscilloscope trace. A sequence of strokes was
created by connecting the base terminals of several trios to a special resistive ladder,
which had a movable potential maximum. As the maximum was scanned from one end of
the ladder to the other, the emitter current, IE, would be steered successively from one trio
to the next until the complete character had been drawn on the screen. Although the
device was not really a single large transistor, these character generators embodied the
essence of the CDD principle.
The first carrier domain device (CDD) was the circular geometry four-quadrant analog
multiplier invented by Gilbert and refined by Smith[18]. The geometry of the device
shown in Figure 10.
By applying differential currents (1 - x)It to contact A and (1 + x )I to contact B where x is
a dimensionless input variable in the range -1 to +1, the maximum of potential occurs at an
angle
2m = arccos x
(2)
where 2m is measured clockwise from contact A. Injection into the collector will be
greatest at 2 = 2m and will fall to zero at angles remote to 2m. Contacts C1 and C2 are
maintained at the same potential so that the collector acts as a current divider. The emitter
strip is at a constant potential and is supplied by a current proportional to the other input
variable y. The size of the domain depends on the voltage gradient in the base and is
limited by emitter-base breakdown. As the differential base drive is varied, the domain
swings around the circumference of the dee. Since the location of the domain follows an
arccosine dependence and the current division is essentially a cosine operation, the
differential output current is a linear function of the differential input signal. What favors
CDD is its flexibility where a limitless variety of transfer functions can be realized by
simple modification of geometry.
Gilbert also invented a thin rectangular form of CDD multiplier which he called the
“Steerable Localized Injection Multiplier” or SLIM. The main feature of a SLIM is the
special property of its parabolic base potential: The position of the peak of the parabola
(and hence the domain) is a linear function of the differential voltage applied to the ends of
the base. Gilbert devised several ways to generate this parabolic profile. But the most
practical technique was the use of a long uniform resistor biased by a uniform current

sheet as in the SLIM. This was accomplished with a wide FET for which the NPN base
was the drain, or a lateral PNP with the NPN base served as the collector.
SLIM
Consider an elongated NPN transistor shown in Figure 11. The base region has contacts
at each end which are held at potentials of V. The emitter region has a contact along its
length and is driven by a current It. The base region is also subjected to a uniformly
distributed current.I along its length.
Consider, first, the consequence of feeding a uniformly distributed current into a
uniformly-distributed resistor (since the base of an NPN transistor also acts as a resistor).
On entering the base, Imj flows to the base contacts at either end. Owing to the high subemitter resistance, negligible current flows underneath the emitter, and so, to a first
approximation, current flow is one-dimensional in the region between the edge of the
emitter and the edge of the base. By means of the one-dimensional form of Poisson’s
equation, one can show that the effect of the injection current is to produce a parabolic
voltage distribution on the base: namely
(3)

which can be rewritten in the form:
(4)
where,
(5)

(6)
(7)
which is a parabola with maximum at x = xm that is a linear function of the differential input
voltage Vi, and inversely proportional to injected current I.
Equation 4 shows clearly that the potential profile is symmetrical around its maximum.
Equation 6 indicates that an input voltage magnitude of
is required to move the peak
all the way to one end of the base. The location, xm of the maximum is therefore linearly
related to the bias voltage Vi, and reaches

How does this voltage in the base region affect the injection of minority carriers from the
emitter? Clearly, injection will he heaviest where the base is most positive This is referred
to as emitter current crowding [18][19]. But there is a difference here. Emitter current
crowding is caused by recombination current, which is to a large extent uncontrollable,
and results in the unwanted restriction of current to the edges of the emitter, where the
voltage drop is least. This localization of injection serves no useful purpose. In SLIMs,
the whole operation depends on forcing injection to a particular locality on the emitter, by
means of the parabolic base- voltage distribution, and of making use of this localization.
which is now “read out” by the use of a long, resistive collector resistor, usually formed
by a thin buried-layer diffusion[20].
Since the NPN emitter is current driven(see Figure 11), the emitter voltage will settle to
approximately 0.7V below the maximum base potential, and emitter injection will occur
around the position of xm. This localized current flow within the transistor is called a
current domain.
The emitter potential is uniform at a value that is only a fraction of a volt below the peak
base voltage. By increasing RI, the base parabola will become steeper, the domain will
become narrower, but the maximum reverse bias on the emitter (when the domain is
driven to either end) will also increase. Since emitter-base breakdown limits the reverse
bias to about 6 volts, the RI product is limited to about 12 volts. This puts a lower bound
on s and defines a minimum size for the domain. If the size is considered to be the
distance between points where the current density is half the maximum, the domain can be
no smaller than about 10% of the device length.
The domain width '0 is defined as the fractional length along the device between the half
current amplitude points at constant temperature, the width of the domain is inversely
proportional to the root of Iinj which will be refered to as Vinj.
SLIM as a Multiplier
The magnitude of the domain and its position can be altered independently of one
another. It is this property that will enable this device to be used as an analog multiplier.
Magnitude and position of the domain can be used to represent the variables X and Y in a
multiplier whose output is a function of XY.
The position of the domain within the base is detected by allowing it to inject into an
elongated buried collector region. The differential output current taken from each end of
the collector is a function of the domain position.

The domain acts as if it is a point source of current injecting into the collector region at a
position, xc, coincident with its centroid. Thus when the domain is near the middle of the
base, xc is proportional to the applied differential base voltage. As the domain approaches
the device ends, however, the domain becomes distorted and xc is no longer proportional
to the base voltage since xc and xm no longer coincide. Thus for linear operation, there is a
maximum allowable domain excursion which depends on domain width and hence on Vinj.
There are two methods which can be used to derive the uniformly distributed current, Iinj.
The first method is to make the base of the elongated NPN transistor also form the
collector of a lateral PNP transistor which is current driven. However, this arrangement is
not very satisfactory owing to poor linearity [21],[22]. These devices are given the name
“enhanced CDD” since there is a spatial positive feedback between the base voltage
profile and the (non-uniform) injected current profile. The effect of this is to sharpen or
enhance the domain current profile.
A second method is to make the base region the drain of an FET (usually a JFET), and it
is this arrangement which we shall consider. These devices have no feedback effects and
the injected current is uniformly distributed. Figure 12 shows a plan view of a nonenhanced CDD using a p-channel JFET as the source of uniformly distributed current Iinj.
The cross section of the device is shown in Figure 12. where a p-type layer forms the
source of the FET and the drain which is also the base of the pnp transistor. The gate and
npn emitters are formed by two n diffusions. The base/drain region has contacts at either
end to which the domain steering voltages can be applied. Differential output current is
taken from each end of the buried layer collector region.
If the JFET is operated beyond pinch-off and its source is current driven, then it injects a
uniformly distributed current into the drain/base region and this produces the required
voltage profile necessary for domain formation. Also, since there is no current flow
across the reverse-biased gate-source junction, Iinj, is numerically equal to the source
driving current [23].
The SLIM layout is shown in Figure 13. The basic structure has already been described,
but note that each npn transistor has two JFETs injecting current into the base. The
purpose of this is to reduce the effects of lateral current crowding in the very high
resistance sub-emitter region. FET current is flowing in laterally, in the positive and
negative “y” direction, and NPN current is flowing vertically, in the “z” direction. FET is
biased so that the current arrives at the drain in a uniform sheet. Assuming that the base
current of the vertical NPN is negligible, the NPN base can be considered to be just a long
resistor, contacted at the ends and biased by a distributed current source as shown in

Figure 14. The collector buried layers in the two CDDs are connected in parallel on the
chip to give the two differential current outputs.
The complete multiplier has dimensions of 900F x 300F and is fabricated by standard
planar diffusion processes.
Figure 15 shows voltage distributions along the x-axis for the different regions of the
device. The gate voltage of the FET is fixed and the source floats at a slightly more
negative voltage, such that VGS is appropriate for the chosen source driving current.
Note that V . varies considerably along the length of the device and one must ensure that
this voltage is always large enough to produce saturation of the JFET. The upper limit of
VDS is set by avalanche breakdown of the gate drain junction. This typically occurs at
7.6V for the SLIM, while a typical pinch-off voltage for the onset of saturation is 3V.
Thus the base (drain) voltage cannot vary by more than 4.6V. In other words, the
maximum allowable differential base voltage. VB, is 2.3V.
The domain width is roughly 12.5% of the total device length and thus one would expect
the x-input to reach values of x = 0.75 before non-linearity becomes severe. However,
nonlinearity does appear before this value is reached owing to the fact that the FET output
resistance in saturation is not infinite. This means that the injected current is not uniform
along the device length and hence the base voltage profile deviates slightly from the
required parabolic shape[24].
Conclusions
The greatest obstacle to the wide use of the SLIM is its linearity. SLIMs are very sensitive
to end effects and therefore inherently less linear than the translinear multiplier. The
intriguing feature of a SLIM is the special property of its parabolic base potential: The
position of the peak of the domain is a linear function of the differential voltage applied to
the ends of the base.
A primary feature that SLIM possesses is the emphasis on designing in terms of the
medium rather than in terms of devices. The implication of this is that devices may be
designed free from performance variations due to operating conditions or processing
variations which influence the forward active characteristics of the inherent npn or pnp
structure. This offers a method of device fabrication in which the single most important
parameter is also the single most controllable processing parameter, i.e., the planar
geometry of the device design. It is hoped that this work has added impetus to the
seemingly small interest in distributed planar devices.

The non enhanced CDD multiplier (SLIM) could find wide acceptability in applications
where low noise and wide bandwidth are essential. One such application is a low noise
gain control system used in professional sound recording studios. Satellite and deepspace probe systems (data transmission and range-rate tracking systems) stand to gain
very significantly in sensitivity and metric accuracy by the availability of a low-noise
density microdevice.
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ABSTRACT
The class of Steerable Localized Injection Multipliers (SLIM) is known to be of high
speed with least self-noise among all known analog multiplication techniques, and to be
highly suited for VLSI implementation. SLIM design with predictable bounds on
multiplication error due to intrinsic circuit noise requires valid noise generation modeling.
Two models of SLIM noise sourcing are formulated: a small-signal model and a largesignal model.
These noise models were simulated using SPICE to determine the power spectral density
of SLIM output noise. The output power spectral density was shown to be flat over the
frequency range up to 100MHZ, in agreement with prior experimental results.
INTRODUCTION
A comparitive study [1] of analog multiplication techniques for VLSI implementation of
analog signal generation. processing and detection operations reveals that SLIM (for
Steerable Localized Injection Multiplier) excels for high speed and least noise. Noise
circuit models are established in this paper to facilitate theoretical exploration for
designing SLIM configurations with predictable intrinsic noise limitations on multiplication
accuracy.
Two noise models for SLIM are presented a small-signal model based on average
steerable localized injection device resistive behavior vs. variable emitter crowding, and a
large-signal model based on variable resistance characteristics vs. variable emitter
crowding. In outline, the procedure for developing the models is:
First, the SLIM structure is modeled as consisting of a split differential processing circuit
with intermediate current-injection circuit sections.

Second, active devices with resistive and shot-noise properties are modeled by well
established Nyquist-type noise sources.
Third, special structural symmetrical characteristics are capitalized on to derive the circuit
overall noise output expressions as a sum of separate components, each traceable to and
representing a particular internal source of noise.
Finally, SPICE simulation of the noise equivalent circuit models is used to derive the
output power spectral density vs frequency for comparison with available experimental
results.
After a brief review of SLIM fundamentals, the topical outline of this paper follows the
above outline of the steps carried out to develop the noise models of SLIM.
Review of SLIM Fundamentals
The basic mechanisms that effects the multiplication in a SLIM is illustrated in Figure 1. A
SLIM thus consists of essentially two complete carrier-domain devices (CDDs) sharing a
common collector region. Each device has an elongated emitter placed in a narrow base
region which also serves as a resistor: in fact, each side of the base surrounding the
emitter acts as a resistor but these are connected in parallel. Current is fed into these
resistors uniformly along their lengths by the conduction under the channels of two FET
structures, one on each base region, a total of four FETs in the complete dual-device. The
base thus acts as the normal base region of an NPN transistor, as resistors, and as FET
drains.
The conceptual SLIM structure shown in Figure 1 consists of two resistive strips of
length 2L each which are connected in parallel and are injected at complementary
positions with complementary currents. With the notation in the diagram.
(1)

(2)

(3)
Thus, the differential output current is proportional to the product of the input variables.
The multiplicands X and Y can take on positive and negative values: hence, SLIM is a
four-quadrant multiplier.

The mechanism in Figure 1 may be implemented by using two CDDs (carrier domain
devices) whose steering base contacts are cross-coupled to produce the complementary
domain motion. The parallel strips are formed by the two buried layer collectors of the
CDDs.
SLIM Device Model
For many purposes, we can model the SLIM as a mobile point-geometry NPN transistor,
connected in a grounded-base configuration, conveying its emitter current IE to a variable
location along the elongated n-type diffusion, which simultaneously acts as the collector
for the transistor, and as a current-dividing resistor as shown in Figure 2.
The good linearity between the base input-voltage vx and the effective center of the
domain occurs over most of the positional range, but as the domain nears the ends of the
emitter, the current-density distribution becomes a truncated Gaussian function. Figure 3
shows the current density profile for a given base voltage.
With reference to Figure 4, a basic SLIM configuration is circuit modeled by, nine
separate transistors with emitter currents driven from a common source, and collectors
connected to eight 200S resistors in series representing the collector buried resistance.
The elongated base of total resistance 4KS is represented by eight 500S resistors
connected in series. The base is injected with current from a 2.3mA generator via I5KS
resistors. These resistors represent the output impedance of the current injecting JFET.
A domain typically occupies three transistors, the center transistor passing about half of
the domain current. Excitation of the base is by two current generators of opposite
polarities with 10S shunts representing the output impedance.
SLIM Noise Models
Average Resistance (Small-Signal) Noise Model
Small signal noise modeling of SLIM is based on the average resistance noise model
shown in Figure 5 for the bipolar transistor previously used [2] to study the noise
generation mechanisms in SLIM. There are two ways to evolve the small-signal model [3]:
1. One way would be to incorporate the mechanisms of SLIM in one noise model
[4][5][6]. But this method will not yield exact results due to the presence of the
moving domain which cannot be accounted for in that specific model.

2. The second way is to treat the model of the SLIM device as a differential amplifier
and add the remaining transistors as we go along [7][8][9]. This method provides
more accurate results than the first one but fails to model the emitter crowding
effect that occurs in SLIM.
The average resistance model is good for small signal applications and exhibits the
following features [10][11][12][13].
C The noise generator vb2 is associated with the thermal noise of the base resistance rb.
Its mean square value is defined in terms of noise resistance:
vb2 = 4KTrb)f
where
4KT = 1.66 x 10-20V - C
rb is the base resistance.
)f is a narrow frequency interval.
C The noise generator v2e is associated with the thermal noise of the output impedance
of the source of injecting current. It is expressed by:
v2e = 4KTre)f
where re is the output impedance of the source of Iinj
C The noise generator v2c is associated with the thermal noise of the collector buried
resistance.
v2c = 4kTrc)f
where rc is the collector buried resistance.
C The noise generators ib2 and i2c are associated with the transistor shot noise and are
given by
ib2 = 2qIB)f
and
I2c = 2qIC)f
where
IB is the base current.
IC is the collector curent.
q = 1.6 x 10-19C
The total output noise is calculated by considering each noise source in turn as follows:
C Mean squared noise voltage produced at the output by vb2:
(1)

where
C Mean squared noise voltage produced at the output by ib2
(2)
C Mean squared noise voltage produced at the output by v2e
(3)

where
Q = Z**rb
C Mean squared noise voltage at the output due to i2c is
(4)
C Mean squared noise at the output due to v2c is
(5)
Since all five noise generators are uncorrelated, the total mean squared output noise
voltage is:
(6)
Substituting expressions for the noise generators, we obtain:

(7)

This model - - as a first approximation - - describes the noise mechanisms in SLIM
devices. But it does not explicitly account for the current crowding phenomenon in SLIM.

Variable Resistance (Large-Signal) Noise Model
In the preceding model. the resistive behavior of the active base was simulated by a series
resistance rb, and its associated noise source of Nyquist type. That model did not
explicitly reveal crowding effects[14]. It has been shown that this effect appears to be
significant at high frequencies[15][16].
In this section. a new small-signal equivalent circuit model is introduced that takes into
account explicitly the emitter crowding effect intentially introduced in SLIM. This model
coincides with earlier ones developed by Fukui[17], Malaviya and Van Der Ziel[18], and
Caminade, Le Gac and Blasquez[19].
Figure 6 shows the equivalent circuit for noise calculations.
This model exhibits the following features:
C The resistive behavior of the active base region is simulated by an impedance ZBB':

The parameter rbb' and the characteristic frequency f, depend on transistor geometry
and biasing conditions:

where
R is the average base resistance ([15] Eq.44)
‘a’ is a specific parameter of the biasing conditions:

fB is the cut off frequency:
D1 and D2 are geometric coefficients.
D1 = 3 and D2 = 4.5 (for rectangular devices)[15]
C The noise generator v2b is associated with the thermal noise of the impedance ZBB'. It
is given by:
v2b = 4KTRB)f
where
RB is roughly equal to

RB was found from previous studies involving the distributed model of the
transistor.
C The noise generator iB2 is associated to the transistor shot noise and given by:
IB2 = 2qIBp2 * ZBB' * 2 )f
In this model p2 is not equal to unity. This is a characteristic result of the distributed
nature of the active base. It has been shown [20] that p2 depends on biasing
conditions as well as frequency. It is given by:
v2e is associated with the thermal noise of the output impedance of the souce of Iinj
v2e = 4KTre)f
where re is the output impedance of the source of Iinj.
2
C The shot noise source iBB'
, is unfacted by the crowding effect and given by the well
known formula[21].
2
iBB'
= 2qIBZBB')f
C The noise generator v2c is associated with the thermal noise of the collector buried
resistance:
v2c = 4KTrc)f

C The noise generator i2c is associated to the transistor shot noise and given by
i2c = 2qIc )f
Substituting expressions for the various noise generators we obtain:

(8)
Computer Simulation Analysis
This section presents the results of the computer simulation of SLIM using the
SPICE2G.1 simulation program. The simulated results include the transfer characteristics
and noise analysis for SLIM. SPICE Bipolar Junction transistor model is presented along
with a summary of the results obtained.

SPICE BJT Model
SPICE2G.1 simulation program employs a BJT model[22] that is a combination of two
other models:
C The Ebers-Moll model[23] with the addition of basewidth modulation [24].
C The Gummel and Poon Model [25][26][27] based on the integral charge model.
Figures 7 and 8 show the SPICE BJT model and the linearized BJT model called the
Hybrid B model. Figure 9 shows the summary of noise analysis results obtained via the
SPICE2G.1 simulation program. Figure 10 shows the. output noise analysis of SLIM.
Significance of SPICE Simulation Results
The ultimate validity of a model rests on its ability to generate results that are in agreement
with experimental observations. In the absence of the appropriate laboratory
instrumentation, the alternative to validation by experimental measurements is to determine
computable noise characteristics by computer simulation and compare the results with
available experimental data measured by prior investigators without the benefit of the
model. Fortunately, extensive noise measurements were performed and the results
abstracted in terms of output noise power spectral density. The experimental
measurements have established that the output noise power spectral density of SLIM is
uniform from DC to 100MHz beyond which it falls off.
The SPICE results summed up previously, clearly show that the output noise power
spectral density of SLIM noise, with the SLIM multiplier circuit noise as modeled by the
analysis in this paper, is indeed flat out to 100MHz in full agreement with the available
experimental data. This agreement definitely provides a conclusive validation of the
variable resistance (large-signal) SLIM noise model originated in this paper. The
sufficiency of this validation rests upon the fact that for a noise process that is known to
be Gaussian, as in the present case in the present study, the process is completely
determined by the power spectral density.
CONCLUSIONS
The theoretical study of noise generation mechanisms was performed based on the
average resitance model. The theoretical results agreed with those obtained using the
SPICE2G.1 simulation program.

An important observation from the results obtained showed that the output noise of SLIM
remained constant over changes in frequencies from 1KHz to 100MHz. We noticed a
slight change upon reaching the frequency of 100MHz over which the device does not
operate.
A new noise model for SLIM was devised to take into account the various effects not
covered by the average resistance model, mainly the emitter crowding effect and the high
base resistance rb.
The logical next step to the validation of a noise model for SLIM is the search for a circuit
design methodology to reduce noise in integrated circuits. A SPICE-like simulation
program that takes into account the various phenomena that occur in SLIM should also
be developed.
The poor linearity of SLIM is another area that should be of great interest especially if
CDD multipliers are to compete as an alternative to the translinear multiplier[1].
Another promising area for further research is the realization of a function generator using
CDD based devices.
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Figure 1: Conceptual Structure of a SLIM Multiplier

Figure 2: Mobile point-geometry transistor

Figure 3: Current-density distribution

Figure 4: SLIM Circuit Model

Figure 5: Bipolar transistor noise model for studying noise
generation mechanisms in SLIM

Figure 6: Transistor equivalent model of SLIM for noise calculations

Figure 7: SPICE BJT model

Figure 8: Linearized BJT model

Frequency

Output Noise(SQ/Hz)

1 KHz

3.588 x 10-19

10 KHz

3.588 x 10-19

100 KHz

3.588 x 10-19

1 MHz

3.588 x 10-19

10 MHz

3.588 x 10-19

100 MHz

3.588 x 10-19

Figure 9: Summary of SPICE Simulation Results

Figure 10: Total output noise spectral density computed by SPICE simulation
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ABSTRACT
The processing of telemetry data received at the Western Test Range (WTR) requires the
use of user supplied measurement attributes information. The telemetry streams currently
being presented for support are from technologically advanced test vehicles which often
involve complex measurement definition schemes. This document describes some of the
current definition schemes and the processing required to obtain and utilize the data. The
chaotic state of this environment is in no small part due to the lack of standardization of
the measurement definition scheme and its media. The trend has been, and will continue to
be, a condition of ever increasing complexity and variety unless some standardization is
applied.
INTRODUCTION
The design of telemetry transmission systems have evolved to highly sophisticated
computer-based environments where measurement descriptive attributes require large
amounts of text information. This data must be supplied to multiple agencies for use in
telemetry support operations. Typically, a developer of a system requiring telemetry
support accumulates the attributes information in a computer data base. It is natural that
the data definition scheme is one which is compatible with existing (in-house) data base
services. As a general rule, these data bases are not compatible with outside agencies that
must receive and utilize the information. In a processing environment such as exists at
WTR, the variety of user defined schemes creates a large overhead in software and
manpower to assimilate and utilize the user supplied data.
In addition, the utilization of computers in the design of airborne systems has progressed
so rapidly that procurement authorities are overwhelmed with technological specifications.
The concentration of effort on the design of the weapon system itself results in
insufficient attention being given to ground station interfaces. Since a measurement
attributes format standard does not exist, a reference document is not available to a

procuring agency. The data delivery scheme and media become options deferred to the
data supplier which cause software development by the recipient in order to utilize the
data.
MEASUREMENT ATTRIBUTE PROCESSING
The processing of telemetry data at WTR serves a multitude of users and operational
functions. Processing provides both real-time user displays for health and status of test
vehicles and real-time inertial guidance for range safety purposes. Since most testing at
WTR involves moving objects, at least one telemetry data stream is received and
processed in order to assure that the article being tested flies in the prescribed flight
corridor. To properly configure a telemetry processing system, given the current airborne
systems capacities, the users generally provide the telemetry streams measurement
description information on digital magnetic tape. These tapes are provided in various
formats and recording modes. Table I provides a list of (most) tapes currently received at
WTR and the general description of each tape. The following paragraphs describe the
processing required for some of these tapes.
PEACEKEEPER TAPE PROCESSING
Tapes “a” through “d” of Table I are used by WTR to develop a composite (merged)
measurement attributes data base tape “h”. This data base is used by WTR for
operational setup of telemetry systems, post flight data processing and is provided back
to the Peacekeeper associated contractors. WTR is the single point of convergence for
these four tapes. The range technical services contractor performs cross-tape
comparisons to assure measurement definition consistency. The processing overview is
shown in Figure I. The CSAR tape is processed initially to establish the master list. The
telemetry format location data is then added by processing the MULOAD tape. If a
measurement name was omitted from the CSAR but is found on the MULOAD tape, it
will be inserted into the data base. The next tape (GCSC) is then processed to complete
the basic telemetry format allocation for all data except the embedded MECA area. The
MECA tape processing generates a separate data base set due to the complicated
sampling scheme involved. There are four different MECA data sampling categories, one
of which requires 15 specific entries in the data base for format locations. The embedded
data area for guidance computer data is used to relay a combination of data rates.
Continuous fixed rate (10 ms) and variable data rates of 30 ms, 150 ms, and 450 ms are
multiplexed into the reserved buffer area of the telemetry format. In many cases, the data
from one frame must be held and concatenated with data from the next telemetry frame.
The full details of the entire set of processing accomplished on these tapes is too
extensive to describe in this document; however, it is apparent that the programming and
processing workload is significant. The four input tapes are converted into 15 work files,

six control files, and eight data files. This processing occurs multiple times for each flight
test due to preflight changes in user tape inputs. Test programs involved in R&D such as
Peacekeeper generally require many changes during the prelaunch periods.
SPACE TRANSPORTATION SYSTEM TAPE PROCESSING
The NASA multifile shuttle data tape (STS-MFSDT) provided to WTR describes up to
100 data formats that are possible for use on an STS mission. Typically a mix of high
data rate, low data rate, and payload formats are found on the tape. Since the WTR role
for telemetry processing consists primarily of providing range safety support, only a
limited number of formats are currently extracted from the many described on the tape.
The formats required are involved with the ascent mode of flight and various abort mode
formats.
DATA EXTRACTION
The processing required (see Figure 2) to obtain a specified telemetry format is
accomplished by first extracting the requested format using program “STSEXT” from the
fourth file on the tape. Then for each measurement name found in that file a scan is made
in files 2 and 3 looking for a matching measurement name. The measurement name found
in file 4 may not have entries in either files 2 or 3. The files are sorted prior to scanning to
facilitate the scanning algorithm.
Upon completion of the extraction process, three files exist which contain the extracted
data. Using a file of data base directive control language, the data is transformed into an
on-line data base. Reports and lists are then available as required for all WTR agencies.
The data base generated on WTR systems from this processing are of various sizes
dependent upon the telemetry function. For example, file 4 typically exceeds 115,000 data
records with extracted formats sized as follows:
a. Format 21 -

• 4000 measurements each in file 4 and 2
• 1000 measurements each in file 3

b. Format 12 -

• 1300 measurements each in file 4 and 2
• 250 measurements each in file 3

c. Format 129 -

• 3600 measurements each in file 4 and 2
• 1100 measurements each in file 3

What these formats represent are the orbiter format (129), the primary flight computer
format (21), and the backup flight computer format (12). All three must be supported in
real time to obtain the selected data for range safety outputs. Typically, two multifile
shuttle data tapes are received for each STS mission. The first represents a first-cut list
for planning purposes and the second tape is a final (certified) version for operational
support.
ADDITIONAL ATTRIBUTES TAPE PROCESSING
There are several additional programs supported at WTR where the users provide
measurement information on digital magnetic tape. These tapes, for programs such as
Anti-Satellite and Cruise missile, have a variety of recording formats. One WTR user
employs a card image (80 column) format with multiple card image types. The various
card images are used to specify the attributes in user defined field lengths and annotation
modes. Multiple sets of card images are often employed just to describe supercommutated measurements. In other cases, bit masks are sometimes used to specify this
condition. Other user defined schemes may simply provide a bit map of a multiplexor
memory which must be decoded to determine telemetry format assignments.
TAPE HANDLING/LABELING
The condition of many tapes received at WTR provides a real challenge to WTR
personnel trying to use them. The exterior markings are many times devoid of useful
information and the tape must be serially listed to printer and studied prior to
programming a tape processor. Once programmed, the tapes are often changed without
prior notice. In other words, this environment is lacking stability and control.
RECOMMENDATION
The trend within the telemetry community is toward more data sampling at higher rates
using complex computer based techniques. The information required to receive and
process these telemetry links is growing at a fast pace. In todays environment there is little
attention being given to the interface between the airborne system and ground system in
the area of measurement attributes. There is no standard for developing and delivering the
often voluminous data necessary for ground station support. This entire industry would
be greatly served if the Inter-Range Instrumentation Group (IRIG) would form a
committee to assess and establish an appropriate standard for measurement attributes data
and media.
Once established, the user community should be required to provide outputs from internal
data bases or other sources in the standard format. The receiving agencies such as WTR

and other support test ranges, would see a reduction in the proliferation of data
reformatting programs. The weapon systems developers would have a standard for
reference in the requirements specifications. And foremost, stability and order will be
established in an area that is currently out of control.
PROPOSED DATA FORMAT
Table II is a possible configuration of data definition that would serve the needs of WTR
for variable telemetry measurement descriptive data. The format includes a header file that
could be expanded to include telemetry link information if so desired. File 2 provides for
required attributes, necessary for ground station setup, early in the data record. It is highly
recommended that use of special characters such as “$”, etc., be disallowed due to the
variety of data bases that use them for character string delimiters.
The table is to be considered as an example for use as a starting point for deriving a
useful standard format acceptable to standard setting committee members. Items such as
numbering sequence for frame counting and data word orientation are not addressed by
the table.
CONCLUSION
For every user of the Western Test Range, where computer based telemetry systems are
employed, a significant amount of processing is accomplished to compensate for the
users input data tape format. Each new test vehicle creates another set of software and
operating steps that must be performed to obtain support information. Each program
presented to the various National Test Range agencies must develop a similar set of
software to acquire the needed telemetry attributes information. In general, these costs are
not considered during the initial phase of systems procurement. This problem could be
reduced and eventually eliminated if a data tape format standard is devised and followed
by the range user community.
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TAPE NAME

TRACKS

DENS.

CPU
TYPE

LABEL

#
FILES

MODE

BLOCK
SIZE

TERM.
METHOD

#
RECORDS

“END”

>800

PEACEKEEPER Master
Measurement List

FUNCTION

a.

CSAR

9

1600

IBM

YES

2

EBCDIC

b.

MULOAD

9

800

SEL

NO

8

ASCII

80

S-EOF

3,276

PEACEKEEPER Decom
Format List

c.

GCSC

9

800

XEROX

NO

1

ASCII

80

D-EOF

7,232

PEACEKEEPER Embedded
Data Map List

d.

MECA

9

1600

SEL

NO

4

ASCII

132

S-EOF

4,910

PEACEKEEPER Embedded
Computer MAP LIST

e.

STS-MFSDT

9

6250

IBM

YES

7

EBCDIC

6
SIZES

S-EOF

>7,600

STS Multiple Formats
Strapping and Description

f.

GDCSDF

9

1600

CDC

NO

3

ASCII

80

S-EOF

. 10,575

Telemetry Format
Assignments

g.

ASATSDF

9

1600

CDC

YES

8

ASCII

5120

“*WEOR”

. 4,000

Telemetry Formats and
Word Structures

h.

DI206.15

9

1600

CDC

NO

7

BINARY

5300

S-EOF

. 1,200

WSMC Merged
PEACEKEEPER Attributes

i.

MUVERIFY

9

800

SEL

NO

2

ASCII
AND
BINARY

768

S-EOF

. 2,496

PEACEKEEPER Multiplexer
Memory Load Data

j.

TITAN II &
III

9

800

IBM

NO

1

EBCDIC

160

S-EOF

. 109

Link 7 TITAN II Time Slot
Tape. Calibration data is on
separate tape.

TABLE 1. MEASUREMENT ATTRIBUTES TAPE CHARACTERISTICS.

TABLE II. PROPOSED DATA FORMAT

FILE 1 (HEADER)
Vehicle name
Creation date
Revision
Security class
No. of files to follow
Test no.
Comments
EOF

# CHARACTERS
24
10
4
2
2
8
30

REMARKS

Should include all
variable administrative
data needed to accomplish
test mission. Use multiple
records if needed.

FILE 2
Sensor name
Sensor type (A, DS, C, Db)

10
2

Formats assigned
Frame first location

10
8

Frame increment

8

Extended word flag/
non-symetrical flag
Second part location
Subframe location
Subframe increment
Sub subframe location
SSF increment
Sensor description
Data units
Minimum value
Maximum value
Data word size
Data word alignment
EUC type

1
8
8
8
8
8
30
10
10
10
2
3
8

Scale factor
Multiplier

2
14

Alphanumeric
(Analog, Discrete syllable,
computer, Discrete bit)
Integer or mask
Integer word relative
to frame sync
Symetrical strapping
increment
Number to indicate
condition
Integer
Integer
Integer
Integer
Integer
Alphanumeric
Degrees, KPSIA, etc.
Minimum valid data value
Maximum valid data value
Bits per word (1-64)
MSB, LSB
Table, polynomial,
character string
Integer
Floating point

No. of coefficients
Coefficient 1
Coefficient N
Character string
User unique data
EOR
.
.
Additional sensor attributes
.
.
.
EOF
EOF

2
14
14
20

Integer
(EUC type dependent)
(EUC type dependent)
Alphanumeric
As required

Figure 1. Peacekeeper Tape Processing Overview.

Figure 2. STS Extractor Overview.

TELEMETRY INTEGRATED PROCESSING SYSTEM
OPERATIONAL OVERVIEW
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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 decommutation and data processing system. This system is utilized to
process telemetry data from numerous missile and aircraft programs supported at the
WSMC. In the late 1970’s and early 1980’s, while TIPS was under development, some
information on this unique system was presented at the ITC. This paper will present an
overview of the operational system as it exists today. Hardware and software components
will be discussed. A presentation of the standard, no development cost, features available
to Range users will be made. A summary of the current missile/aircraft telemetry systems
that must be supported will be included along with some of the special processing
developed for these systems. The primary emphasis will be an overview of the system
capabilities and the types of telemetry processing encountered in the operational WSMC
environment.
INTRODUCTION
The Telemetry Integrated Processing System (TIPS) processes telemetry data resulting
from support of ballistic or space missile launches, aircraft fly-bys and/or orbiting
satellites. Data may be in real-time or input from wideband analog tapes (playback). TIPS
is capable of supporting activities associated with prelaunch, launch and post launch
operations and, in addition, supports batch and timesharing environments. TIPS provides
a hardware and software system upon which these functions can be performed for all
Range users.
Figure 1 illustrates the flow of telemetry data at the Western Test Range. The primary
signal acquisition points are the Vandenberg Telemetry Receiving System (VTRS) located
on the peak of Oak Mountain on South Vandenberg AFB and the Pillar Point Telemetry
Receiving System (PPTRS) at Half Moon Bay, south of San Francisco. Data are routed

to Building 7000 located in the central portion of Vandenberg AFB. Analog recording,
signal detection and distribution to the TIPS is provided by the Telemetry Analog
Equipment Room (TAER). Also located in Building 7000 is the Telemetry
Decommutation Validation System (TDVS) which is a versatile PCM simulation system.
SYSTEM HARDWARE
Figure 2 is a block diagram of the TIPS. TIPS utilizes programmable Telemetry FrontEnds (TFEs) to perform telemetry signal processing, Telemetry Preprocessor (TPP)
computers for most real-time data processing functions, central Mass Storage Controller
(MSC) computers for history recording of data, Configuration and Interface Control
(CIC) computers for real-time system control support and Quick-Look Display Area
(QLDA) computers for user display and control. These real-time computers and their
supporting system software are interconnected such that any required subset can be
scheduled in support of any Range user. Those computers not scheduled for one user are
available for concurrent support to other users and activities. All TIPS real-time
computers are Gould/SEL series 32 computers. There are 21 of these 32 -bit word
scientific processors in TIPS. TIPS is digital throughout from the point of serial to
parallel conversion in the case of PCM and from analog to digital conversion for
PAM/PDM/FM data.
A Control Data Corporation CYBER 173, the Near Real-Time Batch Processor (NBP),
provides the large computational capabilities needed to support multiple data reduction
and analysis activities, batch operations and timeshare operations.
Telemetry Front-End
There are eight PCM and three analog TFE’s in the TIPS. The analog units are switched
between the processing strings as needed. The TFE equipment provides for bit, word,
frame, and sub-frame synchronization, decommutation, data compression, and data time
tagging. PCM data streams from 64 bits/second to 5 million bits/second can be
accommodated. Each analog front-end unit contains 22 analog-to-digital converters and
five PAM/PDM synchronizers.
The PCM equipment consists of “off-the-shelf” Aydin-Monitor 335 Bit Synchronizers,
1126B Stored Program Decommutators, and 595 Data Compressors.
A key feature of the TFE is the insertion of data time tags as soon as possible following
digitization or decommutation. The time tag may have a resolution as fine as 10
microseconds when an IRIG G time code is utilized. The time tag stays with the data

sample through all system processing thereby eliminating ambiguities between
measurements undergoing different levels of processing.
The output of the TFE consists of a Compressed Data and Interface (CDI) and a Raw
Data Interface (RDI). The CDI data is routed to the TPP. The RDI data is routed to the
Quick-Look Display Areas as well as to the TPP.
Telemetry Processors
The TPPs are Gould/SEL 32/55 and 32/75 computers each with a 40 megabyte local disk.
The TPP receives telemetry data from the TFE through three CDI ports and one RDI
port. One CDI is normally used for data processing and the other two for selected
measurement history file recordings. The RDI is utilized for 100 percent raw data history
recording and for short burst full frame processing. The TPP shares memory with the
MSC and the CDI/RDI inputs directly to this shared memory so that a minimum of data
movement is required.
As the name suggests, the TPP performs preprocessing in support of system functions
such as real-time displays, history recording and outputs to the WSMC Range Safety
processors.
System Control Processing
a. Mass Storage Controllers
There is one MSC for each pair of TPPs. The MSC computers are Gould/SEL 32/75
processors. Each MSC has a 40 megabyte local disk and three 300 megabyte disks. The
MSC interfaces with the TPP via shared memory and with the CIC through a High Speed
Data (HSD) inter-bus link.
The MSC works in conjunction with the paired TPPs to provide for history file recording.
The MSC also provides for the interface of the real-time processors with the Near RealTime Batch Processor, CYBER 173.
b. Configuration and Interface Controllers
Each system (A, B, and C) includes one CIC. The CIC computers are Gould/ SEL 32/75
processors with two local 40megabyte disks. The CICs also provide system access to a
pool of peripheral card readers, card punch, line printers, and 9-track digital tape units.
The CIC interfaces with the Quick-Look Display Area via a General Purpose Device
Controller (GPDC) inter-bus link.

The CIC functions include central system control of the mission data processing and
flow. The CIC also provides console support.
c. Status, Display and Control Console
The Status, Display and Control Console (SDCC) is the primary point of human interface
for system configuration and control. The SDCC contains the CIC control terminals.
There are numerous lighted displays to monitor the status, and switch-panels to control
the routing of data. There are also two plasma display devices which may be switched to
any Quick-Look Display to monitor mission data.
Quick Look Display Areas
The Quick-Look Display Areas (QLDAs) are the primary user interface to the system.
Each of the six QLDAs contains a Gould/SEL computer with a 40 megabyte local disk.
Display devices in each QLDA are IEC plasma displays (3) and Gould 5200HS
electrostatic printer/plotters (5). Each QLDA can receive data from two input sources
(links). Plasma and printer displayed data is generally processed data received from the
TPP. Plotter data is received on the RDI bus directly from the TFE.
The primary function of the QLDA is to provide the users with control and display of
their mission data.
SOFTWARE COMPONENTS
A functional diagram of the TIPS software components and their interfaces are depicted
in Figure 3.
Tips Telemetry Compiler
The operation of TIPS is adaptable to each user via the vehicle and link-oriented RunTime Files (RTFs) which are generated on the NBP using the TIPS Telemetry Compiler
(TTC). The RTF for a given operation is a specific set of process control tables which
define unique mission applications of the general-purpose TIPS hardware and software.
Once assembled, the run-time files are distributed to all applicable elements of the realtime system during operation initialization. These files provide the set-up parameters
associated with preparing a system to process user data. These files also become the
basis for future missions allowing rapid response to new requirements.
The TTC processes a unique set of keywords called the Telemetry Source Language
(TSL) which describe the processing of a telemetry link from from TFE setup, to

measurement processing, history recording, display formats, and system resource
assignments.
Distributed Operating System
Control over the real-time system is provided through the Distributed Operating System
(DOS). DOS is an extension of Gould/SEL’s Real-Time Monitor (RTM) operating
system and provides for centralized monitoring and control of the Gould/SEL series 32
computers, the telemetry front-ends, the system display and recording equipment, system
control consoles, and all other peripheral equipment.
Control over the real-time system is exercised by human controllers interacting through
the CIC computer via DOS. These controllers, using the TIPS consoles, can direct the
entire system operation and, through DOS, monitor all aspects of that operation. They
can also monitor and modify run-time file parameters to ensure the best possible support
for all the various users who may be utilizing TIPS at any one moment.
Real-time Applications
While DOS permits control of the operation of the TIPS real-time system, and the RTF
defines the specific processing which is done by applications functions within that
system, the actual mission oriented processing is accomplished by Real-Time
Applications (RTA) software which operates in the TPP, CIC, and QLDA computers to:
-Process telemetry data.
-Record the data in central history files.
-Display the data.
Flight Analysis Applications
Considerable preflight and post flight data processing is accomplished on the NBP
(CYBER 173) which is functionally separated from the TIPS real-time system. This
separation permits the CYBER to perform tasks, which include execution of the telemetry
compiler, post flight data reduction and special data analysis as required to support each
Range user. Special interfaces permit the NBP to communicate with the TIPS real-time
system to receive data directly from central history recording.
STANDARD SYSTEM FEATURES
The TIPS was basically designed to support DoD IRIG telemetry formats. The telemetry
front-end hardware and system processing features were selected with the criteria for
supporting the test programs conducted at Vandenberg AFB (mid-to-late 1970’s). Some

of the primary features available as standard items are listed here. It must be noted that
effective, efficient support depends on the judicious selection of data compression criteria
and processing and display options. The design of TIPS provides “hooks” so that
special processing and display requirements can be easily developed and integrated into
the standard system.
TFE Features
PCM data stream from 64bps to 5Mbps.
Two synchronous sub-commutators.
One embedded stream strip-out with fill pattern detection.
Minuteman word synchronization with special computer word look-ahead features.
Word sizes from 1 to 16 bits.
Limited computational algorithms.
FM continuous data sampled from 100sps to 125Kbps (250ksps aggregate).
PAM/PDM sync/decomm, 5 signals with sub-commutators.
Data Compression, 7 algorithms.
TPP Features
Hardware measurement concatenation up to 32 bits.
Software measurements generation up to 64 bits from non-contiguous samples.
Software decoding of indexed parameters.
Limit checking on all measurements (up to 32 bits).
Compares current measurement value to pre-defined upper and lower limits. Two
sets of limits available, Standard and Critical, modifiable by user in real-time.
Event detection - 128 sequences of 32 events containing up to 16 conditions.
Compares vehicle activity to pre-defined criteria.
Generates messages and executes commands as a result of pass/fail criteria.
Sequence Command Blocks - up to 256 sets of prestored system commands
Full frame data acquisition and formatting
History file control Composite - all system control, event and limit messages.
Compressed - two files of selected decommutated or generated measurements.
Provides time tagging to a 10 microsecond resolution.
Raw - 100 percent data for post test. Provides time tagging to 1 millisecond
resolution.

Special processors Range Safety outputs for Telemetry Inertial Guidance (TMIG) and Telemetry
CRT displays (TMCRT).
Embedded asynchronous data synchronization and decommutation.
Derived measurement processing.
QLDA Features
The six Quick-Look Display Areas provide the user with a flexible set of data displays.
The user controls the processing of data in the QLDA through command input at the
plasma display devices. All display formats are pre-defined in the run-time file and may be
modified, to some extent, in real-time. Data is displayed in a variety of modes: octal,
decimal, hexadecimal, percent, and engineering units. Processed data is displayed on the
real-time printer and plasma displays while raw data is displayed on stripchart time-history
plots.
To accommodate unique processing and display requirements, special processor
software modules may be developed and easily integrated with the standard QLDA
features.
Plasma Displays
There are three display devices in each QLDA. The plasma displays 32 64-character lines
on an 8.5" by 8. 5" screen.
Up to 256 display pages.
Fixed pages Critical limit failures.
Event messages.
Equipment and processing status.
Variable pages User defined.
Up to 29 measurements per page.
Printer Displays
One or more of the 5 printer/plotter devices in each QLDA may be designated to receive
print reports. The devices are capable of up to 5000 lines per minute. The writing width is
10.5" with 132 character positions.

Up to 127 report formats may be defined. Report formats include those for limit failures,
full-frame prints and measurement status reports. Fixed format outputs are provided for
event messages, system commands and status, plasma hard copy and special reports.
Plotter Displays
One or more of the 5 printer/plotter devices in each QLDA may be designated to provide
stripchart time-history plots. The plot format is completely definable in the run-time file.
The plot device provides a 10.5" display area with 200 by 250 plot points per square inch.
This translates into 2112 plot points (nibs) per scan line with 250 scan lines per inch. The
plot paper speed can be selected from 0.25 inches-per-second to 10 ips in 0.25
increments. The entire plot image including channel boundaries, grid lines, time marks,
and data is drawn on the electrostatic device creating a complete and permanent image.
Up to 127 plot formats.
Up to 16 measurements per format.
Channel widths from 1 to 2112 nibs.
Overlapping channels allowed.
Programmable features include trace widths, background grids, trace identifiers,
timing marks and annotation positions.
CURRENT TELEMETRY SUPPORT EXAMPLES
TIPS is involved in a wide variety of telemetry support. The primary programs currently
being supported are outlined below with some comments on the unique features that must
be considered and the special process modules that have been developed. Figure 4
summarizes the primary telemetry support characteristics.
Minuteman II/III
The SAC operational testing of Minuteman II and III has been supported at the WSMC
for more than 20 years. Three distinct types of support are provided: boost vehicle,
payloads and Airborne Launch Control System (ALCS).
The booster 345.6Kbps PCM telemetry contains numerous unique processing
considerations. Synchronization must consider a three bit trailing word sync pattern. This
pattern has three unique values: frame marker, analog word and computer word.
Computer words do not occupy specific word time slots but can preempt analog words
at any time. The computer words must be detected by “looking ahead” at the word sync
pattern. Special processors for booster data include Range Safety TMIG and prelaunch
computer word event detection for special reports.

Minuteman payload telemetry has a variety of configurations with straight PCM and
hybrid PCM/FM systems. Bit rates run from 29.7Kbps to 43Kbps. Payload support
remains within the standard TIPS capabilities.
The ALCS outputs a communications type message which is handled by TIPS as a PCM
wavetrain. Two bit rates are utilized, 64bps and 1300bps. Special process software
decommutation and report generators have been developed for ALCS.
Titan 3
The Titan 3 booster uses PCM telemetry at 384Kbps. TIPS support includes up to 28
plot formats in real-time and a detailed event sequence.
When an inertial guided payload boost stage is included in the launch configuration, the
62.4Kbps PCM signal is processed to provide Range Safety with TMIG data.
Peacekeeper
The Peacekeeper booster telemetry is a 1.6Mbps PCM wavetrain. Three strapping
formats are utilized with programmed switches occurring during flight. Embedded within
the basic frame are three multiplexed buses. The primary data contained in these buses is
from the guidance computer. Software decommutation schemes are utilized to format the
mux bus data for processing and display. Special processing modules have been
developed to process unique measurement reports and to software decommutate
embedded data for stripchart displays. TMIG data is also processed for Range Safety.
The booster support requires multiple run-time files due to the extensive number and
types of data processed and the large number of plot displays (approximately 150)
required.
Peacekeeper payloads utilize PCM telemetry ranging from 100Kbps to 345.6Kbps.
Interleaved real-time and delayed data is transmitted.
ASAT
The 128Kbps boost vehicle telemetry used by ASAT appears to be a straightforward
PCM wavetrain. However, the embedded guidance data uses a “semi-synchronous”
scheme which requires examination of additional information to determine which half of
the data is in synchrony with the sub-frame count. Two analog and five guidance
strapping formats must be accounted for. Special process software is utilized to provide
engineering unit conversions requiring approximately 20 different conversion algorithms as
well as Range Safety TMIG and TMCRT data.

ASAT also utilizes a multiplexed FM link which switches to a 128Kbps PCM signal for
short periods of time. The PCM signal is processed for plotting and history files.
The ASAT payload uses a unique 10Kbps PCM wavetrain. The bit rate is constant but
the frame length varies in relation to a vehicle function. In addition, the index for subcommutator measurement identification is not an ordinary counting ID and can appear
following the sub-commutator word time slot rather than prior to it. Five strapping
formats are also used. Special processing modules are utilized for processing and display.
Space Transportation System (STS)
Current plans are to support the STS orbitor during the ascent phase for Range Safety
TMIG and TMCRT. The STS PCM telemetry is primarily 192Kbps. A switch to 96Kbps
is made for satellite retransmissions. The downlink PCM wavetrain contains two
asynchronous data streams for guidance computer data in addition to the basic
operational interface data. The downlink stream may be switched to 128 different
strapping formats. Only a small number of these are expected to be supported in TIPS.
Special process software has been developed to provide sync and decomm of the
embedded computer data and to provide TMIG and TMCRT data to Range Safety.
Minuteman I
The Minuteman I booster is utilized for a wide variety of ballistic payload test programs.
The booster telemetry is currently a multiplexed PAM/FM system. At least one of the FM
channels is modulated with a low rate PCM wavetrain. TIPS has been assigned the PCM
processing while the PAM/FM is primarily supported in the TAER. Conversion from the
PAM/FM to an IRIG PCM system is currently underway.
Minuteman I payloads run in the range from PAM/FM systems to PCM wavetrains up to
864Kbps. While most payloads are straightforward configurations, many unique situations
are encountered. The most common non-standard features found are multiple interleaving
of real-time and delayed signals, and multiple asynchronous embedded data streams.
SUMMARY and CONCLUSIONS
The TIPS provides the primary telemetry data processing support at the WSMC. It is
anticipated that the system will continue to provide the USAF and other using agencies
with comprehensive support for many years to come. The designed-in capability to
develop software special processors ensures that future telemetry data processing
requirements can be satisfied. A program of system hardware and software maintenance

and modification provides for a continuing improvement in the reliability of support and a
higher level of standard system capabilities.
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Figure 4. TIPS Primary Telemetry Support.

FLIGHT TEST AIRBORNE DATA PROCESSING SYSTEM
Lee H. Eccles
John J. Muckerheide
Boeing Commercial Airplane Company
Seattle, Washington

ABSTRACT
The Experimental Flight Test organization of the Boeing Commercial Airplane Company
has an onboard data reduction system known as the Airborne Data Analysis/Monitor
System or ADAMS.
ADAMS has evolved over the last 11 years from a system built around a single
minicomputer to a system using two minicomputers to a distributed processing system
based on microprocessors. The system is built around two buses. One bus is used for
passing setup and control information between elements of the system. This is burst type
data. The second bus is used for passing periodic data between the units. This data
originates in the sensors installed by Flight Test or in the Black Boxes on the airplane.
These buses interconnect a number of different processors. The Application Processor is
the primary data analysis processor in the system. It runs the application programs and
drives the display devices. A number of Application Processors may be installed. The
File Processor handles the mass storage devices and such common peripheral devices as
the printer. The Acquisition Interface Assembly is the entry point for data into ADAMS. It
accepts serial PCM data from either the data acquisition system or the tape recorder. This
data is then concatenated, converted to engineering units, and passed to the rest of the
system for further processing and display.
Over 70 programs have been written to support activities on the airplane. Programs exist
to aid the instrumentation engineer in preparing the system for flight and to minimize the
amount of paper which must be dealt with. Additional programs are used by the analysis
engineer to evaluate the aircraft performance in real time. These programs cover the tests
from takeoff through cruise testing and aircraft maneuvers to landing. They are used to
analyze everything from brake performance to fuel consumption. Using these programs
has reduced the amount of data reduction done on the ground and in many cases
eliminated it completely.
KEYWORDS: Flight Test, Data Processing, Microcomputers, Ethernet.

INTRODUCTION
In 1985 the Boeing Commercial Airplane Company delivered 191 airplanes to its
customers. Of these airplanes, 136 had some special tests run on them. Eighty of them
required that some additional instrumentation be added and the remainder were tested
using calibrated cockpit instruments. On about 50 airplanes, the testing was extensive
enough for the use of the onboard data processing system. This system allows the user to
call up any data that is being acquired and display it in any of several forms. In addition,
any of the applications programs written for the system can be run to further process the
data to obtain much the same results as would be obtained using ground data processing.
The data can be observed on both alphanumeric and graphic CRT’s, displayed on remote
displays, printed on the system printer, or stripped out on the strip chart recorder. The
use of this system has resulted in our ability to do more testing in less time and for less
money than was possible using only ground data processing.
BACKGROUND
In 1969 Flight Test decided to enter into the world of onboard data processing. A desk
calculator was taken from the office and installed on a test airplane. The operator read the
data from a digital display and entered it into the calculator where a stored program was
run. This was not satisfactory for long, and an interface was built between the calculator
and the data acquisition system. This interface allowed up to ten parameters to be read
into the calculator under program control. This system was used until 1975, when it was
replaced by the Airborne Data Analysis/Monitor System (ADAMS).
The first step toward ADAMS was actually taken in 1972 when an airborne computer was
purchased and interfaced with the data acquisition system. This computer was
programmed in BASIC by the user and allowed access to any data being acquired and
recorded. In 1974 a system was purchased for use with the data acquisition system the
Air Force was supplying for use on the AWACS airplanes. In 1975 Boeing decided to
upgrade its data acquisition system and an improved data monitoring system was needed
to support it. Using the experience gained on the Air Force system, ADAMS was
designed and built. That initial system used a 32K word computer with a cartridge tape
system to load programs and set up data files into the system. Data from the acquisition
system was entered into the system through PCM Decommutators and continually
updated a current value table in the computer’s memory. The data was displayed using
alphanumeric CRT’s, remote displays, direct write oscillograph, and printed on the
system printer.
The system has been in a continuous state of change for the last 11 years. The computer
has been changed once and the memory expanded to 320K words. A fixed head disk and

floppy disk replaced the cartridge tape system and a graphic display was added. More
recently the system has grown into a microprocessor based system. Sixty megabytes of
Winchester disk storage has replaced the fixed head disk. A 200M byte tape system
replaced the floppy disks as the means of loading programs and setup data into the
system. IBM PC compatible floppy disks were added to allow data files to be taken from
the airplane to the office for further analysis. The system is still changing as new
technologies are incorporated to increase processing power, provide improved operator
interfaces or enhance system reliability.
SYSTEM ARCHITECTURE
Figure 1 is an overall block diagram of the system. The basic two-bus architecture can be
seen in this diagram. The first of these buses was the Measurement Number/Data Bus
(MNDB). This bus was part of the original ADAMS and is the path that periodic data
follows when it enters the system. This bus makes the data available to all processors in
the system. It is also used for the output of the applications programs. By placing the
outputs from each program on the bus they become available for display or further
processing. The second bus is a later addition to the system and is used to pass aperiodic
or burst data between elements of the system. This bus, known as the Command and
Control Bus or CCB, is a fiber optic implementation of the Ethernet Local Area Network
Specification. We presently have three different types of processors in the system. The
minicomputer is still in the system since only a few of the applications programs have
been rewritten for the microprocessors. The file processor has taken over the handling of
the mass storage devices and the application processor is taking over to run applications
programs.
MEASUREMENT NUMBER/DATA BUS
The MNDB is the primary path for the test data to follow between the different units in the
system. It is a parallel bus consisting of 16 data lines, 16 tag lines, a bus strobe and a
serial priority line. Two microseconds are required to make one transfer over the bus. In
this time the data and tag are placed onto the bus and after a settling delay, the strobe is
issued to load the data into all receiving modules. In the receiving modules for the
processors, the interface is a dual port RAM. The tag from the bus is used as an address
and the data is written at that address. This happens whether or not the processor has any
use for that particular data. The exception to this is the Digital to Analog Converter
(DAC), where a different set of logic is set up to look for only the desired tags. All
transmitting devices on the bus operate asynchronously with access being controlled by
the priority lines.

COMMAND AND CONTROL BUS
The Command and Control Bus (CCB) is a fiber optic implementation of the Ethernet
Local Area Network Specification. There are three different elements to the bus. The first
is a fiber optic transceiver. One transceiver is required in each unit on the bus. Of the
three elements of the bus this is the only one containing active elements. The element
which makes the network logically a bus is the fiber optic star coupler. This device has
eight inputs and eight outputs. Each input is coupled to all eight outputs. The remaining
element is a fiber optic cable consisting of a transmitting and a receiving fiber. The cables
are used to interconnect the transceivers with the star coupler. In other respects the bus is
identical to the electrical Ethernet. This bus is used to pass programs, setup data,
commands and any other aperiodic data between the processors in the system.
MINICOMPUTER
The Rolm 1666 computer was until recently the heart of the system.It handled the mass
storage devices, printer, remote displays, terminals, and for a short period of time, the
graphics terminal. the system was very severely I/O limited. The first step in expanding the
system was to add a memory expansion chassis to the computer which could house not
only memory but the interface to the MNDB as well. This eliminated the disk I/O involved
in swapping programs in and out, plus up to 153,000 DMA transfers per second for data
input. The remote displays and the graphics terminal have since been removed so that the
only I/O devices left on the Rolm are the operator terminals and the printer. This frees up
the computer to run the applications programs for which it is well suited. Figure 2 shows
the configuration as it presently exists.
FILE PROCESSOR
The File Processor (shown in Figure 3) is tied closely to the Rolm computer. The File
Processor has direct access to the mass storage devices which the Rolm needs for
program and data storage. The interface between the two processors is a dual port RAM.
Figure 4 shows the internal arrangement of the unit. It contains two separate IEEE 796
buses. The original bus was there to provide additional memory for the Rolm as well as
access to the MNDB. The second bus was added to create a system which provided an
intelligent mass storage system to which commercially available peripherals could be
added. The peripheral devices are a streaming tape drive, two Winchester disks, and two
5 1/4" floppy disks. The streaming tape is the primary device used in loading the
programs and data bases into the system. It is expected to be used to transport some
calibrated data back to ground-based laboratories as well. The Winchester disks are the
most heavily used storage devices in the systems. The programs and data bases are
loaded into these drives from the streaming tape and executed from the disks. The two

floppy disks are primarily used as output devices. Certain data files are stored on these
disks and carried back to the engineer’s desk for further processing on a PC. They can
also be loaded into a large scale computer for analysis if required.
APPLICATION PROCESSOR
The Application Processor is intended to run the applications programs which the
analysis and instrumentation engineers use to do their jobs. As shown in Figures 5 and 6,
this unit is directly interfaced to both buses. It uses the File Processor as an intelligent
mass storage system via the CCB and gets its data to operate on from the MNDB. The
unit contains five processors so far. The 80186 processor board handles most of the I/O
for the unit. The 80286 processor boards are there to run the applications. Each 80286
contains one megabyte of dynamic RAM and six 28-pin PROM sockets. Programs and
data bases are loaded via the CCB from the File Processor, through the 80186 board, and
into the RAM on a 80286 board where the program is executed. The global RAM on the
IEEE 796 bus is used for temporary storage of data for programs which accumulate large
blocks of data for after-the-fact processing. For programs which calculate a set of
variables at a cyclic rate, the output data is written to the MNDB where it is available to all
of the processors in the system as well as the other boards in the unit. This way a
program can execute on any board in any Application Processor in the system and its
output still be used by other programs without special interfaces. The drawback to this
approach is that all programs operate asynchronously, which causes time correlation
problems.
ANALOG TO DIGITAL CONVERTERS
The present analog to digital converters (DAC) are interfaced to the MNDB through a unit
known as a Measurement Selector. The Measurement Selector watches the MNDB for
selected tags. When one of these tags occurs, the data is routed to the appropriate
channel in the DAC. There the data is scaled then converted from ten-bit binary form into
an analog voltage. The scaling is accomplished by first subtracting a stored offset and
then multiplying the result by a stored multiplier, thus solving the equation Y = M(X-B).
This unit can scale 500,000 samples per second. One scaler supports all 16 digital to
analog converters. Both the Measurement Selector and the DAC are set up by the
Application Processor using an RS-232-C link. In the future they will be replaced by one
unit capable of taking floating point data in and being set up from the CCB.
APPLICATIONS SOFTWARE
Seventy applications programs have been written since 1975 to support operations on the
airplane. These programs are rather loosely divided into three categories. The most

general category is that of system programs. These are essentially display or utility
programs intended for use by both instrumentation and analysis personnel. The other two
categories consist of programs intended to support specific tasks for either
instrumentation or analysis personnel.
System applications provide the basic capability to display data on all the various output
devices, including CRT’s, printers, analog devices, graphics displays, remote displays,
etc. Programs are also provided to edit data base files, dump data collection files, transfer
files between storage devices, and provide help and information displays.
Instrumentation applications are divided into three groups. Data management programs
are provided to assist in the monitoring and recording of information necessary to install,
functionally check out and preflight the airplane before actual testing. Calibration
programs are used to calibrate transducers and fixtures that are airplane installation
dependent. Setup and verification programs are provided to down-load test dependent
data into various devices and verify their health and proper operation.
Analysis applications comprise more than 60% of the available programs. These
programs are heavily computational with the majority providing real-time processing of
incoming data. These programs provide a variety of outputs for display by system
programs, input to other analysis programs for additional real time processing, input to
other analysis programs for non-real time summary processing, and transfer to post-flight
ground processing systems including both mainframe and personal computers.
Analysis programs are divided into groups based primarily on the type of testing to be
accomplished. Multiple program packages are provided for engine certification and thrust
calculations, fuel mileage and drag calculations, runway performance and stall
performance tests. Basic airplane parameters required for a multitude of different tests are
consolidated into a single program. Single programs are also provided for airplane
exterior noise testing, airplane structural tests, flight load monitoring, flight control tests
and engine performance tests.
These analysis applications are used to guarantee the safety of test conditions, evaluate
the conduct of test conditions, ensure satisfaction of all test requirements, provide real
time and summary test data, as well as simplify and expedite post-flight, ground-based
data processing. This data is used for airplane certification, product improvement and
research and development activities.

FUTURE PLANS
In the next few years, the minicomputer will be phased out of the system as more
programs are converted to run on the APA. The DAC’s will be replaced with new units
capable of handling floating point data and using time tags to allow improved time
correlation of the analog outputs. The operator interface is being improved with a new
color graphics display to replace the present alphanumeric terminals. New software is
being written continually to support new types of testing and new systems on the
airplanes.
SUMMARY
The use of the onboard computer has greatly improved Boeing’s ability to test airplanes.
Providing multiple data displays in engineering units has made it easier and faster to
preflight the airplane. Figure 7 is a chart showing the improvement in productivity during
the last 25 years. The chart takes into account both the number of manhours required per
measurement and the number of manhours per airplane flight hour. The ADAMS is not
responsible for all of the gains, but it has been a significant factor. ADAMS has given the
instrumentation engineer a better window into the performance of the instrumentation,
allowing fewer people to preflight and maintain the system. In fact, less than half the
number of people will be assigned to an airplane than previously, even though the number
of measurements has more than tripled. Further savings have been realized by having the
data in hand when the airplane lands. This allows the airplane to be reconfigured for a
different set of tests without having to wait for the data processing to be completed.
Having the results of the test during the flight allows a test which needs to be repeated to
be done immediately or to know that conditions are not right for the tests being
conducted and to switch to a different type of testing. These factors have led to very
significant reductions in the costs of testing airplanes. However, some of these cost
reductions have been offset by requests for more and more data requiring more tests to
be run. ADAMS is continually being improved as part of our effort to keep the curve in
Figure 7 moving up.
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ABSTRACT
When flight testing helicopters, it is essential to process and analyze many parameters
spontaneously and accurately for instantaneous feedback in order to make spot decisions
on the safety and integrity of the aircraft. As various maneuvers stress the airframe or load
oscillatory components, the absolute limits as well as interrelated limits including average
and cumulative cycle loading must be continuously monitored.
This paper presents a complete acquisition and analysis system (LDF/ADS) that contains
modularly expandable array processors which provide real time acquisition, processing
and analysis of multiple concurrent data streams and parameters. Simple limits checking
and engineering units conversions are performed as well as more complex spectrum
analyses, correlations and other high level interprocessing interactively with the operator.
An example configuration is presented herein which illustrates how the system interacts
with the operator during an actual flight test. The processed and derived parameters are
discussed and the part they play in decision making is demonstrated.
The LDF/ADS system may perform vibration analyses on many structural components
during flight. Potential problems may also be isolated and reported during flight.
Signatures or frequency domain representations of past problems or failures may be
stored in nonvolatile memory and the LDF/ADS system will perform real time
convolutions to determine the degrees of correlation of a present problem with all known
past problems and reply instantly. This real time fault isolation is an indispensable tool for
potential savings in lives and aircraft as well as eliminating unnecessary down time.

PROBLEM DEFINITION
Helicopter flight testing often involves evaluating new vehicle configurations which have
not before been fully characterized in terms of safety and performance. Rotor blades may
be replaced with experimental composite substitutes, airframe components may be
modified to reduce vibration or strain, even turbine engine powerplants may be upgraded
to increase airspeed or acceleration. Data from individual flight tests must be carefully
analysed to verify conformance to the test plan as well as to measure load levels and
component aging. The results of this data analysis often must be known before the next
test can be authorized especially when the flight envelope is expanding during a flight
strain survey.
The costs of conducting helicopter flight tests of this nature are obviously comprised of
the actual flight hours incurred by a particular test and also the downtime experienced
while valuable data is analysed. Often the vehicle configuration cannot be modified until all
the data from the previous flight is analysed. During this down time, flight line crews and
mechanics, airborne and ground station instrumentation engineers and technicians must be
staffed to support the overall test plan. This expensive overhead could be utilized more
efficiently if flight test data was available sooner. Since data turn-around time directly
influences program schedule and, therefore, program cost it becomes the responsibility of
ground station managers to design their systems to maximize the amount of real-time or
near real-time data processing.
A significant percentage of data processing tasks of helicopter flight tests can be
characterized as repetitious calculations on massive amounts of information. Fully
instrumented rotor blades, control links, and airframes provide raw strain and position
information vital to the safety of flight. Some of these repetitious calculations may be
categorized as harmonic analysis, spectral analysis, and cycle counting to determine
component aging. As the pilot executes progressively severe manuevers, maximum loads,
mimimum loads, average loads, and cyclic loads ((max - min)/2) must be scrutinized to
identify airframe resonances, absolute structural limits, and component aging due to cyclic
loads above endurance limits. In order to conduct an efficient flight test program, it
becomes necessary to present this information to the data analysts quickly and concisely.
To that end, array processors are particularly well suited.
PAST APPROACHES
In the past, von Neumann architectures provided the necessary processing tasks of
spectral, harmonic, FFT, and cycle counting analyses. With this architecture every
program instruction is processed by a single CPU. Even though the CPU may be running
at a respectable speed, each parameter must be processed in a serial fashion. When large

quantities of parameters must be processed by the same algorithm, for example a FFT,
the von Neumann bottleneck limits the throughput of the total task inversely proportional
to the number of parameters being processed. Multiple passes of the instrumentation flight
tape were often necessary to process several parameters during a common time slice.
Unless multiple processors were employed and the processing tasks efficiently
partitioned, turn-around time of flight test data was on the order of hours or even days.
Today with the availability of Dataflow Array Processors, critical information can be
processed at near real-time speeds allowing flight test programs to progress briskly and
safely. Array Processors differ fundamentally from von Neumann architectures in that
each individual processor executes the same instruction on many parameters
simultaneously.
ARRAY PROCESSOR PERFORMANCE
Real time data acquisition and analysis of helicopter flight test data requires a large amount
of processing power. The LDF/ADS configuration with multiple array processor modules
solves all these problems. A typical data stream is 5 Mbits/sec. The processing required
includes FFT’s for harmonic and spectrum analysis as well as cycle counting for aging.
Gross maximums and minimum are continuously monitored as a possible data reduction
technique. If limits are exceeded a closer and more thorough analysis is performed on the
data in that time slice or data for that entire maneuver. A block diagram of the typical data
reduction and processing cycle is shown in figure 1. Even data that doesn’t change is
continuously monitored because the fact that it doesn’t change is sometimes important.
The many types and volume of processing necessarily requires a general purpose high
speed processor. A single GPAP may perform any one or all of these calculations
continuously, or the tasks may be split among several array processors to achieve higher
throughput. See figure 2. The processors distribute the incoming data in parallel in a
dataflow environment which offers orders of magnitude performance improvements over
the von Neumann architectures.
The incoming data stream in this example is 5 Mbits/sec. aggregate rate the stream is
immediately divided into bins of raw parameters for further processing. Data is typically
10 bits per word and FFT transform lengths are 8K words. Usually three or more
transforms are required concurrently and continuously. From 50 to 200 different
parameters may be monitored and processed simultaneously. Typically 50 parameters are
checked for min/max and about 150 are cycle counted. Up to 50% of these parameters
are required to be Engineering Units (EU) converted. EU conversion consists of
multiplying by a polynomial of order n. The maximum, minimum, average and cyclic
loads are all analyzed over each maneuver. Some parameters are processed and others are

derived. A triaxial accelerometer may generate three raw parameters, from these other
parameters may be derived, which are the magnitude and direction of acceleration.
The 8K FFT’s in this example are each performed by a separate array processor module,
but these three modules are also performing other operations related to the processed
parameters. The processed parameters typically require ten operations per word and there
are 2000 ten bit words per channel on each of fifty channels within the data stream. This is
about one million operations per second plus I/O. There is The total requirement for this
application is the ADS front end with the LDF containing four array processor modules.
This does not include correlation with archived data for further fault isolation, but the
addition of another module could easily accomplish this function for complete real time
acquisition and spectral analysis of helicopter flight test data.
CONCLUSION
The needs of helicopter flight test organizations can effectively trade off the cost of array
processor hardware with reduced technical support. Data availability approaches real-time
and thus reduces the length of test program. Realization of such hardware is resides with
the Loral Data Flow parallel processor in conjunction with the Loral ADS-100 telemetry
front end.
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ABSTRACT
Since the late 1970’s the telemetry processing and display requirements of the Pacific
Missile Test Center have been handled by the Telemetry Data Handling System. With the
increasing use of embedded computers on test vehicles and the requirements to process
and display larger volumes of data at higher data rates, many programs will soon exceed
the capabilities of the Telemetry Data Handling System. The Telemetry Processing
System is a replacement of the Telemetry Data Handling System that will be brought online in the Pacific Missile Test Center’s Telemetry Data Center in 1990. The Telemetry
Processing System is required to meet the processing and display requirements of the
Pacific Missile Test Center’s range users for the next decade. A discussion of the
functional implementation and performance requirements of Telemetry Processing System
is presented.
INTRODUCTION
The mission of the Pacific Missile Test Center is the test and evaluation of high
performance state-of-the-art airborne weapon systems for the NAVY, other Department
of Defense Agencies, and the armed forces of allied nations. As part of the requirement
for performing this mission, telemetry data from numerous sources must be received,
recorded, processed, displayed, and analyzed.
The Telemetry Processing System is the next generation of telemetry processing and
display that will be brought on-line at the Pacific Missile Test Center. The Telemetry
Processing System is projected to have an operational life span of 10 years and is
required to meet the telemetry processing and display requirements of the range users
over that period. The Telemetry Processing System will have a maximum throughput of
700,000 parameters per second. In addition to having increased processing and display

capability in comparison to the current telemetry systems, the Telemetry Processing
System will be more flexible and less manpower intensive in its operation. Due to the
requirement to do more with less, computer automation will be utilized extensively in the
setup, calibration, and operation of the system.
SYSTEM REQUIREMENTS
The Telemetry Processing System will be a stand-alone telemetry processing and display
system that is also capable of providing telemetry parameters to other range systems and
functions, such as the Range Central Site Computers, Range Operations Display System
and Range Safety. The Telemetry Processing System will be capable of performing
telemetry only operations without the assistance of any non-telemetry range systems. The
Telemetry Processing System will be able to support two concurrent telemetry operations
in any mix of real time and post flight scenarios. It will be composed of two or more
identical systems that can be operated in parallel in order to provide support for range
projects requiring fully redundant capability. In order to conduct the more than 3000 real
time and post flight operations that the Pacific Missile Test Center supports each year, the
ability to quickly reconfigure the system for different operations is paramount. The use of
setup menus and computer automated equipment calibration and system verification will
be essential to meet this requirement. Additionally, the Telemetry Processing System must
be a highly flexible system that can easily be adapted to the varying processing and
display requirements of the range users. The display capabilities of the Telemetry
Processing System will include high resolution color graphics with displays that can easily
be tailored to meet the requirements of individual users.
FUNCTIONAL IMPLEMENTATION
A simplified block diagram showing how the Telemetry Processing System will be
integrated into the Range Instrumentation Complex is shown in Figure 1. A functional
block diagram of the Telemetry Processing System is shown in Figure 2. The Telemetry
Processing System will be required to provide selected real time telemetry parameters to
other range systems via the Range Central Site Computer Systems (CYBER 175's and
860's). Examples of this would be Range Safety information or telemetry data required for
display on the Range Operations Display System. The Telemetry Processing System will
receive Time and Space Position data and other parameters that are desired by the range
telemetry users from the Range Central Site Computers for display on the telemetry
graphics systems. It should be emphasized that even though the Telemetry Processing
System will be able to obtain and display limited range operations and control
information, this will be done only as a convenience for the range telemetry users. The
Telemetry Processing System is not a range operations and control system but rather a
dedicated telemetry system.

The Telemetry Processing System can be broken down into four functional hardware
groups. They are the Telemetry Front End, Telemetry Data Preprocessor, System Host
Computer, and Graphics Display Systems.
A functional block diagram of the Telemetry Front End is shown in Figure 3. The
Telemetry Front End will receive the incoming real time serial data streams from the
Telemetry Data Collection Facility via fiber optic links or post flight data streams from
playback of analog tapes. The Telemetry Front End performs data separation/
demultiplexing and outputs bit parallel, word serial data to the Telemetry Preprocessor for
additional processing or pass-through directly to the System Host Computer. The
Telemetry Front End will be capable of processing eight PCM data streams at rates up to
10 megabits per second, two PAM data streams at rates up to 250,000 channels per
second, one FM multiplex stream, and four MIL-STD-1553 PCM encoded data streams.
The equipment in the Telemetry Front End will be configured, calibrated and controlled
via the System Host Computer.
The Telemetry Preprocessor will be used between the Telemetry Front End and the super
mini-computer based System Host Computer. The Telemetry Preprocessor will perform
many of the repetitive processes which are generally required for high speed telemetry
data processing and remove this burden from the System Host Computer. The Telemetry
Preprocessor will perform the following functions: Data ID tagging, data merging,
programmable parameter selection, number conversion, Engineering Unit conversion, data
compression, time annotation, digital filtering, generation of Current Value Table (CVT)
data, and data scaling. The Telemetry Preprocessor will be able to directly throughput
data (no changes in the data) from the Telemetry Front End to the System Host Computer
at rates up to 1,000,000 parameters per second (32 bit parameter with 32 bit ID tag). The
Telemetry Preprocessor will be able to perform Engineering Unit conversions at the rate
of 1,000,000 conversions per second for first order conversions and 500,000 conversions
per second for fifth order conversions.
The System Host Computer will be a high speed (10,000,000 instructions per second)
super mini-computer that will provide a stand-alone general data processing capability for
the Telemetry Processing System. A functional block diagram of the System Host
Computer is shown in Figure 4. The System Host Computer will perform high speed data
storage and recall, overall system setup, system verification and system control, interface
to the Graphics Display Systems and interface to other systems in the range complex,
notably the Range Central Site Computers (CYBER 175's and 860's). Through it’s high
speed interfaces the System Host Computer will be able to transfer data at rates up to 10
megabytes per second.

The Graphics Display Systems will be high resolution color graphics workstations for the
display and analysis of telemetry data. A block diagram of the Graphics Display System is
shown in Figure 5. The Graphics Display Systems will be capable of displaying tabular
data, dynamic bar charts, scrolling stripcharts, X versus Y plots, and overlays of multiple
displays in both real time and post flight modes. A display screen snapshot capability will
be included with color hardcopy provided via a color laser printer. A split screen
capability, i. e. displaying multiple parameters and displays simultaneously on the graphics
tubes, will be provided. Displays can be static or dynamic and the capability of
manipulating these displays in real time will be provided. The types of manipulations
available will include scale changes, overlays of multiple parameters, reassignment of
colors, selection of displays, and deletion or addition of displays. The telemetry user will
be provided with the capability of selecting different functions and/or options via special
function keys, a mouse or a light pen. The keys, mouse, or light pen will be capable of
being reprogrammed for different functions via software. Various data analysis software
packages will be resident on the Graphics Display Systems and complete data bases will
be available via the System Host Computer.
SOFTWARE
The Telemetry Processing System software can be broken down into three functional
areas. They are the Preprocessor software, System Host Computer software, and the
Graphics Display System software.
The Preprocessor software will be characterized by a high degree of modularity and ease
of maintainability. The Preprocessor software will contain standard data compression
algorithms such as N Average, Bit Match, Bit Change, Max-Min, Out of Limits Check, et.
al. In addition, the system user will be provided the capability of writing custom
algorithms in a high level language such as Fortran.
System setup, calibration, verification and overall system control will be implemented via
software on the System Host Computer. All setups will be menu driven or at the
operator’s option, predefined setup files may be used instead of the setup menus. Failure
mode control software will reside on the System Host Computer. The purpose of this
Failure Mode software is to provide real time operational capability even when certain
components of the system fail and to provide the system operator with the ability to
control how the system will fail over to the diminished operating state. Diagnostic
software will be resident on the System Host Computer that not only provides diagnostic
capability for the System Host Computer but will provide diagnostic capability for the
entire Telemetry Processing System including front to back checkout of individual data
streams. Additionally, resident on the System Host Computer will be Fortran, “C”, and
Pascal compilers for development of custom software.

The Graphics Processing software will be resident in the graphics workstations. Data will
be transferred from the System Host Computer to the graphics systems for processing
and display via a network. Analysis software packages will be resident on the graphics
systems for the display and analysis of telemetry data.
PLANNED IMPROVEMENTS
A number pre-planned system improvements are being considered for possible integration
into the Telemetry Processing System over it’s expected life span. These enhancements
include: Addition of a dedicated post flight system, integration into the Range Real Time
Network, interfacing with the Range Mass Storage System, higher speed front end
equipment (20 to 30 megabits per second), improved bandwidth for on-line media storage
in real time, increased on-line data storage utilizing optical media, additional MIL-STD1553 processors/front end equipment, outboard high-speed I/O processors for data
packet preparation and network communications, and additional graphics display
capability.
SUMMARY
The overall design philosophy behind the Telemetry Processing System has been not to
view it as a static system but rather as a dynamic system that is modular in nature and can
achieve enhanced performance via the additional and/or replacement of functional blocks
of hardware and/or software. It is estimated that the final system specification will be
completed in October 1986 with contract award for the Telemetry Processing System in
the late FY-87 early FY-88 time frame. The system delivery and integration will occur in
FY-89 with the initial operational on-line date sometime in FY-90. The Telemetry
Processing System procurement will be a competitive contract for delivery of a turnkey
system.
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ABSTRACT
Weapon system complexity and its data expression have become a central issue for the
Range Directorate at the Pacific Missile Test Center (PMTC). Increasing data complexity
and data product turnaround requirements have created a technological push-pull on
traditional data processing methods. Several possible responses are discussed which
include distributed front and back end processing relative to the large mainframes, and
increasing use of artificial intelligence techniques in the data reduction area. These
methods are going through progressive steps of implementation at PMTC with some
notable success.
INTRODUCTION
A top-level view of the test and evaluation process from the data perspective is depicted
in Figure 1. Within this schema in realtime, the data is captured, the test is monitored and
controlled, and systems oriented impressions are gained. True evaluation, however, must
take place down the postflight timeline as indicated on the figure, and the postflight
domain will be the focus of this paper. After the data is captured it must be processed
and qualified and passed on to the project’s database management system (DBMS).
Ideally, thereafter, the information is networked out to subscribers and members including
systems engineers and analysts. The data is then analyzed in the wider context of past
operations and simulations, and the operationally tested systems are evaluated. This then
completes the evaluation component of the test and evaluation couple.
By far the most significant bottleneck to the data flow described above occurs within the
“Process and Qualify Data” module in Figure 1. Within this module the raw packed test
data must be converted to compatible sequential records and scaled, processed and
displayed according to data type and project specifications, and formally qualified (e.g., a
quality measure may be affixed to each logical record according to some convention).

This cluster of traditional data processing tasks finds itself today in an environment of
increasing pressure from two directions. First, there is currently a profound escalation in
telemetry data rates and complexity (see Figure 2) which the present front-end
decommutation and formatting systems have great difficulty coping with on a timely basis.
Secondly, the data product service requirements are increasing in terms of more stringent
turnaround (“overnight” turnaround for the best and final data package is typical) and
more thorough and objective data quality assurance. The net result of these forces is to
create a technological push-pull on the traditional data processing and qualification
methodologies. Several working solutions to this situation have been under development
at PMTC and will be discussed below.
THE COMPLEXITY ISSUE AND ITS IMPACT ON FRONT-END
PROCESSING
Figure 2 depicts the exponential growth of telemetry data rates in modern weapon systems
with time. Only a few examples are given, but they well represent a generational tendency
towards not only higher data rates but also larger frame sizes, and increasing variability in
most everything including commutation logic and frame, group, and word formats. With
additional project-specific ad hoc features thrown in such as track interleaving and unique
recording media, the state of the art of telemetry data transmission is racing well beyond
traditional front-end processing capabilities. The tendency is towards a situation of nearly
free representation of huge densely-packed streams of information, which, of course,
presents significant problems downstream where all this encoded information must be
recovered.
A large portion of the postflight information recovery burden has been placed upon the
general purpose mainframe computers in terms of reformatting the partially processed
telemetry streams. A specific example of mainframe processing is discussed here in which
single tracks of 1553 avionics data are split into multiple tracks to reduce recording
bandwidth. The resulting confounding of information predicates the use of buffering and
nested logic to generate fixed subframes. After a cycle of software development and
optimization of reformat code converging to a state of cp-boundedness (where efficiency
is now limited only by the speed of the central processor), a one hour operational test
today requires at least 24 hours of machine time to do the data reformatting. Figure 3
depicts this in the central portion of the top bargraph. The true measure of the cost for
such a circumstance must include not only the resource cost and time delay to the project
but also the more intangible price to other users and projects who are inevitably displaced
and delayed.
The above situation demonstrates a need for dedicated front-end processing to relieve the
mainframe from a mundane but very expensive application of its capabilities in the

postflight arena. The state of development of small parallel processors utilizing data flow
architecture has sufficiently matured1,6 to the point that the use of such a device dedicated
to reformatting telemetry data could hypothetically excel by orders of magnitude in
performance/price the use of the mainframe trying to support that same function.
The practical application of a data flow computer to the task of reformatting high-rate
telemetry data online (viz., keeping up with realtime or playback speed) has been studied
with pronouncedly favorable results5. If such a system could be configured within
PMTC’s postflight environment, then the current trivialization of the mainframe’s
capabilities would be reduced with benefits to current and future projects. This as well as
other possibilities are being evaluated in the context of an overall upgrade plan.
REDUCING THE DATA REDUCTION BOTTLENECK
After the data (telemetry, radar, or any other type) has been placed in a compatible
sequential format, it must be processed and qualified according to data type and project
requirements. A wide spectrum of processing options is available at this point from doing
nothing at all except checking channel assignments and outputting some graphics and
send-out tapes, up through the application of sophisticated time series analysis and
optimization techniques (as is routinely done for radar data).
The traditional methodology for fulfilling such a set of specific requirements is a manual,
sequentially latched, labor intensive system involving tape interfaces and almost exclusive
use of dumps and listings for quality control. Such methods, although well suited to the
constraints of the 1960’s and early 1970’s, do not utilize today’s interactive third
generation capabilities which can provide a quantum leap in performance when suitably
applied.
A modernization effort to eliminate this technology gap began several years ago at PMTC
and yielded a data reduction methodology with the following features:
1) Subtasks are integrated into one software module at a graphics workstation.
2) This workstation is operated by a single data quality manager (called an “analyst”
from here on) who is fully accountable and responsible for his operational data.
3) The user interface consists almost entirely of diagnostic graphics and command or
menu driven screens.
This approach although showing great promise even during the prototype stages, urgently
called out for further development.

EVOLUTION OF THE WORKSTATION APPROACH
The increased data processing efficiency created by the functional integration discussed
above, shrank the time scale in which a standard set of decisions had to be made by the
analyst. Instead of having a week to mull over possible data strategies, the analyst now
had to do about the same thing within an hour or so. This created a state of intellectual
and even emotional overload in the analyst causing discouragement and “mental gridlock”.
The solution to the dilemna was found to be the use of artificial intelligence to reduce the
decision load as follows:
1) A high-level editor was implemented that simulates visual recognition of bad data
regions and automatically keys downstream processing accordingly.
2) A simple process monitor was implemented that keeps track of history and goals and
advises the analyst accordingly.
Neither one of these upgrades at the time were developed using expert system architecture
(reference 4 for example), but were nevertheless very effective in making the interactive
systems tolerable and even friendly.
Two more expert systems (this time with “sound” architecture although done in Fortran)
were added to the analyst’s toolset. One of them diagnoses radar data problems and
recommends solutions (SHERLOK) and the other describes probabilities of success and
pitfalls in alternate strategies (PROJEX). Neither of these have been heavily used, mainly
because they are not tightly coupled into the working environment. A more generic expert
system tool (or “shell”) can be utilized to integrate these and other knowledge resources
into the runtime procedures wherein their presence would not be seen unless needed. This
topic is further discussed below in the context of computer based training and process
control.
The so-called graphics workstations on which the interactive software was implemented
were not real workstations in the sense of supporting distributed processing. They were
time-share graphics terminals totally dependent on the mainframe’s resource status, a
dependency that very often did not insure high reliability in meeting deadlines. The next
developmental step was thus defined to be the implementation of a workstation with
superminicomputer capability, and to migrate the software modules and associated
processing down to that local environment. This phase has begun and will be underway
for some time. Small token networks of perhaps three or four workstations in each of the
classified and unclassified domains will eventually serve postflight interactive data
processing needs. The bulk of the non-interactive or batch data processing which requires
great number crunching and I/O capabilities can only be accomplished on the mainframe
just as it currently is done.

Although sophisticated processing tools such as discussed above are developed and
implemented, their correct future application is always problematical. Formal training
programs, job aids support, and even intelligent computer assisted instruction (ICAI),
and/or a process control system (PCS) should also be part of the whole package to help
assure correct long term application. Training and job aids for the interactive systems
have been developed using principles of instructional systems design. The ICAI and PCS
which are expert system based7 require either the purchase or development of an expert
system shell and then supplying that shell with a knowledge base unique to the task at
hand2. The shell currently under development in the Range Instrumentation Systems
Department at PMTC is being done in Fortran 77 so that it can be eventually coupled to a
variety of existing software systems.
SUMMARY AND CONCLUSIONS
Escalating front-end telemetry and data product turnaround requirements must be
answered by a level of technology and expertise equal to the challenge. The use of parallel
processors with data flow architecture was discussed above as the beginning of a realistic
response to present and future front-end requirements. The current implementation of
interactive systems with artificial intelligence techniques demonstrates dramatic
improvement in data product turnaround time. Emergent responses to data complexity
involve not only the front-end data flow processing but also back-end distributed
processing in token network workstations. A richly interconnected development of all
these aspects can help support the test and evaluation requirements of the modern Navy.
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Figure 2. This figure illustrates the precipitous growth in telemetry data using a few
representative projects.

Figure 3. For a representative project this figure compares results using two
methodologies--the more traditional batch mode mainframe approach vs. interactive
distributed processing (certain aspects still hypothetical).
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ABSTRACT
This paper describes a system utilizing off-the-shelf microprocessor hardware to perform
complex high-speed telemetry data preprocessing. The microprocessor equipment
involves the latest in the Motorola computer series, namely the 68020 line. The author
develops the specifications leading to the need of this type of preprocessor which is
currently being developed under a contract to the McDonnell Douglas Helicopter
Company. The paper fully describes the configuration of the hardware as well as the
software available on the system. Detailed benchmarks of complex algorithms and other
data manipulations are described. Test results relating parameter capacity and throughput
are addressed. System architecture is described with the various trade-off analyses well
defined. This system advances the art of preprocessing telemetry parameters requiring
such functions as wild pointing, phase alignment concatenation, and derivations, all at
rates in the megaword input.
INTRODUCTION
Until recently, high-speed telemetry systems have been limited as to the amount of data
which could be processed in real time. Large amounts of raw data could be gathered and
saved, but the actual processing had to he done on recalled rather than real-time samples.
The Physical Science Laboratory, under contract to the McDonnell Douglas Helicopter
Company is currently developing a telemetry preprocessing system which is capable of
collecting and processing real-time data at the megaword-per-second rate.
The design goals of this system include 100 percent real-time processing of data,
sustaining two million samples-per-second throughput and expansion capabilities for

additional processing power. The processing mix includes conversion to Engineering
Units (EU), identification of Wild Points (WP), and determining the average, maximum,
and minimum values of n samples of data used in calculating resultants, computation of
up to 5th order polynomials, and other user-defined equations using transcendentals and
logarithmics.
The Motorola 68020 32-bit microprocessor was selected because it offered speed (16
MHz), large addressing range (4 gigabytes), extensive instruction set, floating-point
support with the 68881 coprocessor, and the availability of software development tools.
68020 boards, along with memory and interface modules, are available off-the-shelf and
are VMEbus-compatible.
HARDWARE CONFIGURATION
The preprocessing system consists of a set of Intermediate Processing Units (IPUs).
These IPUs are VMEbus-based computer systems which contain 2 megabytes of
Dynamic RAM for storage of EU tables, 256k bytes of Static RAM for program storage,
and two 68020/68831 computer modules. Each of these boards is dual-ported to allow
for maximum processing power and speed. Furthermore, VMEbus modules are available
for interfacing an IPU to other systems, including VAX and SEL computers. Figure 1
shows an IPU configuration.
The dual CPU approach allows for one processor to perform the EU, WP, and other
statistical processes, while the second calculates the polynomials and user-defined
algorithms used to derive resultant values. Since both CPU modules contain a
coprocessor, complex mathematical functions are performed in parallel with other
processes. Interface boards reside on the VMEbus and can be accessed by either CPU.
The system is expandable by adding more IPUs to the set. The current system utilizes 5
IPUs which reside in 3 double-high VME card racks. It is estimated that 5 IPUs can
perform over 30 million instructions per second (MIPs).
If size is not a limiting factor, 20-slot VME card racks may he used for one IPU. Up to
four 68020 computer boards may be installed, giving the user approximately 12 MIPs of
processing power per IPU. Sixteen slots remain available for memory, interface boards,
or any other VMEbus module.
SOFTWARE
A Host system utilizes a menu-driven Test Plan Compiler which allows an operator to
select the processes to be performed, define parameters, and input any special algorithms.

The compiler combines all of the real-time-run modules, assembles and links them, and
then distributes the code into the IPUs over RS-232 links. The real-time modules are
written in “C” and 68020 Assembly code.
EU tables may be down-loaded directly into an IPU’s memory. The size and number of
tables allowed depend upon the raw sample size (bits/sample) and the amount of DRAM
available. Table I shows the number of tables which may be stored in 2 megabytes of
DRAM within each IPU. Additional memory modules may be added without increasing
software.
TABLE I
Sample size

Table size

Number of Tables

8 bits/sample

256 bytes

8192

10 bits/sample

1024 bytes

2048

12 bits/sample

4096 bytes

512

16 bits/sample

65536 bytes

32

ANY COMBINATION ABOVE FILLING 2 MEGABYTES OF DRAM
EU conversion equations may also be down-loaded into an IPU. However, table look-ups
should be performed whenever possible since it requires less than 2 micro-seconds (Fs)
versus 33 Fs for the calculation of a 5th order polynomial.
BENCHMARKS
Execution times of some processes are given in Table II. The times include all memory
accesses as well as transfer times across two 48-bit-wide interface boards (16-bit tag,
3-bit data). The execution times are for a single Motorola MVME-130DOF 16.67 MHz
computer module. Source code for the benchmarks is given in Appendix A.
Since the 63020 and 61831 operate in parallel, algorithms may be performed
simultaneously. For example, the 68020 can perform an EU, WP, SUM, MIN/MAX, and
check Phase Alignment while the 68931 is performing a Floating Point operation. In other
words, derived algorithms are performed during the same time the cyclic and statistical
processes are done.

TABLE II
68020 processes
Algorithm performed

Exec. times

EU (Table look-up)

3.8 Fs

Wild Point

4.8 Fs

Integer Summation

4.0 Fs

EU, WP, SUM, MIN/MAX, Phase

12.0 Fs

68831 processes
Floating Point Add

13.6 Fs

Floating Point Mult

14.9 Fs

5th Order Poly

64.9 Fs

EXPANDABILITY
A telemetry preprocessor system which utilizes VMEbus-based 68020 systems is easy to
expand and upgrade. Memory modules may he added at any time without additional
software development. Other VMEbus modules like Digital-to-Analog boards and
Discrete I/O boards may be installed.
The future outlook is very promising. 68020 microprocessors operating at 20 MHz and
beyond will be available along with denser memory boards. As these boards are available,
the user could upgrade the system and allow for more processing to be performed at a
much higher throughput.
CONCLUSION
VMEbus-based systems using off-the-shelf computer modules can handle the real-time
processing needs of modern telemetry systems. One hundred percent processing of data
may be obtained during real time while maintaining throughput rates of 2 megasamples per
second. These systems are low-risk due to the use of off-the-shelf hardware and available
software development tools. They are easy to expand, and the growth potential appears to
be unlimited.
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APPENDIX A
**** E.U. CONVERSION ****
LOOP:

MOVE.L
BMI.B
MOVEA.L
MOVE.L
BRA.B

(A0),D0
LOOP
(A1),A2
([4,A2],D0.L*4),([A2])
LOOP

; get raw data & FIFO status
; branch if FIFO is empty
; get packet address
; EU look-up & transfer
; next

**** WILDPOINT TEST ****
LOOP:

WP_1:

MOVE.L
BMI.B
MOVEA.L
MOVE.L
SUB.W
BPL.B
NEG.W
CMP.W
BGT.W
MOVE.L
BRA.B

(A0),D0
LOOP
(Al),A2
D0,D1
4(A2),D1
WP_1
D1
6(A2),D1
WILD POINT
D0,([A2])
LOOP

; get raw data & FIFO status
; branch if FIFO is empty
; get packet address
; copy counts
; get slew rate
; branch if (+)
; make slew rate (+)
; test if slew rate above max allowed
; branch out if wildpoint
; send raw counts out
; next

**** AVERAGE OVER n ****
LOOP:

MOVE.L
BMI.B
MOVEA.L
ADD.L
SUBQ.L
BNE.B
MOVE.L
DIVU.L
MOVE.L
CLR.L

(A0),D0
LOOP
(A1),A2
D0,4(A2)
#1,8(A2)
LOOP
4(A2),D0
12(A2),D0
D0,([A2])
4(A2)

; get raw data & FIFO status
; branch if FIFO is empty
; get packet address
; sum in counts
; end of refresh period ?
; no, next
; get sum
; get average
; send out average
; zero sum

MOVE.L
BRA.B

12(A2),8(A2)
LOOP

; restore n
; next

**** SINGLE PRECISION FLOATING-POINT ADD ****
(operands are in memory )
FMOVE.S
FADD.S
FMOVE.S

(A0),FP0
4(A0),FP0
FP0,8(A0)

; get operand
; add
; store result

**** SINGLE PRECISION FLOATING-POINT MULTIPLY ****
(operands are in memory )
FMOVE.S
FMUL.S
FMOVE.S

(A0),FP0
4(A0),FP0
FP0,8(A0)

; get operand
; multiply
; store result

Figure 1. Dual Processor IPU Configuration
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ABSTRACT
Power spectra of M-ary, or multi-level, PCM/FM are calculated for a limited selection of
baseband pulse shapes and deviation ratios. Parameter values, such as number levels,
symbol rates, and deviation ratios, are determined for those cases in which the
corresponding spectra fit into 1, 3, and 10 MHz bandwidth channels. The IRIG
specifications are used to produce the spectrum occupancy values from the normailized
power spectra densities.
INTRODUCTION
In many RF telemetry applications the system is constrained in transmitted bandwidth or
power or both. When the telemetry data is in digital form it is often the case that
bandwidth constraints are more critical than power limitations. In this case M-ary, or
multi-level, PCM/FM may be considered as a modulation scheme in which the data
throughput rate of a channel can be increased at a cost of higher signal-to-noise
requirements. This paper will concentrate on the spectrum occupancy characteristics of
M-ary PCM/FM without regard to the error performance resulting from certain parameter
selections.
The spectrum occupancy requirements used in this study are given in the Telemetry
Standards, IRIG Standard 106-80 [1]. Specific details of these requirements are presented
later. Power spectra are computed for a limited selection of system parameters to
determine the maximum rate of data throughputs relative to the occupancy constraints of
narrowband, mediumband and wideband channel. The three system parameters which are
considered free are the baseband pulse shape, the deviation ratio, and the number of

levels (M). A set of these three parameters is chosen and the occupancy constraints are
applied which results in a maximum data rate for that system. These results are presented
in the conclusion of the paper.
SPECTRAL OCCUPANCY REQUIREMENTS
IRIG-106 defines the allowable bandwidths of the narrowband, mediumband, and
wideband channels as 1, 3, 10 MHz, respectively. The first corner frequency occurs at
1 MHz away from center frequency for the narrowband channel, 2 MHz for mediumband,
and 5.5 MHz for the wideband. The specification corresponding to this corner is that
there shall be no power measured in any 3 kHz bandwidth between this corner and the
second corner frequency more than -60 dBc or -25 dBm, whichever is greater. The
second corner frequency occurs at 1.5 MHz away from center frequency for the
narrowband channel, 2.5 MHz for the mediumband, and 6 MHz for the wideband. Power
measured in any 3 kHz bandwidth beyond the second corner shall be no greater than
- [55+10log(carrier power)] dBc, which is equal to -25dBm.
The specification of allowable levels in terms of absolute carrier power is somewhat
inconvenient for this generalized study. Having a single corner for each bandwidth with
power levels specified relative to the carrier power would be much more convenient. This
is possible if a moderate carrier power around 3 watts is considered nominal. Then the
first corner specified at -60 dBc should be sufficient for spectra that are asymptotically
decreasing beyond that corner.
The particular goal of this study is to determine the maximum data throughput rate of
M-ary PCM/FM in narrowband, mediumband, and wideband channels given a nomial
carrier power and a set of system parameters. The specific spectrum occupancy
constraint is that the power measured in any 3 kHz bandwidth beyond the corner
frequency shall not be greater that -60 dBc. Here the corner frequency is that 1 MHz away
from the center frequency for a narrowband channel, 2 MHz for a mediumband, and 5.5
MHz for a wideband.
M-ARY PCM/FM FUNDAMENTALS
The name PCM/FM implies a transmission system in which the carrier is frequency
modulated in some manner by a digital signal. Furthermore, this digital signal is derived by
digitally encoding an analog signal, or possibly a multiplex of analog signals. The manner
of modulation by the digital signal is also implied as a frequency modulated carrier with
the amount of frequency deviation as a linear function of the baseband input voltage. The
baseband input can be the digital signal itself comprised of an infinite sequence of square
pulses, each with a duration of exactly one symbol period, or a filtered or “shaped”

version of the square pulse sequence. In any case it is possible to express this PCM/FM
signal as follows:

(1)

where
fc / carrier or center frequency
fd(t) / baseband frequency deviation function
N0 / initial carrier phase.
For digital data the baseband function is comprised of the superposition of all pulses
corresponding to the infinite sequence of data symbols. This superposition is expressed
as

(2)
where
Ts / data symbol period
a(k) / M-ary value corresponding to the data symbol occuring at kTs
xa(k) / baseband frequency deviation function corresponding to a(k).
Inspection of (1) and (2) suggests to the system designer that xa(k), Ts, and M can be
chosen to satisfy certain requirements. However, due to the complex nature of the M-ary
PCM/FM signal, s(t), effects on it from various choises of xa(k), Ts, and M are not
intuitively obvious. To determine these effects the power spectrum of s(t) was calculated
by computer with the computer program allowing a choice of input variables over a
selected range.
CALCULATION OF POWER SPECTRA
The calculation of the power spectrum of s(t) is a complex chore and the background
mathematical development is beyond the scope of this paper. Fortunately, this
development can be found in two excellent papers, one bt Anderson and Salz [2] in 1965,

and the other by Rowe and Prabhu [3] in 1975. The reader is strongly recommended to
refer to these papers not only for specific solutions, but also for a greater general
understanding of the problem.
At this point some parts of the problem need to be specified so that a particular solution
can be obtained. First of all this paper considers the baseband pulse sequence to consist
of overlapping or nonoverlapping pulses generated from a common shape. With this xa(k)
may be expressed as,
Xa(k)(t) = B)[2a(k) - M - 1] f(t)

(3)

where
f(t) / common, normalized, baseband pulse
)

/ frequency separation corresponding to the interval of the equally spaced
baseband levels.
A definition of the deviation ratio, h, can be presented here as,
h

/ )Ts.

(4)

Now (2) can be rewritten as,
(5)

If nonoverlapping pulses are uses then f(t) exists only over the interval (0, T ], but if
overlapping pulses are used then the existence interval is given by Egn. 31 of [3]. This
paper is limited to the use of two specific pulse shapes. They are,
1) Square pulse, no overlap, thus

2) Raised-cosine pulse, overlap of one symbol period, thus

Assuming that each symbol in the M-ary set, {1, 2, ... , M}, is equiprobable then Egn. 54
of [2] yields the power spectral density (PSD) of M-ary PCM/FM signal with a square
pulse input, while the approach given in section 7.2 of [3] can be used to find the PSD of
the signal with the raised-cosine pulse input. This study is further limited to values of M of
2, 4, and 8, and to values of h of 0.715 and 1/M.
MAXIMUM DATA THROUGHPUT RATE FOR EACH CASE
Given the choices above which specify xa(k) and M for 12 cases, the power spectrum of
s(t) for each case can be calculated to determine the maximum allowable data throughput
rate for each of the three channel spectrum occupancy requirements. The data throughput
rate is measured as the equivalent binary data rate through the system. For M-ary systems
this rate is defined in terms of Ts and M, as
(6)
Use of normalized PSD curves is quite helpful in this application. Assuming that the PSD
functions are nearly linear over any 3 kHz detection bandwith then the power spectrum,
S(f), can be approximated in terms of the normalized PSD, symbol rate, and detection
bandwith, as
(7)
where
Bd

/ detection bandwidth, 3kHz in this case
/ PSD of s(t) normalized to a symbol period of one second

$

/ frequency difference from the carrier, normalized to Ts.

The normalized frequency difference can be expressed in terms of the absolute frequency,
f, as
$ = (f-fc)Ts.

(8)

Since
is easily computed by itself and Ts can be expressed in terms of $ and other
known factors, then (7) can be arranged to yield,
(9)

(10)
To achieve the spectrum occupancy requirement of -60
dBc at the corner frequency, )f = f - fc, then (10) becomes
(11)
where
$' / values of $ for which (11) is true.
If the l.h.s. of (11) is plotted as one curve and the r.h.s. of (11) is plotted as a second
curve, then the curves will intersect at the $' points. The smallest $' which satifies the
inequality,
(12)
yields a value of Ts which corresponds to the maximum throughput rate relative to that
particular corner frequency. Using (6) and (8) under conditions of (12) yields,

(13)
Note that, since there are three corner frequencies corresponding to the three channel
bandwidth specifications, there are three curves generated by the r.h.s. of (11) for each
one generated by the l.h.s. of (11). As a result there is a $' produced for each channel.
CONCLUSION
The procedure outlined above produced a maximum ftp for each of the 12 cases
specified. The results are given in Table I, II, III, for the narrowband, mediumband, and
wideband channels, respectively. According to these results the 4-ary and 8-ary systems
with h = 1/M generally provide transmission efficiencies in excess of 1 bit / hertz based
only on spectrum occupancy requirements and channel bandwidth definitions. This
observation can be quite misleading, though, since no performance analysis has been
done and there is no guarantee that these “high-efficiency” systems will work properly
within the allocated bandwidths. With that thought aside, it can be concluded that
properly chosen baseband pulse shapes and deviation ratios can be favorably affect the
spectrum occupancy of M-ary PCM/FM.
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Table I - Maximum data throughput rate for narrowband (1 MHz) channel.
Throughput rate in Mbits per second
Number of bits per symbol
Pulse
Shape

1

2

3

Deviation ratio
0.715

0.500

0.715

0.250

0.715

0.125

Square

0.320

0.391

0.358

0.908

0.366

1.350

Raisedcosine

0.799

0.885

0.904

1.638

0.768

2.397

Table II - Maximum data throughput rate for mediumband (3 MHz) channel.
Throughput rate in Mbits per second
Number of bits per symbol
Pulse
Shape

1

2

3

Deviation ratio
0.715

0.500

0.715

0.250

0.715

0.125

Square

0.792

0.975

1.070

1.888

0.846

2.814

Raisedcosine

1.678

1.849

1.892

3.450

1.596

5.061

Table III - Maximum data throughput rate for wideband (10 MHz) channel.
Throughput rate in Mbits per second
Number of bits per symbol
Pulse
Shape

1

2

3

Deviation ratio
0.715

0.500

0.715

0.250

0.715

0.125

Square

3.544

4.823

3.972

8.990

3.174

13.221

Raisedcosine

5.021

8.088

5.528

10.508

4.641

15.408
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ABSTRACT.
In Aerospace missions it is often required to have a flexible telemetry system for carrying
out flight test on aircraft, in which the bit rate, sampling rate and the number of channels
can be programmed. This enables the pilot of the aircraft to reconfigure the telemetry
system to suit any particular test missions. An L-Band PCM/FM Telemetry System
containing a Stored Programme Multiplexer, 12 bit ADC and other digital interfaces for
carrying out the measurements on Speed, Events, etc has been developed as a flight
instrumentation telemetry for HAL, India. This paper not only presents complete details of
the system, which was qualified to meet MIL-5422 levels but also the performance of the
system during actual aircraft missions.
KEYWORDS.
Signal Conditioners, Stored Programme Multiplexer, NRZ(L)Data, L-Band Transmitter.
1.0 INTRODUCTION
A Telemetry System with capability for real time flight data analysis is a powerful tool for
aircraft flight testing. It provides a method for integrated testing of multidisciplined flight
data from aircraft. Flight test data mainly consists of the performance of the aircraft in
terms of the speed, manoeuvre and the related parameters like damping, and drag
coefficients, propulsion system performance, pressure and temperature at various
locations, etc. A flexible telemetry system is required to monitor all the parameters as
different flights will have different objectives. It was decided to design a flexible format,
Stored Programme Telemetry system in which the bit rate, the number of channels,
sampling rate and the output code could be varied to meet the requirements of any flight
test.

2.0 DESIGN PHILOSOPHY
Due to severe constraints on power, weight and volume in the aircraft most of the digital
subsystems were designed using CMOS ICs and TTLs were used only where 512 KHz
signals are present. The analog subsystems like presampling filter, premodulation filter and
the ADC were designed using IC operational amplifiers. For close tolerance and extreme
stability metal film resistors and highly stable mylar capacitors were used wherever
possible. As the system has to be qualified to meet MIL-STD 5422F specifications care
was taken in the design to use atleast MIL-38510 Class B type of components. Choice of
the modulation was obviously PCM/FM due to the fact that the system has to handle a
large number of channels with an accuracy of better than 0.5%.
3.0 DESIGN DETAILS
The Airborne System as shown in Figures 1 to 4 consists of:
i) Signal Conditioners for acquiring the signal from different transducers.
ii) A Stored Programme Multiplexer for programming and monitoring information for the
flight test.
iii) An Analog to Digital converter for converting the analog data into a 11 bit digital data.
iv) A Digital Interface Unit for formatting the information related to speed, ON/OFF
status and other digital signals.
v) A formatter for formatting all the data for transmission.
vi) A premodulation filter for conditioning the bandwidth at the input of the transmitter.
vii) An L-Band transmitter and antennae for transmitting the data to ground using
PCM/FM modulation.
The complete specification of the system is given in Appendix A.
3.1 Signal Conditioners
The Signal Conditioner module is a precision differential D.C. Amplifier providing a
variable voltage gain upto 2200 designed for operation in a hostile aircraft environment.
The gain of the amplifier is obtained with a preamplifier having a gain of 200, followed by
a variable gain stage whose gain can be programmed from 1 to 11. This is followed by a
Butterworth type presampling, low pass filter with different cut off frequencies. The total

quantity developed per model is 128 numbers, having different low pass cut off
frequencies from 10 Hz to 100 Hz.
3.2 Encoder
The PCM encoder consists of the following functional circuit groups. Clock generator,
Stored Program Multiplexer, Digital Interface Unit, ADC and synchronization logic, and
the Premodulation Filter (PMF). The master clock of the system is a 4.096 MHz crystal
oscillator. All the different bit rate clocks namely 16 KHz to 512 KHz which are selectable
on the front panel are derived from this master clock. Stored Program Multiplexer
consists of an EPROM which stores the formats that are preprogrammed. All these
formats are front panel selectable. The 256 channel analog multiplexer collects analog
channels as per the program stored in the PROM and converts them into serial form for
analog to digital conversion. The analog multiplexer is protected for an input voltage of
±20v under power ‘off’ mode also. Digital Interface Unit processes 6 speed type signals,
4 counter type signals and 110 ON/OFF status signals and formats the processed data as
programmed in the PROM. The speed type of channels whose frequency range is 16 Hz
to 100 Hz are processed by measuring the time period. Those having frequency range 500
to 2000 Hz are counted in a counter. Counter type of channels are processed by counting
the event numbers. All status type of channels are passed through a parallel to serial
converter. All the required control pulses are stored in the PROM. ADC and
synchronization logic circuit consists of 11 bit ADC, signal mixing gate, parity bit
generator, frame synchronization logic and code conversion logic. The ADC data, Digital
Interface Unit data and the Frame Identification (ID) data are all mixed in the signal mixing
gate and the output is subjected to parity bit generation. Frame synchronizing code is
added to the bit stream. The NRZ(L) data is converted to BI0/(L) code and both the
outputs are available on the front panel. PMF circuits consist of 2 premodulation filters,
having the cutoff frequencies of 384 KHz and 768 KHz. Depending upon the bit rate any
one of the filters is selected. To maintain a constant modulation index for all bit rates, the
amplitude of the PMF is varied linearly for various bit rates as shown in the Table.
---------------------------------------------------------------------------------------------------------------Bit Rate
Output Code
PMF cut off
Amplitude
in KHz
---------------------------------------------------------------------------------------------------------------512 KBPS
Bi0/(L)
768
14 Vp-p
512 KBPS

NRZ(L)

384

14 Vp-p

256 KBPS

NRZ(L)

384

7 Vp-p

128 KBPS

NRZ(L)

384

3.5Vp-p

64 KBPS

NRZ(L)

384

1.8vp-p

32 KBPS

NRZ(L)

384

0.9vp-p

16 KBPS
NRZ(L)
384
0.45Vp-p
---------------------------------------------------------------------------------------------------------------3.3 L-Band Transmitter
The transmitter design is fully solid state to deliver an output power of 10 watts at 1460
MHz. The transmitter carrier is derived from a 73 MHz crystal oscillator. The crystal
oscillator is multiplied by an order of 20 to get the final frequency and indirect type of
frequency modulation is used. The modulator is basically a phase modulator. An inverse
frequency network used in the modulator enables FM from PM. This method has the
advantage of permitting good frequency stability, linearity and low frequency response.
The frequency multiplication is achieved in two stages. The first is a doubler to get a
frequency of 146 MHz and then an SRD multiplier which gives the final output frequency
at 25 mw power level. Three stages of transistor amplifiers driven by SRD multiplier
provides an output of 16 watts. After the insertion loss of the bandpass filter and an
isolator a minimum of 10 watts is available at the output. To increase the reliability and
reproduction microstrip techniques were used in the design of L-Band Transistor
amplifiers for increasing reliability and reproduction.
4.0 QUALIFICATION TEST
The evolution of the final Telemetry System has gone through many stages, such as Bread
Board Model, Engineering Model and Proto Model. As the system has to be finally
installed in an Aircraft it has to meet the stringent specifications of MIL-STD-5422F. The
environmental test plan for the qualification program was as follows:
i) Temperature and Altitude Test
The packages were subjected to Temperature extreme of -62EC to +95EC and the altitude
was varied from normal sea level to a height of 70,000 feet.
ii) Vibration Test:
The test was done in three phases with live electronics.

---------------------------------------------------------------------------------------------------------------Resonance Search
Resonance Dwelling
Cycling
---------------------------------------------------------------------------------------------------------------Amplitude : 0.5 g
5 to 62 Hz : 0.01" D.A
Total duration : 30mts
Frequency : 5 to
62 to 500 Hz: 2g
Sweep rate : 1 oct/min
500Hz
No.of cycles : 5-500-5Hz
once.
Sweep
: 1 oct/mn
5 to 62 Hz : 0.01" D.A
62 to 500 Hz : 2g
iii) Shock Test: Basic design test was done with live electronics.
---------------------------------------------------------------------------------------------------------------Basic Design Test
Crash Safety Test
---------------------------------------------------------------------------------------------------------------Amplitude
15 g
30 g
Pulse
Half Sine
Half Sine
Duration in ms
11
11
No.of shocks
18
12
---------------------------------------------------------------------------------------------------------------iv. Humidity Test
Stabilized Temperature : 71EC,28EC
Relative Humidity
: 85% to 95%
Duration
: 240 Hrs
v. Salt Fog Test
The packages were placed in the Test Chamber and exposed to Salt Fog for 48 hours. At
the end of 48 hours, physical inspection was carried out for any corrosion. Then the
packages were tested, operated and the performance verified.
vi. EMI/EMC Test
The conducted emission test (CEO2), Conducted susceptibility test (CS01-CS02)and the
Radiated susceptibility test (RS01) were carriedout as per the specification MIL-STD6181D.
All the packages were subjected to the above mentioned test and checked for their
operational performances during the various stages of the test. The test levels for the

proto model were slightly higher than those for the other model so that the packages
could be tested for establishing the failure limits.
5.0 FLIGHT TEST PERFORMANCE
The performance of the PCM/FM Telemetry System was analysed using a JT05 Kiran
Mark-I Aircraft. The Telemetry systems were installed in the aircraft and a total of 9 flights
were carried out to validate and assess the performance. Around 120 channels were used
for data acquisition covering the parameters related to system health, system validation
and other miscellaneous aircraft parameters. The format used had 10 frames and each
frame had 58 words. Provisions were made in the format for validating super
commutation, main commutation and subcommutation. The end to end accuracy of the
system was established using a known stable voltage as an input for some channels. The
variation in the output from the initial value was used for computing the end to end
accuracy. The bit error rate for the data has been measured for various ranges of the
aircraft from the ground station and it was found that the bit error performance was within
the limit of the specifications. The aircraft was made to perform various manoeuvres to
establish consistency in the RF link performance. The link calculations are given in
Appendix-B. The system performed well according to the specifications and hence
established the feasibility of using such system for aircraft flights.
6.0 CONCLUSION
The validation trials indicated that the airborne system worked well without any problem.
But ground system with the parabolic dish antenna could not be used for near range
acquisition as there were propagation interference from ground. The data received during
take off and landing at near ranges up to 10 nm is noisy eventhough the signal strength
was quite high. From the results obtained it was concluded that the system met the overall
requirements for flight test eventhough some problem exists during the near field data
acquisition.
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APPENDIX A
Low level signal conditioners

:

High level signal conditioners

:

Programmable Encoder.
Number of channels

:

Bit Rates
Word Length
Output Code
Transmitter
Power
Antennae
Operating Voltage
Environmental Specifications

:
:
:
:
:
:
:
:

Gains programmable. Filter cutoff
5 Hz,10 Hz, 20 Hz and 100 Hz.
Unity gain.Filter cut off 5Hz, 10 Hz,
20 Hz and 100 Hz.
256 - Analog, 10 - Digital
110 - On/Off type
16 KBPS to 512 KBPS selectable.
11 bits + parity
NRZ-L and Bi0/-L
L band, 1460 or 1480 MHz
10 watts
Blade type -omni,linearly polarized.
Aircraft D.C supply (24 to 30v)
MIL-T-5422
APPENDIX B

LINK CALCULATIONS
Transmitter Power
Onboard losses
Transmitting Antenna gain
EIRP
Path loss (300 KM)
Miscellaneous losses
Ground Antenna gain (8E dish)
Minimum received Power
Minimum signal power required
(10dB S/N, 300Ck)
Link Margin

:
:
:
:
:
:
:
:
:

10 dBw
-3dB
-5dB
2 dBw
-145 dB
-4dB
27 dB
120 dBw
126 dBW

:

6 dB

SIGNAL CONDITIONERS

STORED PROGRAM ENCODER

L - BAND TRANSMITTER
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I. Abstract
This paper presents a method developed to automate the data base entry and setup of the
ADS 100 Decommutation System. Automation was accomplished by interfacing an
existing RS-232C port with a VAX computer. Other available interface options are
considered. The automated system provides a method for rapid data entry while
minimizing errors. Automation also eliminates the continuing requirement for a skilled
ADS 100 programmer. Additional topics reviewed are the various problems encountered
while developing the interface. Also discussed is the development and interface of host
computer software, including the predefined ADS 100 record structures. The final result
is a complete and accurate digital data base setup in the ADS 100 system.
II. Background
In the past several years, telemetry commutation and decommutation has changed
dramatically. Equipment that is five to ten years old can be archaic and monotonous to
use. Retrieval of data may be slow and its correlation can be expensive. In contrast,
today’s equipment is fast and can process considerably more data that its predecessors
could. However, with this increased processing power has come increased programming
requirements to enable the real-time decommutation of analog and digital data. Literally
thousands of parameters may need to be defined to set up one system, requiring many
manhours and a good knowledge of the particular system.
Many telemetry systems still record the decommutated data and leave the processing for
mini or mainframe computers. Typically, the data may be stored on nine-track tapes and
processed at some future time. Applications today frequently require immediate
processing and the capability of controlling and updating the actual decommutation of a
data stream. An ideal situation is to have the decommutation system interfacing directly
with a host computer. This allows a means for quick, automatic configuration and setup
of the data and associated decom files. A modern decommutation system will then

convert and format received data into engineering units for use in controlling and
monitoring a test operation in real time.
III. Introduction
Automating the data base entry and setup of the decommutation system is desirable for
several reasons. Manually formatting and entering a large amount of data is timeconsuming and likely to introduce errors into the system. Utilizing a host computer to
directly and automatically download necessary information is a highly desirable feature.
The initial data base is created and stored on the host computer. Software developed on
the host performs reformatting peculiar to the decommutation system. By transmitting this
preformatted data interactively, completeness, accuracy, and time efficiency are
maximized.
The Advanced Decommutation System Model 100 (ADS 100), built by Loral
Instrumentation, is a highly flexible real-time decommutator and processor. This system
accepts output from a receiver and provides the capabilities to distribute, limit-check,
compress, convert, and display the data. The ADS 100 provides two direct host
computer interfaces, the RS-232C and the General Purpose Interface Bus (GPIB).
This paper presents information on the automated downloading process developed at
General Dynamics Convair Division. For this application, software developed on a VAX
computer manipulates previously established PCM data bases so that they are in a format
acceptable to the decom system. The ADS 100/VAX interface became necessary due to
the deficiencies discovered in using a manual system. There is a requirement to load
multiple large and varying data bases. Manual entry introduced typographical errors in
data records and setup information, causing incorrect or incomplete configurations within
the system. A skilled ADS 100 programmer was necessary to enter and verify all records.
This became a costly and inefficient method of loading the data.
General Dynamics presently uses the ADS 100 in a variety of ways. It serves as a PCM
monitor of test vehicle health, both during vehicle checkout and real-time testing. FM data
is digitized and treated as PCM with the ADS analog-to-digital conversion function. It is
also used in post-test analysis of analog and digital data. The following discussion
concerns the development of a process to download PCM data bases automatically into
the ADS decommutation system, where the system will function as a monitor and analyzer
of actual data.

IV. Interface Selection
Several methods of interfacing between the decom system and the host computer are
available, and each has its relative advantages and disadvantages. The first method
considered was to develop all data bases and respective system setup information on the
VAX and then load them to and store them on nine-track digital tapes. The information
from the tapes could then be read into the ADS when needed. This approach requires no
additional peripheral hardware for the VAX (nine-track tape drives being readily available)
and would utilize existing locally-developed subroutine libraries. However, some
additional hardware would be required for the communication link. Specifically, the ADS
would need a digital tape interface board and associated nine-track tape drive. Current
system software would transmit the information from the tape to the memory of the
machine. From here, it would ultimately be transferred to and stored on three-inch
diskettes.
Another method available was to attach a diskette drive to the VAX and create ADS 100
compatible diskettes. This method presents the difficulty of finding an appropriate drive.
Additional complications were the complexity of developing software on the VAX to
support the drive and a problem with duplicating the diskette format. If discs were created
directly on the VAX, software maintenance of the disc would be required. This is due to
inevitable system software updates, possibly requiring a change in the record structure on
the diskette.
A third method considered was the General Purpose Interface Bus (GPIB). This allows a
direct, high-speed connection between the ADS and the VAX. A disadvantage to this
method is that the system must be within 100 feet of the host computer. For the
application developed at Convair Division, the ADS and host computer reside in separate
buildings. Hence, this interface would have required transporting the system to the VAX
whenever a transfer of information was needed.
The final method available is the serial RS-232C communication line. Utilizing this
interface, the ADS 100 functions as a VAX terminal with a bidirectional data link to the
VAX computer. Unlike the GPIB bus interface, there is no limit on the distance between
the decom system and host computer. Modems are used for both machines, and
communications occur over the Local Area Network (LAN) telephone lines. This method
requires a minimum of additional hardware, only two modems and associated cables. It
also requires the development of little additional software beyond the baseline
programming necessary for all methods. This interface was selected for the automated
process discussed. The RS-232C communication line allows bidirectional, interactive
transmission of the data, including complete operational setup information and
decommutation data. These four methods are depicted in Figure 1, respectively.

Figure 1. Available interface options.
V. Record Structure and Protocol
The ADS 100/VAX RS-232C interface entails passing ASCII and binary strings (or
records) between the two machines. The strings passed are encoded using data link
communication protocol. This standard protocol scheme helps to ensure the integrity of
the data, which is often compromised in RS-232C asynchronous communications. Each
string is transmitted as a series of individual asynchronous characters. Four protocol
characters and a block check character (BCC) must be transmitted along with each
record. These ASCII characters are shown in Figure 2 in the sequence required to encode
each record.

Figure 2. ADS RS-232C record protocol.
The BCC is a single byte variable whose value is determined by Exclusive-Oring (.XOR.)
of all the bytes in the data record and the ETX of the terminating sequence. The receiver
(either the host or the decom system) verifies the BCC to check the integrity of the
transferred data. It then evaluates the sequence of the protocol characters to determine
boundaries of records. A further protocol rule is applied when the DLE character value
exists as data within the record. Another DLE character or 16 must be inserted adjacent to
the data value 16. This informs the system that the byte is not a control character, but a
part of the data string.
Two primary types of records are passed between the VAX and the ADS: file records
and data records. A file record is sent as a header or marker for the system or module file
to follow. File records have fixed values, which determine the hardware/software module
used within the ADS. The ADS responds to file records with data records, which contain
the requested information. Data records have variable binary and ASCII values
representing the data base setup information for the respective file.
A typical data transfer consists of the VAX sending over a single file record and multiple
data records to set up the ADS Parameter module. First, the file record is sent to the
system, indicating that the data records to follow will contain Parameter information. The
file record has informed the system of the type of transfer taking place; then the operating
system of the ADS will load the data records sequentially to appropriate memory
locations. Once data base and setup information has been downloaded, it may be read
from or updated via the ADS. In addition, real-time data may be read or sent back to the
host computer for further processing. Similarly, when transferring information back to the
VAX, a file record with the appropriate file record structure will be sent to the decom
system.

This serves as a request for data from a particular module. The system will return the file
record, marking the transfer, followed by the data records containing the requested
information. Uploaded data may then be read, modified, retransmitted, or stored by the
host.
Throughout these transfers, the receiver continually verifies the record protocol of each
record. In the primary application of downloading from the VAX, an acknowledgement
(ACK, decimal 6) reply is returned to the host computer CRT when a valid data record is
received (i.e., the BCC value and the record structure are correct, and the data field types
are acceptable). If this process locates an invalid record, a negative acknowledgement
(NAK, decimal 21) will be sent to the VAX and appropriate action will be taken (either
retransmission attempts or the execution of an error message). This same handshaking
scheme occurs internally when the VAX receives data from the ADS.
VI. VAX Program Development
For this application, the host software was developed using the VAX FORTRAN
language (an extension of FORTRAN 77). This language was selected due to its
availability and its familiarity to potential users. The driver program incorporates the ADS
100 text format and specific I/O RS-232C interface formats. For communications, a VAX
system service routine called QIO (queued I/O) was utilized. This service simplified
communications while allowing asynchronous communications and timed responses. QIO
queues an I/O request to another device (e.g., a terminal, tape, or disc drive). For this
application, the ADS is effectively a VAX terminal device.
The decommutation system is configured in a data-driven distributive processing
architecture. Various hardware modules that perform data recognition, timing, and
distribution must be set up. The data base and setup information are primarily configured
by defining parameters. A parameter either identifies where in the serial stream the data is
found or defines a process to be performed on a source parameter. Processing algorithms
for parameters include frame and subframe identification (sfid) distribution and
synchronization, bit compression, bit swap, etc. Parameters are passed as sources from
one to another until all processing on the original data word is complete. Figure 3 depicts
this system structure. In real time, the decom system accepts a data stream and separates
it into its original measurements. The sequence of execution within the machine depends
on the order of the data received.
The driver program was designed around the system structure of the decom. Each
functional file (Parameter, Decom, etc.) is broken into a separate subroutine. Each of
these subroutines creates parameters consisting of the necessary file record and all
associated data records. This modular style programming allows subroutines to be

Figure 3. Sample decommutation system structure.

developed and tested independently and gives user control in loading specific types of
data. Difficulties in the software development occurred as a result of the specific,
complex requirements. It was necessary to allow for three separate and different formats
of prime (primary bitstream) data, depending upon the main bitstream rate. This resulted
in a requirement for three versions of the Decom module, which set up bit synchronization
information. Additionally, there are three different embedded PCM data formats,
depending upon the type of test vehicle. The prime and embedded data streams may be
combined interchangeably in the various data bases. The Parameter system file defines the
complete PCM data stream.
To simplify the program development, the Parameter system file was divided into two
major sections, the PCM prime data and the embedded data. Each section was then
divided into three subsections or subroutines. This allowed the special requirements of
each format to be handled separately. Each of these three subsections was then further
divided into several sections that handle different types of PCM words properly and
separately. One section creates words or parameters that include all data bits in their
respective PCM addresses. Another section creates source parameters for words that
require the bit compression process (i.e., those parameters consisting of less than the full
data word). Still another routine creates the original measurements, which use only select
bits (e.g., a one-bit discrete). Frame and subframe syncronization parameters, as well as
other special-case source parameters, are also created.
In addition to the routines that format the data stream, the program contains routines that
configure the decom system. The Function Keys file defines one or more of the available
14 ADS programmable function keys. The Sort function defines parameters to be
collected for displaying or printing, according to a specific user-defined event. The I/O
Page file sets up communication ports, transmission characters, and printer type. Realtime displays may also be automatically defined; however, for this application they are
manually set up in accordance with the individual test. Figure 4 shows the flow of the
primary system and module files in the VAX driver program.
VII Problems Encountered
There were many growing pains throughout development of the RS-232C communication
link. The following paragraphs highlight some of the more significant problems and how
they were overcome.
Before the link could be developed, the system setup had to be checked to ensure the
hardware was properly configured and the system RS-232C communications setup was
compatible with the modems used. It was decided to configure the communications line
to the default settings used on the ADS so that setup actions would not be required

Figure 4. Driver program flow diagram
before each data base transfer. These transmission character settings are 4800 baud, 8
data bits per ASCII character, 1 stop bit, and no parity.
One of the first problems encountered was with the VAX terminal driver erroneously
interpreting binary and ASCII characters passing through the link. This interpretation was
eliminated by using the terminal setup parameters PASSALL (prevents any interpretation
by the terminal driver) and NOWRAP (prevents insertion of carriage controls after every
80 characters).

A similar problem experienced involved the carriage control at the end of every record
transmitted. The software naturally sent a carriage return/line feed prior to writing each
new record. The ADS tried to interpret these characters. Therefore, it was determined that
all carriage control had to be eliminated. This was accomplished by properly configuring
the system I/O portion of the VAX software that handles the communications, eliminating
carriage control.
Another problem occurred when an attempt was made to pass invalid records. The ADS
checks all incoming records to see that acceptable values are in all fields. While this check
does not catch all possible errors, it does ensure that the record can be displayed by the
system CRT. The NAK response is received for RS-232C transmission-induced errors;
hence, it can lead to confusion. A way to ascertain where the trouble lies is to retransmit
the record several times. If it is truly a case of bad record structure or content, it will
continuously be rejected. If it is a result of intermittent bad communications, the record
should be accepted on retransmission.
VIII. Results Obtained
The results obtained more than justified the labors of developing the ADS 100/VAX
communication link. The time required for a full data base entry and setup decreased from
three days to less than thirty minutes. Errors in the data base became virtually nonexistent.
Remaining errors could be traced to the original VAX data base and would have affected
manual entry as well. Another goal accomplished by automation was removal of the
requirement for a skilled ADS programmer. Once the necessary software was written, the
information was easily downloaded interactively. The result was a complete and accurate
data base and system setup.
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ABSTRACT
The data capacity of aerospace PCM telemetry systems can be greatly improved by the
application of data compression techniques, which exploit the redundancy in typical
telemetry data. This paper describes the design concept for a compressed PCM (CPCM)
telemetry system, and contrasts system design considerations to those involved in
development of a conventional PCM system. Simulation results are presented depicting
potential benefits from use of telemetry data compression on an upper-stage launch
vehicle.
INTRODUCTION
Because of uncertainties and time variations in data characteristics, the telemetry
applications engineer for a conventional PCM system is unable to closely match sampling
rates to data activity of the individual channels. Some of the reasons are:
1) Many aerospace vehicle data inputs have short time segments of high activity ,
corresponding to specific vehicle events, interspersed with less active periods.
2) Measurements exhibit increased activity resulting from various anomaly or failure
conditions and sampling rates must be selected to accommodate a vast array of low
probability events.
3) The tendency exists to be “safe” by choosing a conservatively high sampling rate
when uncertainty exists about the expected data characteristics.
Thus, sampling rates for individual channels are always higher than necessary to define the
data waveform during most of the mission, and the composite sample ensemble inevitably
contains a large proportion of redundant samples. This paper describes a telemetry
concept which exploits this condition by adoptively modifying each channel sample
allocation to meet preselected error constraints. This process, when properly applied,
achieves efficient use of system capacity, yet does not reduce data usefulness because
redundancy is selectively reduced but not eliminated.

Telemetry data compression was extensively investigated during the 1960s.(1),(2),(3)
These studies arrived at significant conclusions which were, in general, that
pretransmission telemetry data compression presented an attractive and feasible design
alternative, and that zero- and first-order polynomial algorithms were the most effective
ones for compression and reconstruction of typical telemetry data. In one investigation a
data compressor, compatible with the SATURN launch vehicle telemetry system, was
developed to the prototype stage.(2) Significant aerospace applications of data
compression did not follow, however, principally because of the greater onboard
complexity compared to conventional PCM. But with today’s advanced circuit
technology such as imbedded microprocessors, this factor does not present a serious
obstacle to system development.
COMPRESSED PCM (CPCM) SYSTEM DESCRIPTION
Figure 1 shows the system configuration of a practical CPCM telemetry system. Data
inputs are sampled and digitized on an interleaved schedule with individual rates selected
from a set of uniform rates to match estimated peak activity for each channel. Notice that
the function of the first block is the same as for the conventional system. The reduction in
number of transmitted samples is then achieved by deleting unneeded samples.
The compression processor selects values for transmission after processing of input
values by the logical rules of one or more data compression algorithms. In making its
decisions, the processor uses information stored in the reference memory, including
quantities which define recent behavior of each input and compression specifications such
as peak error, choice of algorithm, and channel priority.
Although the data inputs are initially sampled on a fixed schedule, after redundant samples
are deleted, individual data channels do not occur in a fixed sequence, and channel
identification methods used in conventional PCM demultiplexing no longer apply. The
formatting block in Figure 1 combines the encoded retained values with the proper source
identification, time definition, and synchronization tags needed for channel demultiplexing.
The output of the formatting logic is a sequence of digital words in the correct order for
transmission, but with irregular rate corresponding to the varying composite redundancy
characteristics of the data channels. The function of the data buffer and the buffer
feedback system is to smooth these rate variations, producing a constant transmission
rate for the telemetry downlink. Without buffer feedback, the buffer will overflow or
underflow. Therefore, the compression processor uses control parameters derived from
the instantaneous buffer occupancy level to maintain a suitable average rate of retained
samples. Along with selection of data compression algorithm, choice of the buffer control
strategy and parameters are the most critical considerations in design of a CPCM system.

DATA COMPRESSION ALGORITHMS
The set of logical rules used by the compression processor to derive transmitted values
together with complementary rules for reconstruction of the data waveform is called a
data compression algorithm. The variety of characteristics present in telemetry data
dictates that a practical algorithm must guarantee compression and reconstruction of an
arbitrary waveform to within a selected peak error tolerance. Therefore, the algorithm
procedure must redefine values corresponding to the deleted values within given error
constraints, and also must produce a reconstructed waveform free of oscillations or other
added perturbations that detract from visual similarity to the original waveform.
The algorithms which most closely meet the above requirements are the polynomial
prediction and interpolation algorithms. Extensive earlier studies established that, based on
performance and computational complexity, zero and first-order polynomial algorithms
were the most practical and effective for telemetry applications.(3),(4) These algorithms
use either horizontal line segments (zero-order) or straight line segments of arbitrary slope
(first-order) to approximate the data values. Higher order polynomial algorithms were tried
in the earlier studies, but found to have unacceptable oscillatory tendencies and to provide
less compression than first-order algorithms, especially when low-amplitude
instrumentation noise is superimposed on the data inputs.
The prediction algorithms use data values called reference values, one value per line
segment for zero-order, two for first-order, to “predict” subsequent values. If the
compression process is able to estimate a later value to within the given peak error
constraint, then the value is considered redundant. Interpolation algorithms also operate
by fitting straight line reference segments to the data waveform. But, where the prediction
process keeps the reference segment constant during a run, the interpolator attempts to
extend the run as long as possible by adjusting the reference segment after each new
value, while assuring that previous values remain within the specified peak error. An
interpolation algorithm is, in general, more efficient than a prediction algorithm of the same
order, but entails greater computational complexity.
Zero-Order Polynomial Predictor (ZOP)
ZOP, the least complex data compression algorithm, is implemented simply by comparing
later values with the last retained value to determine if the difference is less than the
selected tolerance limit. When the tolerance limit is exceeded, the new value is retained
and becomes the reference value for the next run. Data reconstruction of ZOP produces a
sequence of step functions joined by horizontal straight lines defined by the retained
values.

First-Order Polynomial Predictor (FOP)
The FOP algorithm uses the final in-tolerance value and the first out-of-tolerance value
from each “run” to specify a straight line segment prediction for the next run. Values that
follow are then tested to see if they fall within the corridor defined by the prediction line
segment plus/minus the specified tolerance limit. The last in-tolerance value for each run is
retained and used as the initial and terminal point, respectively, of two adjacent
reconstruction line segments. Reconstruction is done by calculating interpolated values
along straight line segments joining the retained values.
Zero-Order Polynomial Interpolator (ZOI)
The ZOI algorithm seeks to define the minimum number of horizontal line segments
necessary to represent a sequence of data values within a given peak error. The most
positive and the most negative data values during a run are stored and, when the high/low
difference exceeds two times the allowable tolerance limit, the run is terminated at the
preceding value. The retained value for the run is the calculated mid-value between the
highest and lowest values occurring during the run. This value, although not necessarily an
actual data value, is the optimum zero-order representation of the actual run values based
on the peak error criterion.
First-Order Polynomial Interpolator (FOI)
The FOI algorithm uses a “fan” shaped decision zone, which is adjusted after each
redundant value is processed and discarded. So long as this zone has a positive area, the
values are redundant. At the beginning of each run the decision zone is defined by lines
originating at the last retained value and passing through points defined by the next data
value plus/minus the tolerance limit. As each succeeding value is processed, the zone
boundaries are adjusted to reduce the angular size of the fan with the last retained value
remaining as the origin point of the fan. The new upper boundary passes through the value
plus tolerance limit point or, if this adjustment results in elevating the boundary, the
previous boundary is retained. The new lower boundary passes through the value minus
tolerance limit point or, if this adjustment causes the boundary to be depressed, the
previous lower boundary is retained. Thus, as succeeding values are processed the fanshaped zone converges and, finally, the upper and lower boundaries interchange
positions. When this occurs, the run is terminated and the mid-value between the upper
and lower boundaries defined at the immediately preceding value becomes a retained
value. Reconstruction consists of inserting interpolated values which correspond to the
original sampling times along straight line segments between retained values.

The FOI algorithm is the most effective of the four described when used to process
active data inputs. In principle, it is the optimum first-order polynomial algorithm.
However, when used to process static or slowly varying data, especially data containing
underlying (superimposed) instrumentation noise, ZOI usually produces greater
compression.
DATA BUFFER SYSTEM
The buffer system is a first-in-first-out (FIFO) arrangement with feedback control
parameters derived from the buffer occupancy level. The buffer must always contain at
least one digital word awaiting transmission and, during a period of sustained high data
activity, data is lost if buffer overflow occurs. Therefore, the compression processor,
using the feedback function as a guide, modifies the value retention procedure to maintain
a suitable average buffer input rate. Methods for buffer input rate modification include:
(1) Retention of selected redundant values to control underflow
(2) Increase/decrease of tolerance limit on all channels
(3) increase/decrease of tolerance limit on lower priority channels
(4) Deletion of lower priority channels
A practical CPCM buffer design uses a combination of these methods by allowing the
user to program activation of specific control methods at selected levels of buffer
occupancy. Thus, the telemetry applications engineer is given flexibility to adjust the
buffer control system operation with changing mission requirements.
The composite rate of nonredundant values for a typical aerospace mission resembles the
profile shown in Figure 2. This data was generated from a simulation that used the ZOI
algorithm to compress 20 channels of actual telemetry data from a launch of the ATLASCENTAUR launch vehicle. Figure 2 shows the profile for a 60 second time segment
which included stage separation and engine ignition, the most active data periods for the
mission. The dashed line represents the composite rate of precompression values for the
20 channels. Notice that the short-term characteristic is a random rate variation around a
longer-term average rate. The long-term average rate for most of the segment is relatively
low, with two short periods of increased activity corresponding to stage separation at 286
seconds and engine ignition at 297 seconds.
During periods of inactive data, underflow control maintains buffer occupancy at a
selected minimum level near the empty state. This yields the best state of readiness for
upcoming active data periods and minimizes loss of data values awaiting transmission if
downlink transmission failure occurs. Although underflow control could be based simply
on inserting “idle” words, a more practical design results if extra values are systematically

selected and transmitted to reduce the time between retained values for the less active
channels. This procedure minimizes the uncertainty in reconstruction of these channels
resulting from possible interruptions in downlink transmission. Systematic selection of
extra values for underflow control requires that the compression processor store the
current channel run lengths and select extra values based on elapsed time since a channel
value was last retained.
The characteristics of the composite retained value profile expected during the more
active periods form the basis for buffer length and overflow control requirements. A
reliable estimate of this profile, from simulation data or other sources, is an essential
requirement during system design. For dependable system operation, the buffer length
and buffer control performance must be adequate to prevent overflow during, not only
normal, but extraordinary increases in composite data activity. Thus, a CPCM design
must include emergency control functions that are activated when retained value rate
exceeds the normal range allowing system operation to continue with graceful degradation
in performance and without indiscriminate loss of data.
CPCM DATA FORMATTING
The CPCM output to the downlink can be formatted into either a synchronous PCM
format or a packetized format. In either arrangement, the format must include
identification (ID) tags or an equivalent means for source identification of retained values
during demultiplexing, and a method must be defined for identifying the time (relative to
the central vehicle time reference) that individual values were sampled. A major concern in
CPCM system design is minimizing the reduction in system compression from the added
ID information. The discussion below treats the source ID considerations for
synchronous PCM formats, but can easily be extended to packetized formats.
A synchronous CPCM format may use either direct addressing, where the added source
ID information identifies the data channel directly, or time slot addressing, where an ID
tag identifies the major and minor frame time slot when the value was initially sampled. In
the later case, the demultiplexer uses a stored program to map the relationship between
input channels and format time slots, as done for the demultiplexing of conventional
synchronous PCM formats.
With either direct or time slot addressing, two alternative approaches may be used. The
simplest method, suitable for a small quantity of channels, is unique address tags, where
the ID tag for each value includes enough bits to uniquely identify all channels. Another
method, called truncated address tags, is more efficient for larger quantities of
channels. With this method, the ID tag specifies position within a subset of the channels
or time slots, e.g., time slot position within the minor frame. A group ID word, which

includes subset ID, is then inserted at the boundary between subsets to supply the higherorder bits for the channel or time slot address.
SAMPLING TIME DEFINITION
The conventional PCM format typically includes a time code inserted each major frame to
allow correlation of individual sample time-of-occurrence with the central vehicle time
reference. Sampling time for each sample is then determined to the required resolution by
correlation of its format position with the major frame synchronization code insertion
time.
In the CPCM format, however, the format time scale is distorted by deletion of samples
and variable time delays in the data buffer. Therefore, the CPCM format design and
demultiplexing procedure must provide means for time base restoration. When time slot
addressing is used for source ID, sample time definition can be achieved with little impact
on compression efficiency by an approach similar to that described above for
conventional PCM. A time ID word is assigned to a defined time slot at the lowest rate in
the sampling sequence. The fixed time relationship of channel time slot assignments is
then correlated with the time word to calculate the individual channel sampling times
during reconstruction.
CPCM SIMULATION ANALYSIS
The best choice of design and operating parameters for a CPCM system is sensitive to
characteristics of the input data signals. Thus, simulation analyses using actual data from a
similar mission and vehicle design are of great value in system design for a specific
application. Such analyses are especially helpful for evaluating the performance and
suitability of candidate algorithms, and for characterizing the expected behavior of the
composite rate of retained values during active data periods.
Examples of data from simulation analyses using data from the ATLAS-CENTAUR
vehicle is shown in Figures 2 through 5. Figure 2, which illustrates the composite rate of
retained samples for 20 telemetry channels, was described earlier in the discussion of
buffer system design. Figures 3 and 4 show a comparison of the plotted waveform for
CENTAUR main engine pitch actuator feedback when transmitted using conventional
8-bit PCM (Fig. 3) and when compressed and reconstructed using the ZOI algorithm
(Fig. 4). Figure 5 shows the individual retained values forwarded to the reconstructor
when plotted with their proper time relationship. Notice that the curves of Figures 3 and 4
are essentially equivalent, although Figure 3 was plotted with 277 values per second and
Figure 4 was reconstructed from an average of less than 15 values per second.
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Figure 1 Compressed P(M (CPCM) System Configuration.

Figure 2 Composite Rate of Retained Samples Compressed by ZOI.

Figure 3 Pitch Feedback Waveform Plotted from 8-Bi PCM Data.

Figure 4 Pitch Feedback Waveform Plotted from Reconstructed Values Using ZOI.

Figure 5 Plot of Retained Values from ZOI Compression before Reconstruction.
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ABSTRACT
The modern Pulse Code Modulation (PCM) telemetry system faces many unique
challenges in terms of data acquisition diversity and specifically satisfy the demanding
missile requirements. The engineering considerations and hardware implementation are
presented in this paper.
INTRODUCTION
The PCM-480 Pulse Code Modulation Encoder, developed by Loral Data Systems, under
contract to General Dynamics, Convair Division, San Diego, addresses some of the prime
concerns associated with encoders today.
Two of the most fundamental requirements in missile encoder design are physical size and
power consumption. Packaging techniques were developed to insure minimum wasted
space while maintaining the ruggedness required for reliable operation within a missile. By
including some signal conditioning within the encoder, additional space within the missile
was saved.
The PCM-480 Encoder is a high reliability unit with a Mean Time Between Failure of
48000 hours. Aside from the standard high accuracy analog inputs operating with a
programmable gain amplifier, and the discrete bi-level inputs, the encoder has many other
attributes. The encoder includes both Serial and Parallel Computer Interfaces,
Master/Slave capability, a Frequency Counter, Block Data, two formats, two bit rates,
Accelerometer signal conditioning, and High frequency inputs.

SYSTEM DESCRIPTION
Refer to Figure 1, System Block Diagram. The Power Supply used in the PCM-480 is a
linear regulator, followed by a DC/DC converter. EMI filtering on the inputs and outputs
of the supply maintains the conducted emissions and conducted susceptibility well within
MIL-STD-461A limits. The Power Supply is synchronized to a multiple of the system
word rate to insure that the switching occurs at a controlled interval. The system was
designed primarily with 4000 series CMOS and HCMOS to minimize power
consumption.
The Bit Rate Clock is derived from a crystal controlled oscillator in order to maintain a
tolerance of 0.01%. An external programming pin selects one of two bit rates.
The Program Control stores the desired output formats and generates the commands
necessary to control the channel sampling sequence. An external programming pin selects
one of two output formats. The Program Control also supplies the Remote Interface, all
of the necessary synchronizing signals required to control slave encoders.
The Analog Multiplexer section contains 64 single-ended inputs and 16 differential inputs.
The conditioned outputs of the Analog Multiplexer are routed to a multiplexer on the
Analog to Digital Converter. Other analog signals that are routed to this multiplexer are
accelerometer inputs and the High Frequency channel inputs. From this multiplexer, these
analog signals are fed to a sample and hold, and then to a 10 bit Analog to Digital
Converter. The digitized analog signal is fed to an output multiplexer for incorporation
into the serial data stream.
The Bi-Level Multiplexer is capable of handling 50 discrete inputs. These inputs are 0-35
volt inputs having a threshold of 1.5 to 2.0 volts. The output of the Bi-Level comparator
is routed to the digital bus multiplexer. This multiplexer combines all the digital
information prior to routing to the output multiplexer.
Another input to the digital bus multiplexer is the Parallel Computer Interface. Computer
data is routed to the digital bus multiplexer when the PCM clock has been phase-locked
to the computer clock.
The Serial Computer Interface loads the data into the system using the computer clock.
This data is then fed to the digital bus multiplexer.
Digital Scene Mapping and Correlator (DSMAC) Data, is stored in a buffer register until
ready to be formatted into the system output. The output of this register is another input
to the digital bus multiplexer.

A Frequency Counter output and data from the remote encoders are the last of the inputs
to the digital bus multiplexer.
The output of the digital bus multiplexer is routed to the output multiplexer. At this
multiplexer, the analog, digital, synch words, and sub-frame ID, are interleaved into the
output NRZ-L bit stream. This data stream is also fed to a Random NRZ-L generator,
and a six-pole Bessel filter. The output of the filter is fed to a programmable gain output
amplifier.
COMPUTER INTERFACES
PARALLEL COMPUTER INTERFACE
The Parallel Computer Interface was designed to operate with the Guidance Computer on
the Tomahawk Missile. The Interface accepts data from 16 parallel input lines, and inserts
the data into the output PCM bit stream.
A Phase-Lock Loop in the encoder, locks the PCM system to the computer clock. The
computer sends a Time Pulse to the encoder every other minor frame (every 20 ms.).
Fifteen milliseconds after the Time Pulse is received, the encoder sends out eight Data
Request Pulses to the computer. Upon receipt of each data Request Pulse, the guidance
computer responds with valid data on sixteen parallel input lines. If the PCM system loses
the external computer clock, the appropriate data word is filled with alternating ones and
zeroes.
Refer to the block diagram of the Parallel Computer Interface Figure 2. The system
receives a Time Pulse via a differential line receiver. There is a fifteen millisecond delay
between receipt of the pulse and generation of eight Data Request pulses to the computer
via a line driver.
After each Data Request pulse, the encoder loads data from the 16 parallel input lines.
This data is converted to serial form and sent to one of two 128 bit storage registers.
While one of these registers is being written to, the other is available to be read. The Time
Pulse is utilized to switch between storage registers. A clock select circuit routes the
read/write clocks to the proper storage register. Loss of data during the receipt of the
Time Pulse is precluded by the clock select circuit.
The storage register output is multiplexed with a flip-flop that generates an alternating onezero pattern. 128 data bits are loaded into the registers every other minor frame. There are
70 bits per minor frame allocated for this data. The encoder inserts 64 bits of data into
each minor frame, and alternating ones and zeroes in the remaining 6 bits per frame.

In the event a loss of computer clock is detected, the system inserts alternating ones and
zeroes. This is accomplished by switching the output multiplexer from data to the onezero pattern generator.
SERIAL COMPUTER INTERFACE
The Serial Guidance Computer Interface (see Figure 3), is capable of receiving 48 bits of
serial data every minor frame. An Interrupt Pulse is issued by the encoder three times per
minor frame. The computer responds to the Interrupt Pulse by issuing a 16 bit wide Data
Enable Pulse simultaneously with a 16 bit data word. In the event no Data Enable signal is
received by the encoder within 1500 microseconds after the Interrupt Pulse is issued
alternating ones and zeroes are inserted in the output data stream. There are 70 bits
allocated for computer data in the output format and 48 bits received each minor frame.
The remaining 22 bits are filled with alternating ones and zeroes.
DSMAC COMPUTER INTERFACE
The Digital Scene Mapping and Correlation (DSMAC) computer output consists of a
serial data stream arranged in a frame format consisting of 41 frames that each contain 23
words for a total of 15088 bits at a rate of 96 kbps. The major challenges involved in
designing the DSMAC interface are described below and include the considerations
1. Satisfying the PCM encoder output rate of 10 kbps with an input of 9.6 kbps.
2. Synchronization of input clock with 0 acquisition time and maintaining
synchronization throughout 1-3 frame sequences (max 4.72 seconds)
Satisfying the 10 kbps output rate was accomplished by utilizing a 64 word deep first in
first out (FIFO) buffer (see Figure 4). At the beginning of each DSMAC frame a circuit
initialization occurs during which all input/output counters and buffer counters are preset,
and also, circuitry responsible for inputting data to the FIFO is initialized. Output circuitry
is initialized when the FIFO buffer fills and data begins to be outputted from the buffer.
Clock synchronization is maintained throughout the major frame by refreshing the clock
divider circuits on each falling edge of the input data.
PHASE-LOCKED LOOP
To satisfy the requirements imposed by the various computer interfaces, the PCM
encoder is required to operate phase-locked to a 640 kHz external clock, or in an internal
free running mode with a bit rate stability of 0.01%. This stringent bit rate stability
required the system clock to be crystal controlled (see Figure 5). Operation of a phaselocked loop was achieved by manufacturing the crystal with a large output capacitance to

input capacitance ratio (Co/Ci). This allows the crystal frequency to be pulled. A Co of
approximately 0.009 pf. resulted in the ability to pull the crystal by approximately
+/- 0.05% which satisfied the phase-locked loop tracking requirements of 0.01%. A
crystal frequency of 13.824 MHz was required to produce all of the various encoder
clocks.
The phase-locked loop was implemented with a monolithic phase detector that utilizes a
transition activated phase/frequency comparator that produces up/down commands for a
charge pump ultimately resulting in the generation of an error voltage. This error voltage is
filtered and used to drive a voltage controlled multivibrator. The free running mode is
accomplished by replacing the filtered error voltage with a temperature stable DC
reference.
ANALOG INPUTS AND SIGNAL CONDITIONING
The Analog Multiplexer (see Fig.5), accepts 16 differential inputs and 64 single-ended
inputs. The differential inputs are routed to the inputs of a differential programmable gain
instrumentation amplifier (PGA) via Metal Oxide Semiconductor Field Effect Transistor
(MOSFET) gates. This PGA has two gain settings. The current configuration has input
ranges of +/- 10 volts, and 0-50 millivolts. The output of the PGA is directed to another
multiplexer on the Analog to Digital Conversion board.
The Single-Ended channels are also sent through MOSFET gates. These channels are
multiplexed a second time and then sent to a single-ended PGA. This PGA has three gain
and two offset settings. The present configuration has input ranges of 0-10 volts, 0-5
volts, +/- 10 volts, and +/- 5 volts. The output of this PGA is also routed to the
multiplexer on the Analog to Digital Conversion board.
These analog inputs are accurate to +/- 0.2% full scale over the temperature range of 54 C to +70 C.
There are three types of signal conditioning contained within the analog multiplexer.
Termination resistors - These resistors were required to allow signal inputs of up to 50
volts to be accepted by the encoder.
Half-Wave Rectifier - This was needed to monitor computer AC power.
Single and Differential Thermistor Inputs -These inputs are supplied by a stable, high
accuracy, constant current source.
As shown in Figure 1, the encoder also contains a frequency counter. The counter will
recognize signals from 0.1 volts peak-peak to 12.0 volts peak-peak. The frequency range

of the counter is 900 to 10230 Hz. The counter is implemented such that it measures the
input frequency for 10 minor frames (0.1 seconds), then outputs this reading in the data
stream. This measurement is latched and outputted in the data stream while the next
measurement is being made.
Each of the three high frequency analog channels consist of either accelerometer data or
high frequency analog data. The accelerometer input is compatible with an accelerometer
having a frequency response of 5,500 Hz and a sensitivity of 11.5 coulombs/g. The high
frequency analog channels receive signals that are +/-5 VP-P (max) with the HF analog
channel. The two channels are then summed with the inactive channel input grounded. The
output is filtered by a 6-pole Butterworth filter with a cutoff frequency of 2 kH
MECHANICAL DESCRIPTION
The PCM-480 assembly consists of a housing (see Figure 8), interconnect (mother)
board, power supply, and six sub-assemblies (Digital Mux, Analog Mux, A/D Program
Control, Guidance Board, Randomizer, and Input/Output Board). The dimensions are
6.00" X 4.50" X 2.25".
The housing section consists of a center section and front and rear covers. The entire
housing is machined from 6061-T6 aluminum alloy with a 63 microinch machine finish.
Slots are cut into the center section as sub-assembly guides, to hold the sub-assemblies in
position and to help dampen resonant frequencies. The six assemblies are assembled in
board pairs by .25 inch standoffs. Each pair is attached to the center section by a
stiffening bar at the top.
The power transformer, pass transistor, and drive transistor, are heat sunk to the power
supply interface cover for better heat transfer. The complete assembly is contained within
its own enclosure to attenuate any possible sources of noise in the power supply.
The external interface connectors used on the unit are the ITT Cannon MDM series.
These connectors are designed to meet the severe environments encountered in
missile/aerospace telemetry requirements.
CONCLUSIONS
The design of the Loral PCM-480 does solve a number of missile/aerospace telemetry
problems. Power consumption was held to a minimum by the use of CMOS circuitry
creative design techniques. Reliability was maintained by the use of high reliability parts
and additional derating criteria. Maximum missile space was assured by including a large
number of signal conditioning circuits in the encoder and packaging the unit in a manner
that precluded wasted volume.
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ABSTRACT
Due to the increasing complexity of systems on which telemetry is used, the method of
embedding a data stream within the main PCM data stream is becoming a popular means
of acquiring subsystem data. However, this technique increases the complexity of the
decommutating requirement in that the embedded stream must first be extracted from the
main stream and then decommutated. One obvious solution would be to re-serialize the
extracted data stream to be decommutated by a second set of frame and subframe
synchronizers. This method suffers from increased system cost due to the additional
hardware needed solely to support the embedded data stream. This paper will address an
alternate method developed by Loral Instrumentation and an actual application at General
Dynamics, Convair Division. This technique decommutates asynchronous embedded data
streams via standard algorithms in a data compressor.
INTRODUCTION
In an effort to reduce the complexity of the data acquisition from a vehicle, more than one
data stream are often used. However, this approach requires additional hardware in what
is often very limited vehicle space. It also requires a higher bandwidth to transmit multiple
independent streams than it did a single stream. For these reasons, a method of
transmitting “Embedded Data Streams” within a main, or primary, data stream was
developed.
An Embedded Data Stream is a stream whose entire content (including Frame Sync and
Subframe Sync) is contained in predefined word locations within a Primary Data Stream
(see Figure 1). The frame length and the frames per major frame of the embedded stream
bear no relationship to the primary stream; therefore, the two streams can be

asynchronous. However, the streams are not completely independent; the decommutation
system must be locked onto the primary stream before the embedded stream can be
extracted. In addition, the embedded date rate cannot be faster than the primary data rate.
Although this data acquisition method increases the complexity of the decommutation
system, flexibility is more affordable there than on the vehicle under test.
The straight forward approach for decommutating Embedded Data Streams requires
capturing the Primary Data Stream word locations containing the embedded stream (see
Figure 2). This is done with one set of frame and subframe synchronizers. The captured
words are then serially routed to a second set of frame and subframe synchronizers. This
may require additional hardware to interface the second set of synchronizers with the first
set (such as the Parallel to Serial Converter shown in Figure 2). The disadvantage of this
approach is the cost and space associated with the added hardware.
A software approach for decommutating Embedded Data Streams requires no more
hardware than that used for the primary stream decommutation, thus saving space and
reducing cost. The disadvantage of a software approach as opposed to hardware is
speed.
A SOFTWARE APPROACH
Loral Instrumentation, in conjunction with General Dynamics, Convair Division, has
developed a set of software algorithms that decommutate asynchronous Embedded Data
Streams. The Algorithms are supported by a Data Compressor using a high speed bitslice processor. These decommutation algorithms are called: Frame Sync, Frame
Distribution, SFID Sync, and SFID Distribution. Figure 3 shows the relationship between
these algorithms, and the following paragraphs describe their functions.
Once the telemetry decommutation system locks onto the Primary Data Stream, the words
containing the Embedded Data Stream are captured. These words are routed to the Frame
Sync algorithm. The algorithm performs the bit recognition functions that identify the
embedded frame sync pattern. This, in turn, identifies the word boundaries within the
embedded minor frames. The algorithm also allows you to determine the threshold
conditions for letting the embedded data pass for further processing. In other words, you
use the algorithm to define the frame sync pattern, number of words per minor frame,
synchronization strategy, and data pass qualifier. The output is a 2-bit word indicating the
frame synchronization status as follows:
SEARCH
VERIFY
CHECK
LOCK

00
01
10
11

The result of the Frame Sync Algorithm (the 2-bit status word) is then sent, together with
the captured embedded data, to the Frame Distribution algorithm. The status word must
be equal to or greater than the data pass qualifier for the frame distribution to continue.
For example, if you specify the LOCK condition for the data pass qualifier, the frame
distribution will only continue when the 2-bit status word is LOCK (11). However, if you
specify the VERIFY condition for the data pass qualifier, the frame distribution will
continue when the status word is LOCK (11), CHECK (10), or VERIFY (01), but not
when the status word is SEARCH (00). The Frame Distribution algorithm defines each
data word within an embedded frame. You use the algorithm to define the bits per word
(BPW), word location, and word increment (for supercommuted data) for the minor
frame block of the embedded stream. The data word containing the subframe
synchronization (SFID counter) is sent to the SFID Sync algorithm. Other data words are
sent to the SFID Distribution algorithm.
The SFID Sync algorithm performs subframe synchronization using the Subframe I.D.
(SFID) counter technique. The SFID word location is identified via the Frame Distribution
algorithm, as described in the preceding paragraph. You use the SFID algorithm to define
the SFID counter (least significant bit location, start count, count direction), number of
frames per major frame, synchronization strategy, and data pass qualifier. The output is a
2-bit word indicating the subframe synchronization status (SEARCH, VERIFY, CHECK,
OR LOCK). The status word and the data pass qualifier are used to determine whether to
continue the SFID distribution. This functions the same as the Frame Sync algorithm’s
status word.
The result of the SFID SYNC algorithm (the 2-bit status word) is sent, together with
output of the Frame Distribution algorithm, to the SFID Distribution algorithm. This
algorithm uniquely identifies word locations within the embedded stream’s major frame
block. You use the algorithm to define the bits per word (BPW), frame location, and
frame increment (for subcommutated data). The output of this algorithm are defined
parallel data words.
To summarize, two algorithms (Frame Sync and SFID Sync) support synchronization of
the Embedded Data Stream, and two algorithms (Frame Distribution and SFID
Distribution) support data identification and distribution.
AN APPLICATION
General Dynamics, Convair Division, used a Primary and Embedded Data Stream
technique for telemetering missile system data. The Primary Data Stream contains various
vehicle systems data (primarily analog), while the embedded stream contains digital
guidance subsystem data. The characteristics of the Primary Data Stream are:

Bit Rate
Minor Frames/Major Frame
Words/Minor Frame
Bits/Word
Major Frame Period
Most Significant Bit Alignment

44 Kbps, NRZ-L
16
44
10
160 milliseconds
First in bit stream

The embedded (guidance) data is interlaced into the Primary Data Stream in 7 sequential
words (Word Locations 8 through 14) within every minor frame (see Figure 4). This
means 70 bits in each primary stream’s minor frame belong to the Embedded Data
Stream. However, the Embedded Data Stream contains 16-bit words (not the 10-bit
words of the Primary Data Stream). The guidance system inputs just 3 actual data words
of 16-bits each (for a total of 48 bits) during each minor frame period of the primary
stream. The remaining 22 bits are divided into filler words (two 5-bit and two 6-bit)
containing alternating ones and zeros.
This maintains the 44 words per minor frame of the primary stream. The characteristics of
the Embedded Data Stream are:
Bit Rate
Minor Frames/Major Frame
Words/minor Frame
Bits/Word
Major Frame Period
Most Significant Bit Alignment

4.8 Kbps, NRZ-L
3
50
16
500 milliseconds
Last in bit stream

Decommutation of the Embedded Data Stream begins after the decommutation system
locks onto the Primary Data Stream. The words containing the Embedded Data Stream
are extracted from the primary stream. These words are then routed to the Frame Sync
algorithm, which performs frame synchronization on the embedded stream. The frame
sync pattern number of words per minor frame, sync strategy, and data pass qualifier are
defined by this algorithm. The output is a 2-bit word indicating the frame synchronization
status (SEARCH, VERIFY, CHECK, or LOCK).
The Frame Distribution algorithm is then used to identify all fifty 16-bit words within the
embedded stream’s minor frame. Supercommutated data does not appear at a regular
interval, so word incrementing is not used. Names are given to each minor frame word
location (such as MBEDDED WD1 through MBEDDED WD50). MBEDDED WD1
contains the SFID subframe counter in this application.

The SFID Sync algorithm gathers MBEDDED WD1 to perform subframe
synchronization. The counter is defined by this algorithm (least significant bit location,
start count, and count direction); also defined are the number of frames per major frame,
sync strategy, and data pass qualifier. The output is a 2-bit word indicating the subframe
synchronization status (SEARCH, VERIFY, CHECK, or LOCK).
Finally, the SFID Distribution algorithm is used to uniquely define each subcommutated
word location with the major frame. The bits per word (BPW) are redefined here on an
individual parameter basis (some of the data words are less than 16 bits wide). At this
point, both the Primary and Embedded Data Streams are decommutated. Individual data
words may be displayed, stored, or included in further data processing.
CONCLUSION
The benefits of a software approach for decommutating Embedded Data Streams are
hardware reduction (cost and space savings and increased decommutation system
flexibility).
At General Dynamics, Convair Division, mainframe computer software was written to
extract embedded data from a Primary Data Stream. However, this used computer time
and lacked portability. Loral Instrumentation, in conjunction with General Dynamics, has
developed specialized algorithms within the ADS 100, a telemetry acquisition and
processing system, to decommutate asynchronous Embedded Data Streams.

Figure 1. Example of an Embedded Data Stream

Figure 2. Asynchronous Embedded Data Stream Decommutation
Selected words from the primary data stream are serially sent
to a second set of frame/subframe synchronizers.

Figure 3. Four Algorithms Used to Decommutate
Asynchronous Embedded Data Streams
There are two algorithms for frame/subframe synchronization,
and two for identification/distribution.

Figure 4. Actual Application at General Dynamics, Convair
The embedded guidance data stream is asynchronous to the
primary data stream.
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ABSTRACT
In the field of re-entry telemetry, data synthesis is an important research task for multibeam and multi-reseiver system. This paper presents a microcmputer-based method to
synthesize PCM data in real-time. The performances of various criteria used in data
synthesis systems are also analyzed here.
PREFACE
Re-entry telemetry is a technology to study trnsmission and processing of information
within the vehicle as re-entrying the atmosphere. There are many tasks in this field. For
instance, the research of re-entry communication break, i.e.,the plasma sheaths, began at
50’s. Real-time penetrating technique is certinly an ideal way to solve the blackout, which
includes such methods as raising frequency, increasing emitter power and abating the
plasma sheaths—for example, by using the newly heat-proof materials. All these methods
have had a good performance.[l][2] However these methods take a considerable cost.
Another technique is by recording and retrying which records the data while in the plasma
sheaths and reemiter the data speedily while out of the plasma sheaths. Although this
method can’t achieve real-time transmissions it can easily solve the blackout. But there
exists a consequential postulate in the use of recording and retrying technique that the time
of the vehicale takes from outing the plasma sheaths to reaching at the ground must be
long enough so that the recorded data could be re-emitted completely. Hence primally
imports near-ground communication, or called the low altitude communication, plus the
requirement of recording and retrying, has become another essential task in reentry
telemetry.
As the vehicle near the ground, the difficulty in tracking antenna increases due to the
increase of angular speed in tracking the vehicle. Mean while ground reflect increases
sharply due to the decrease of anteuna elevation angle. It has been shown in practice that
the receive scheme of multireceiver, multibeam tracking antenna and distributed receive
stations is effective in use, especially suitable for the low altitude telemetry of high speed
target, even in the instant of touching ground. Comparing, with other systems, this
scheme has obviously advantages of simplicity practicability and reliability.

The basic configuration of this scheme is that receive system consists of intercovering
space defined by multichannel, and multibean antenna and the terminal obtains several
data groups simultanously from the same source. This characteristic can be fully utilized
in data processing. Hence data synthesis becomes an essential task in low altitude
transmission. By simple logic addition, data synthesis has been realized for PCM reentry
telemetry. In the case of PCM data, each receiver output a different pattern as the signal
phases through a differnt path, hence the simple logic addirion can not be in effective.
However by the use of microcomputer, the condition to solve the problem has been
brought about. This paper presents some discussion about this topic
BASIC PRINCIPLE AND METHOD
If multichannel and multibeam scheme is adopted in PCM reentry telemetry, it is
necessary to investigate the sythesis of multichannel, especially of the real-time synthesis.
In such a situations the most desirable fashion draws support from microcomputer. A
block diagram of PCM data synthesis system is shown in Figure 1.
Figure 1. shows that each receiver conveys a dissimilar PCM data to microcomputer
which compares and discriminates the received data and syntesizes out a highly reliable
data for output or further process.
The input process to computer of PCM data of each channel is accomplished by an
interrupt service program. CPu accepts one or several data at each interruption and stores
the data in proper address. This part of storage is called the frame storage. Each receiver
has a correspnding frame storage whose volume is defined to store just a frame of data.
The data in frame storage are arranged according to frame synchronizing signal. The flow
chart of interrupt service prgram is shown in Figure 2.
The task of main program is to continually compare and discriminate the data in the N
frame storages, to perform synthsizing and to output the result to so called output frame
storage finally and then to repeat the process again and again. A subroutine could be
inserted into the main program to estimate the error rate in PCM data stream and to print
or display if necessary. The flow chart of main program is shown in Figuve 3.
More over, the data stored in the output frame storage, that is the synthesized data, be can
directly conveied to terminal recorder or kept in computer for further process. This need
not go into details here.

SIMPLE 1-OUT-OF-N CRITERION
It is necessary to define a criterion to compare and discriminate the PCM data. If only
consider that the simple criterion be able to choose the best from the N data streams.
such a criterion discussed here is called the 1-out-of-N criterion.
Simple mehjods of synthesis rely on discriminating the quality of known message in each
frame data—for example the frame synchronizing code—to choose the best out as the
synthesized output in unit of frame. For the multibeam and multireceiver system, this type
synthesis method is relatively practical with the view to inter-covering of beams in space.
The bit rate of synthesized data in a certain instant equals the minimum one of all data
streams at the same instant.
By the use of single board compater of 8-bits word length, an 1-out-of-2 synthesis test
was prformed. In this test,the frame configurations of data were 128 words in frame
length, 8 bits in word length and 24 bits in frame synchronizing code length. This test has
also obtained a expectant result. Because the detection for each frame had only one time
and the discrimination was only for frame synchronizing code, thus same method could
bring out its advantage only when the bit error rate was high and it couldn’t work out
which data was the best while the bit error rate was relatively low, for instance, less than
10-3. Thus, the one-out-of-N synthesis method can merely play the role of a “edifor” in
data processing. It is for frame genuine data synthesis.
PARITY-CHECK CODE CRITERION
To counter the disadvantage of 1-out-of-N criterion it brings in a criterion farely easy in
realization and better in performance of PCM data synthesizing—the parity-check code
criterion.
Parity-check code have been used in elemetry for a long time. The method of checking is
to add a checking bit to each cord to show its parity character. Hence the error words
caused by transmission or other reasons could be eliminated by the indication of parity
checking in latter processing.
In multi-receiver system of re-entry telemetry, parity-check codcs not only play the role
discussed above but also aid the synthesis. since parity checking performs word by word
and the parity check bit is relative to every bit of the word, the discrimination could be
done for each word when the parity-check code is used as the criterion of data quality but
not for each frame as in the case of 1-out-of-N criterion, even could it be consideved as
for each bit in a certain sense.

If the number of error bits in each word does not exceed one, in other words the
checking, of each word is in effective, the synthesis with purity-check code criterion will
achieve the optimal result. The bit error rate id equal to the multiplication of that of every
channel:
P=P1 • P2 @@@@@@@@ Pn

(1)

However, parity-check codes have a fatal defect that if the number of error bits in a word
exceeds one and is just an even number, the checking will be useless and the
discriminating will be wrong in case of parity-check codes being criterion. This is a
situation not to be ignored which is the main error source in data synthesis. For the case
of N PCM data streams, bit error rate after synthesizing is defined by the following
formula:
4 4
b
b
Pq=P1 • P2 @@@@ Pn+C2b3P2+
i +CbP i + @@@@ +Cb3P i

(2)

Where:
Pa —bit error rate of synthesized data
Pi —bit error rate in channel No. 1
b —word length
N —number of channels
When the bit error rates of every channel are indentical or comparable, equation (2) is
simplified to:
Pa=C2b • N • P2*

(3)

Where: P—bit error rate of every channel
When the bit error rates of every channey are different, Equation (2) becomes:
2
Pa=C2b • Pmax

Where:

(4)

Pmax —maximum bit errer of each channel

Obviously, from Equation (3) and (4) it can be shown that the error rate of synthesized
data has much to do with the worst one of the data streams with parity-check codes being
the criterion. If a bit error rate is higher than 10-2 in the N data streams, the bit error rate,
of synthesi3ed data may be higher than 10-2 also. The relations of bit error, rate between
* When N=2, this equation should be Pa=C2b • (N+1) •P2

the synthesized data and worst data stream versus different word length are repesented by
a group of curves as shown in Figare 4.
In order to prevent data streams with large error rate from joining in the synthesized data,
we may pre-process data streams before using parity-check method. For example, if
simple, 1-out-of-N criterion is used as the pre-processing method to reject data streams
with higher error rata ( 10-3) and pick out data streams with less error rate ( 10-3) for
reprocessing on parity-check code criterion, more desirable synthesized data can be
obtained.
Of coarse other preprocessing methods can be used to reject wrong data streams.
However it’s one defect of parity-check code criterion. A m re criterion is errorcorrecting codes and its application in data synthesis is discussed tentatively as follows.
THE APPLICATION OF ERROR-CORRECTING CODE’S IN DATA
SYNTHESIS
Error-correcting codes are the major, research field of channel coding technology. Coding
is to insert certain redundancy bits into the sectioned data stream so that the receiver can
correct errors caused by transmssion with the redundancy bits to improve error rate.
For a re-entry telemetry system of multi-receiver, data synthesis technique discussed in
the preceding sections is essentially an error correcting. The diffevence is of course
obvious. For example, 1-out-of-N merhod can only check the data frame by frame. No
other than “editor” could be the most proper description of the method. With the paritycheck code as another example, although the processing unit is declined to a word, the
basic principle still consider that there always exists a “good” data at any time in the
several data streams to be synthesized. If for come reasons, all channels are seriously
interfered and the errors are brought about at the same time, a “good” data wont be
chosen out inspite of the errors in each channael being differnt. This very problem can be
readily solved once the error-correcting codes are introduced. There is no error not to be
corrected theoretically so long as a proper code is chosen.
There are many types of error-correting codes. A class of codes called the modalo-M
check code is very worth studying from vidw of data synthesis. [3] For a modulo-M code
the data word is considered as the code is configurated by data blocks which consists of
several words. This code is often applicated in data exchange between or in computers. If
a word has 8 bits, then M=2.

The modulo-M checking is to carry oat modulo-M addition for all words one by one in
tata blocks and to take its complement:
(5)
Where:

AM—checking result
Ai —values of the word No. I
n —length of block

Checking result AM add to the end of data block to resalt in a new block with the ability of
modulo-M checck. AM is also called the modulo-M check word. But such a modulo-M
code can merely indicate whether the block is in error and cannot correct any errors.
However, if the data block is arranged in an array form and each row and column is
coded with modulo-M coding, then the error locations can be detenmined and errors can
be corrected with not too complicated calculations by the use of the two modulo-M
check codes in row and columns of the data block.
It will obviously be more ideal to take an error-correcting code as the criterion of data
synthesis. A similar work has been preformed with computer simulation.Certain results
has been ahieved also. Of course there will be much to do to apply to engineering,
especially in more difficult real-time synthesis. In brief, now with the combination of
telemetry technology and computer technology, data synthesis tend to make full use of
inferior data, but not to choose merely an excellent data in the data streams, so that every
data can contribute to data synthesis and an indeed optimal synthesized data will come
out.
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ABSTRACT
In this paper, a new method searching optimum frame synchronization codes is
presented. It is called “logical-sifting method”. This is a convenient method in comparison
with the exhaustion technique.
INTRODUCTION
So far, the exhaustion technique has been used conventionally to search the optimum or
sub-optimum frame synchronization codes(Ref. 1).But it is a pity that this method is
clumsy and very wasteful. Therefore, many authors have devoted themselves to
researching new advanced methods. In the last few years, we have developed an
improved methods, i.e. the logical-sifting method. The development of the new method
consists of two steps: (1). Conception,(Ref. 2). (2). Improvement and application,(Ref.
3,4).
DERIVATION OF THE NEW METHOD
The autocorrelation C(k) of a discrete or digital sequence {ai} can be regularly expressed
as:
C(k)= ai*ai+k
(1)

where,
n=code length=1,2,3,4,......,
k=bit distance=0,1,2,3,......,(n-1)
i=1,2,3,4,......,n,
For the classical PN sequence, for example, B-sequence,m-sequence,L-sequence(in
narrow sense), etc., the expression C(k) is as follows:

(2)
For ordinary digital sequences, except the classical PN sequences, the general expression
is:
(3)

where,
m#(n-1)
Equation (2) and (3) can be expressed by a matrix formally:
(4)
where

(5)

(6)

Obviously, Ck is the sum of the product factors aj,i in the diagonal of the determinate of
the matrix Aj,i. Consequently, we have a set of the simultaneous equations called
“Triangular Equations” as follows:

(7)

where,

C0=the main-peak altitude of the autocorrelation for ai ,
Ck= the number k of the sub-peak altitude.

When ai is a two-values sequence, i.e. ai=1 or -1, we have:

(8)

In the equation (8), m#(n-1) and m is a natural ordinal number.
On the basis of (7) and (8), if prescribing a limit of Ck we can find the solutions of the
elements ai for the expected sequence.
For example, when n=11, and let
(9)
We can get a sequence as follows:
(10)
Fortunately, it is just right that the sequence (10) is a Barker sequence and only an
optimum sequence with n=11. Similarly, if the limit of the sub-peak Ck is expanded, let
*Ck*#m and m#(n-1) are assumed, we can also use the triangular simultaneous equations
(7) to search out a optimum sequence or several sub-optimum sequences. Because the
sub-optimum sequences have some diversity,we need to calculate the loss and false

synchronization probability of thesesub-optimum sequences and to consider the usability
for engineering, thereafter, the expected sequence can be find out.
Is there a much simpler method?
Yes. We can discover an interesting knack from (7) that the last (n/2+1) or (n+1)/2
equations contain all the variables from a1 to an of sequence {ai}n. So, when ai n is 2 twovalue sequence, perhaps, we may use the half-set of the equations (7) to determine each ai
of the expected sequence above.
For example, when n=11, only the last six equations of (7) are needed,as the following
(11):

(11)

Here, it is the necessary to explain that according to the conventional principle, it is
impossible that the n unknown variables can be determined through resolving (n+1)/2 or
(n/2+1) equations. However,in some special conditions, there is some probability to find a
solution for the difficulty. As the variables ai are only two values(+1 or -1)here, we can
use the “logical tree” and the “logical table” to determine the elements ai of the expected
sequence in broad outline, bases on the half-trianglar simultaneous equations just as the
equation (11). Then,we use the first (n-1)/2 or (n/2-1) equations in (7) to once again make
the examination for the primary selected sequences. Finally, we can determine the
expected sequence.This is the nuclear idea for the simplified method. We recommend that
this method be called the “Logical-Sieving Method” or the “Sub-peak Logic Method”. Do
you agree? Or any suggestion? Dear reader!
LOGICAL TREE AND LOGICAL TABLE
The “logical tree” is composed of the following steps. We may begin with the analyzing
of the simplest equation Cn-1=a1a11 in the “half-trianglar simultaneous equation (11), and
then recur it up step by step.

For example, let C5=C7=C9=0 and C6=C8=C10=-1 in the equation (11), at the beginning,
we may take C10=a1a11=-1, choose a1=1 and sign it as a1/+, and a11=-1 as a11/-, on this
basis, the terms of C9 can be determined by the logical rule. According to the prelimited
condition of C9=a1a10+a2a11=0, the unknown variables a2 and a10 of this equation have
only two combinations which can be suited to the logical rules, (a2/+,a10/+) and (a2/-,a10/+).
Then , on the basis of C9 and C10, the new terms a3 and a9 in the equation of C8 can be
recurring. Keep doing in such away until the new variables in the equation C5 are
determined. So, the “logical tree” as figure 1 can be drawn up.
(By the way, if beginning with (a1/-,a11/+), we can draw up another “logical tree” like the
Fig. 1. But it is equivalent to the figure 1.)

Figure 1. Logical Tree
Then, following the relations of the tree-branches, we can get a set of sequence as
Table 1. The 16 sequences in Table 1 are only the results of the original screening and do
not certainly satisfy all the conditions preconfined by the equation (9). The examination
must go further.
The examination should begin generally with the equation of C1 which contains most
terms in the trianglar simultaneous equations (7). If C1 is satisfied, then other equations
will possiblly be satisfied wholly or partially.
Hereafter, the examination is made according to the condition of C2 too, and maybe
C3...... as well until a sequence chosen satisfies all the equations. Sometimes it takes only
one step.

Before the examinations are made on the basis of Table 1, to observe all sequences, it can
be found that the sequence S1 and S8, S2 and S7, S3 and S6, S4 and S5 are anti-symmetric
with each other. So,when following logical Table 2 for the examination, since we know
their autocorrelation are equivalent to each other, we need merely to examine the four
sequences, from S1 to S4.
In the past place,we use the condition of C1=0 to make the first examination table as
Table 2. Here,
C1=a1a2+a2a3+ a3a4+a4a5+a5a6+a6a7+a7a8+a8a9+a9a10+a10a11
=0

(12)

From Table 2, we can see that those four sequences from S1 to S4 all satisfy the condition
of (12). One of these sequences shall be an optimum code possibly.
However, the optimum sequence is just only one, so, the further examination is necessary
for sifting.
Second, we use the condition of C2=-1 to make the second examination table, i.e.
Table 3. Here,
C2=a1a3+a2a4+a3a5+a4a6+a5a7+a6a8+a7a9+a8a10+a9a11
=-1

(13)

From Table 3, we can see that the sequence S4 is the only one that satisfies not only the
condition of C1=0 but also C2=-1.
If the examinations are made, it can prove that the sequence S4 satisfies both C3=0 and
C4=-1. Up to now, it can be completely determined that S4 is the only one being the best
code pattern with the code-length n=11 and just one Barker-sequence with n=11.
So, to use above logical tree and logical table, we can search out only one optimum code
with the code-length with which there is a classic PN sequence (or a best PN sequence)
and several sub-optimum codes with the code-length with which there is no classic PN
sequence. Therefore, these facts have confirmed that the “sub-peak logical method” is
successful and it is useful and /or usable in the engineering science.
By the way, the computation for the above mentioned sifting can be further simplified, if
attention is paid to the additional condition that the numbers of elements for ai=1 and
ai=-1 would be equivalent to each other or their difference is only one, in the best PN
sequences.Such additional condition can be used to exclude the unworthy sequences.

For example, in Table 1, S1,S2 and S7S8 are all the bad sequences which may be
excluded. So, we need only to examine S3 and S4, therefore, the calculations for Table 2
and Table 3 can be half about.
When the limit of sub-peak altitude of autocorrelation is relaxed, for example, let Ci m or
-m1 Ci m2, (where, m,m1 and m2 are the natural numbers, which are equal to or less than
n/2 ), the “sub-peak logic method” also has superiority in comparison with the exhaustion
technique.
EFFECTIVENESS
1. In theory
For the two-value sequence, on the spacial code-length set with the classic sequences
(For example, the B, m, L-sequence, etc.) exist, the optimum codes searched out by the
sub-peak logical method are just the patterns which correspond to those classic
sequences.
In other code-length set, by this sub-peak logic method, we may use the floating of limit
of the sub-paek, up and down, step by step, to search the possible optimum PN
sequences, if it exists. So, in point of methodology, this method may make a point or
would make good.
2. In Engineering
We can change the limit of sub-peak by the above mentioned method to make an
optimum compromise proposal between the following parameters (A). The errortolerance E (i.e. error allowed) in the synchronization code and the threshold voltage UL
of the synchronization recognizer. (B). The sum of the sub-peaks of agreement vector
and the applicability of the code pattern.
(C). The loss recognization probability and the false recognization probability.
3. In Comparison With The Exhaustion Technique
(A). The computation time is reduced. For searching out an optimum sequence with the
code-length n, the exhaustion method requires (2n-1) times lengthy search-programmes in
the computer even if the revised project is used including criterions as follows: (1). To cut
out such sequences, when their autocorrelation are equivalent. (2). To cut out such
sequences as the code-weight G (i.e. the numbers of elment “1") beyond following range:

(14)

(3). To cut out such sequences that the sum of the altitude of the sub-peak for the
agreement vector beyond the range as:
(15)
The computation time of the exhaustion technique however is still very long, because the
lose and false synch. probability formules are very complex and very lengthy. But, when
we use the “logic-sieving method”, it is only necessary to do (2*2(n/2+1)) (when n is even)
or (2*2(n+1)/2) (when n is odd) times simple logical-determination, therefore, the
computation time would be reduced at large.
(B). The searching effect in equivalent generally. For example, nine sequences are
compared in Ref. 5, where the code-length n is 16. The S1, by the exhaustion technique
(see Ref. 1). The S8 and S9. by the “logical sieving method”. When the errors tolerance
E=1, and the error-bit probability Pi=0.1, the error-synchronization probability of three
sequences are almost on a pair.
But, the pattern of S1 is “EB90”, and the S8 is “ECAO”, it just is only an m-sequence
(with n=15) plus one bit tail “0”, i.e.
, the S9 is “F650”, it is
. S8 and S9
can be easily generated in the hardware.
CONCLUSIONS
In comparison with exhaustion technique, the “sub-peak logical method” or “logicalsieving method” can reduce the computation time for searching out a optimum
synch.code pattern. So, it is useful in certain conditions. In terms of methodology, it is an
interesting method and maybe have somewhat theoretical sense. So, we want to develop it
continuously.
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ABSTRACT
This paper presents an architectural overview of the Air Force Satellite Control Facility
(AFSCF) with emphasis on the on-going development effort of the AF Satellite Control
Network (AFSCN). The AFSCF originated twenty-seven years ago, and has evolved into
a global satellite service network. This worldwide network is composed of twelve RTSs,
located at seven geographically dispersed locations, and a Satellite Test Center (STC) at
Sunnyvale, California. The AFSCF provides real-time telemetry, tracking, and
commanding (TT&C) service to Department of Defense (DoD) spacecraft and launch
vehicles.
To cope with the projected operational workload and to reduce life cycle costs, the
AFSCF began a major effort several years ago to modernize the Network. The two
programs, (Data Systems Modernization and Automated Remote Tracking Station) in this
effort will bring about major changes in the Network’s current configuration and
operations concept. Another program, the development of the Consolidated Space
Operations Center (CSOC), also introduces major changes to the network architecture.
Additionally the formation of the USAF Space Command has profound impacts on the
AFSCN and its development effort.
With these changes, brought about in response to changing DoD space support
requirements, the AFSCF network has grown through expansion and modernization of its
tracking, data processing, and communication capabilities. This paper discusses the past,
the present, and the impending changes to the AFSCN as it continues to evolve in support
of the DoD space programs.
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Sunnyvale, California

ABSTRACT
A telemetry processing capability is being developed for the Air Force Satellite Control
Network which will process telemetry data from Air Force satellites of various families in
several Mission Control Complexes using identical hardware and software. A Telemetry
Higher Order Language is the key element in allowing this commonality.
INTRODUCTION
The U. S. Air Force Systems Command (at the Air Force Satellite Control Facility) is
currently modernizing the Command and Control Segment (CCS) of the Air Force
Satellite Control Network (AFSCN), under the Data Systems Modernization (DSM)
contract. Figure 1 shows the elements of the AFSCN and the CCS. The existing CCS
had evolved over the past 25 years without the benefit of an integrated architecture. This
was a primary goal of the DSM procurement, which was awarded in 1980. Prior to the
DSM era, as each new program came to the Satellite Control Facility for support, the
programs SPO, or the AFSCF and its contractors were required to develop the software
to process and display telemetry data. As the number of programs increased, there was an
increasing amount of program specific telemetry software (referred to as MODES) to be
maintained and upgraded. This became a significant element of cost. It was a constraint
upon any proposed designs for the DSM procurement that a single software package be
developed, which would support telemetry processing and display for all MCCs and
programs at the SCF. This was the driving design constraint upon DSM telemetry.
Since 1980, the contractor team has been engaged in the development, installation,
documentation, and integration of the hardware, software, documentation and other
products comprising the modernized CCS. The major differences between the current
data system and the DSM CCS are shown in Figure 2.

The structure of the Air Force operations at the STC and SOC are shown in Figure 3.
Each AF Vehicle Operations office (VO) equates to an individual Mission Control Center
(MCC)/ A VO, with an MCC may have responsibility for one or more satellite families.
(All data shown is for purposes of illustration only, and is not to be construed as
representing actual VO, MCC and program assignments within the AFSCN).
The CCS supports all the activities required for satellite command and control;
processing telemetry, supporting commanding, processing tracking data and orbit
calculation, and the issuance of directives to configure and control ground system
elements. This paper addresses only the support provided by the DSM system to the
function of processing, display and routing of telemetry data.
REQUIREMENTS
A fundamental requirement upon the DSM based CCS was that the system which was
installed in each MCC within the AFSCN be as nearly identical as possible. Figure 4
illustrates the approach taken to this requirement. A similar kernel of HW is installed in
each MCC. For reasons of economy, these are not necessarily identical, as the capacity
requirements of MCCs vary considerably. To the software, however, the commercial and
the specially developed hardware appear identical from room to room. The software
kernel which is installed in each room is precisely identical for each of the MCCs. VO to
VO satellite unique requirements, usually orbit related, are accommodated through satellite
family unique software modules called Mission Unique Software.
For telemetry processing, the software is identical across all AFSCN MCCs, be they in
the Satellite Test Center at Sunnyvale, California, or at the Satellite Operations Center
(SOC) at Colorado Springs.
All vehicle supported by the AFSCN must be SGLs compatible. Within this constraint,
the CCS telemetry system will support all users.
The CCS telemetry system is data base driven. This means that the user is given baseline
capabilities, and must define to the system, through the data base, the mission, satellite
and pass/contact specific parameters of his need. It is through the construction of this
data base that the user tailors the CCS to his particular needs. The remainder of this paper
explains how the system allows the user to define his unique requirements for telemetry
processing.
Figure 5 presents, in block diagram, the sequence of logical processing steps which must
occur for the processing of any telemetry.

As shown in Figure 5, the overall process operates under the control of the Telemetry
module, CPCI 203, TLMPE. This software module is installed in each MCC in an
identical form and configuration. The processing for individual vehicles is customized by
the user via the CCS data base. The elements of this data base are shown, and the
functions performed by each.
All elements of the CCS telemetry data base are written in Telemetry Higher Order
Language (THOL), an English-like language which allows the telemetry analyst to define
his desired pre-processing and processing functions to the system without having to be a
programmer. The Preprocessor Load (PPL), the Telemetry Data Processors (TDPs) and
Processed Data Distributors (PDDs) are written in THOL; an example of a TDP written in
THOL is shown:
STARTUP EXAMPLE;
SELECT A;
SELECT B;
SELECT Y
SELECT P:PSEUDO;
CAL (A,B,y);
A.C = M(A,R) + K
B.C = M(B.R) + K
Y.C = M(Y.R) = K

]
]
]
]
]

(IN MEASURAND CATALOG)

P = A*(B = Y);
ENDTDP
(This example is intended only to illustrate syntax, not the range of features within
THOL.)

DATA FLOW
As raw TM data enters the MCC, it will enter a Telemetry Contact Support Equipment
Group (T-CSEG), which has been loaded with a PPL. Two important elements of the
PPL are the wavetrain catalog, (which defines the minor frame synch pattern for frame
synchronization, and also defines the position of each measurand in the wavetrain, for the
decommutation function), and the compression file, which contains the compression
parameters. Following decommutation and compression, the measurands are passed to
the TDP, resident in the CPU.
The TDP performs the calibration specified by the user, and any other special processing
desired (i.e., derived parameter processing).
The output of the TDP is input to the PDD. The PDD routes the processed measurands
and values from the TDP to other software, for transmission for display, for transmission
to external users and sources, and other purposes. A PDD routing this data to the display
software would make it available to personnel at Commanding positions, for functional
verification of commands, as an example.
SUMMARY
The CCS Telemetry software provides the AF operators and users with the capability to
support many programs and types of satellites, in multiple Fission Control Centers, with
the same package of software. Software O&M costs will be reduced, cross training
facilitated, and the support of new programs coming onto the AFSCN will be eased.
(See Figure 6).

Fig. 2 Pre-DSM and DSM CCS
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COMMUNICATIONS ARCHITECTURE
FOR THE
AIR FORCE SATELLITE CONTROL NETWORK
(AFSCN)
GERALD T. FINN
SATELLITE CONTROL DIRECTORATE
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ABSTRACT
The Air Force Satellite Control Network (AFSCN) provides real-time telemetry, tracking
and command (TT&C) services for the Department of Defense (DoD) space systems. It
consists of a worldwide network of Remote Tracking Stations (RTSs), the Air Force
Satellite Test Center (STC), at Sunnyvale, California, and the soon to be completed
Consolidated Space Operations Center (CSOC), located near Colorado Springs,
Colorado.
The object of this paper is to present an overview of the wideband communications
systems which provide connectivity between these elements, and the planned evolution of
the communications architecture required to support future growth.
INTRODUCTION
The Air Force Satellite Control Facility (AFSCF) has provided command and control for
DoD space systems for over 25 years. The AFSCF consists of 12 Remote Tracking
Stations (RTSs), located at seven geographically dispersed locations, and the STC,
located in Sunnyvale, California (see Figure 1). Command originating in Mission Control
Centers (MCCs) at the STC are relayed to the RTSs for transmission to space vehicles.
Telemetry and tracking data received by the RTSs from the space vehicle are relayed
back to the MCCs for processing (see Figure 2).
In the early days of the AFSCF, the communications between the STC and the RTSs
were limited to low speed, 1200 BPS, data lines. In the late 1970s, the AFSCF installed a
wideband communications system known as the Defense Communications System/
Satellite Control Facility Interface System (DSIS), to provide a means of relaying high

speed satellite telemetry data (up to 1.024 MBPS), multiplexed with voice and other data
streams at aggregate rates of up to 1.536 MBPS, from each RTS (see Figure 3). This
system, with minor improvements, continues to serve as the backbone of the AFSCF
communications network.
The creation of the AFSCN with the addition of CSOC, the Data Systems Modernization
(DSM) program, the installation of the new Automated Remote Tracking Stations
(ARTS), and higher satellite telemetry data rates (greater than 1.024 MBPS) led to
requirements for upgrades of the communications network.
BACKGROUND
Over the years since the installation of the first DSIS system, the capacity of the current
communications system has been pushed to its limits, resulting in the use of “bandaids”
to provide the necessary operational support. In particular, the limited number of channels
and the bit rate limitations of the current system have resulted in the need for additional
sub- and super- multiplexers on individual links. An example is provided in Figure 4.
The modernization of the AFSCN has been planned to increase the capacity of the
network in order to support a greater number of vehicles, and the higher data rates
planned for these satellites. Both DSM and ARTS have been designed to support up to
five telemetry streams for each vehicle with individual data rates up to 5 MBPS. These
systems are also designed to permit rapid reconfiguration so that the setup time between
supports can be reduced, thus increasing the overall system efficiency.
The CSOC has been designed, in part, to provide a second control node in the network
with full, independent, connectivity to all current and future RTSs, further enhancing the
AFSCN’s capacity and survivability.
In order to effectively use the enhanced capabilities of these systems, an upgrade of the
communications segment of the network was undertaken as part of the CSOC
Communications Segment. Figure 5 depicts the planned wideband communications
system after CSOC becomes operational.
REQUIREMENTS
The specifications for the AFSCN wideband communications system were developed to
overcome currently identified system limitations, to meet known system needs in the nearterm, and to provide growth capacity to ensure continued support through the 1990s. The
key areas of the specification to be discussed in this paper are Dual Node Commanding
and the Multiplex/Demultiplex Functional Requirement.

Dual Node Commanding
A key requirement for the AFSCN Wideband Communications Upgrade is to insure that
both the STC and CSOC have full, independent access to all of the RTSs and that either
control node is capable of operating with any of the RTSs. The AFSCN Operations
Concept also calls for a capability for either control node to operate in a hot-backup
capacity for the other control node during certain critical operations.
These requirements dictate that the final communications architecture provide full period
connectivity for both control nodes to all RTSs simultaneously.
In order to conserve communication satellite bandwidth, a single high rate return link from
each RTS will broadcast simultaneously to both STC and CSOC. This link will contain
the necessary control, status, and secure voice signals, for both control nodes, in addition
to the mission vehicle telemetry data.
Figure 6 shows the configuration of the current DSIS communication system between a
typical RTS and the STC. Figure 7 shows a likely configuration for the new AFSCN
wideband system. Note that the new system will require new Inter-Connect Facilities
(ICFs) and modems at the STC and the RTSs, as well as at CSOC, to enable both STC
and CSOC to properly receive the broadcast links from the RTSs.
One of the more significant management and planning challenges to be faced is the
installation and checkout of this new system without impact to on-going operations, which
use the existing DSIS system, at the STC.
Multiplex/Demultiplex
The central component of the wideband communications system is the multiplexer/
demultiplexer (MUX/DMUX). Some of the specified capabilities for the MUX/DMUX are
enumerated below.
a. A minimum of twelve channels - this requirement represents a significant increase
over the existing DSIS capacity of seven channels (RTS to STC) and five channels
(STC to RTS), and should minimize the need for additional sub-multiplexing.
b. Channel data rate capacity from 250 BPS to 5.0 MBPS - this is consistent with the
capabilities of the DSM and ARTS programs and will handle the foreseen increases
in space vehicle telemetry data rates.

c. Aggregate data rate capability of 35 KBPS to 10 MBPS for a single side and up to
20 MBPS for dual sided RTSs - this capability is designed to insure that the
MUX/DMUX can serve its function well into the 1990s. The near-term (1987 1990) established requirements call for approximately 3.0 MBPS for a single RTS
and 6.0 MBPS for a dual sided RTS.
d. The telemetry channels must be capable of accommodating the following input
perturbations:
Long Term Drift
Flutter

Transient

+/- 2%
+/- 1% (one sigma 0.5 Hz - 200 Hz)
+/- 0.25% (one sigma 200 Hz - 1 Khz)
+/- 0.5% (one sigma 1 KHz - 10 KHz)
+/- 3% for 1 msec

These specifications are required to permit the wideband system to support
telemetry from space vehicle tape recorder playback.
e. Telemetry Channel to Time Channel correlation:
+/- 0.5 msec
Time correlation of the telemetry data stream is required to permit calibration of the
space vehicle’s on-board clock.
TRANSITION
Backhaul
Program redirection and delays in the development of the wideband communications
system have led to the need to install an interim communications capability. This
capability is needed to support the installation and checkout of the DSM system at CSOC
and the CSOC Initial Operational Capability (IOC). The interim system uses the existing
STC to RTS DSIS links and a new communications relay between the STC and CSOC
to provide connectivity between CSOC and the RTSs. The “backhaul” system is
expected to be installed and operational by September 1986. The system, shown in
Figure 8, will provide for the testing, training, and early operations of the CSOC, and
permit adequate time for the development of the final wideband communications system.

THE FUTURE
The trends in satellite telemetry, RTS command, control, status and voice
communications requirements all indicate that higher data rates will be required in the
1990s. The bandwidth limitations of the DSCS satellites and ground equipment dictate
that more efficient methods of using these resources be developed. The Defense
Communications Agency (DCA) is currently developing a common user Time Division
Multiple Access (TDMA) system which is intended for deployment in the 1990 time frame
to meet this need. Previous studies have shown that, because of the time varying telemetry
support requirements of the AFSCN, significant bandwidth savings on the
communications satellites can be obtained through the use of demand assigned TDMA.
The AFSCF and CSOC development organizations are coordinating the AFSCN
wideband communications upgrade program with DCA to ensure a compatibility between
these two efforts.

FIGURE 1. THE AIR FORCE SATELLITE CONTROL FACILITY
WIDEBAND COMMUNICATIONS

FIGURE 2. AFSCF TELEMETRY AND COMMANDING

Figure 3. DSIS System
RTS Single Side Station

Figure 4. IOS Current Configuration

Figure 5. AIR-FORCE SATELLITE CONTROL NETWORK
WIDEBAND COMMUNICATIONS

FIGURE 8. INTERIM CSOC WIDEBAND COMMUNICATIONS
(“BACKHAUL”)

U. S. Air Force Satellite Control Network Evolution
Col. Donald Walker
Commander, Air Force Satellite Control Network

ABSTRACT
This paper traces the evolution of the Air Force Satellite Control Network (AFSCN) from
its inception twenty-seven years ago to the present, and provides a view of its continuing
evolution in the future. This evolution has come about in response to expanding
requirements on satellite control, reflecting the nation’s increasing reliance on Department
of Defense (DoD) Space Systems.
Network improvements planned years ago are becoming realities: the Consolidated Space
Operations Center is beginning operations; the Data System Modernization program,
bringing modern data processing equipment and software to the network, is undergoing
operational testing; and the modernization of the remote tracking stations through the
Automated Remote Tracking Station development is proceeding on schedule.
The recently completed Satellite Control Architecture Study initiated by the Air Staff
provides a roadmap for meeting anticipated future requirements for the next thirty years.
Cornerstones of this study are the introduction of EHF and SHF communications for
space control functions, and satellite crosslink communications; the planning for these has
been merged in the Enhanced Telemetry, Tracking and Commanding (ETT&C) system
concept. This and other evolutionary developments have the objectives of providing
reliable, secure communications and control, with reduced reliance on overseas assets,
while developing new operational capabilities. Through these efforts, the AFSCN will
provide assured control of DoD space systems commensurate with the Air Force policy
of assured access to space.

AIRBORNE TELEMETRY AND THE
ADVANCED MEDIUM RANGE AIR-TO-AIR MISSILE
Mark S. Plecity, 1Lt, USAF
ARIA Programs Division
Directorate of Flight Test Engineering
4950th Test Wing
Wright-Patterson Air Force Base, Ohio

ABSTRACT
The Advanced Range Instrumentation Aircraft (ARIA) is an airborne platform to receive,
record, process and retransmit telemetry data. This paper presents a summary of ARIA’s
capabilities with emphasis on airborne testing of the Advanced Medium Range Air to Air
Missile (AMRAAM) program. The unique test scenarios, as well as current and future
telemetry requirements of the AMRAAM test program are discussed.
BACKGROUND
The Advanced Range Instrumentation Aircraft (ARIA) are modified EC-135 and EC-18B
aircraft. These aircraft provide airborne worldwide telemetry coverage for Department of
Defense (DOD) and National Aeronautical and Space Administration (NASA) space and
missile launches. The aircraft were first developed in 1968 to support the Apollo program.
A fleet of seven ARIA are now operated and maintained by the 4950th Test Wing at
Wright-Patterson Air Force Base Ohio.
The ARIA have had extensive external and internal modifications made to a standard
C-135 airframe. The most apparent of these modifications is the addition of a large
bulbous nose which houses an eighty-three inch steerable parabolic dish antenna. Internal
modifications include the addition of instrumentation subsystems known as Prime Mission
Electronic Equipment (PMEE). See Figure 1. The PMEE is made up of five general
systems. These include a Data Separation Console (DSC), receiver (RF), antenna
console, HF voice communication (HF), and record-timing section. Recently upgraded
systems include receivers, recorders, and the antenna system.

ARIA MISSION
The primary function of ARIA is to receive, record, and process telemetry data. The
capabilities of ARIA also include on-board data processing, observation and verbal
reports of critical events known as mark events. A further capacity of ARIA is the
capability to relay data via UHF satellite or L-band links air-to-ground. An on-board
computer can be used to resolve data and print out multiple events. A program called
Data Separation and Storage Buffer (DSSB) is available to reformat high bit rate digital
data into low bit rate data.
ARIA missions are divided into four general categories: reentry, orbital, cruise missile,
and AMRAAM. Reentry tests are usually requested by the Air Force, Army, or Navy and
normally require receive and record coverage only. Orbital missions for DOD and NASA
launches frequently require real time transmission of data, via satellite, voice reports of
mark events via HF radio, and recording of the data. Cruise missile missions include
support of Air Launched Cruise Missile and Ground Launch Cruise Missile
(ALCM/GLCM) testing. These missions task ARIA with three extra functions: 1) realtime
retransmission of missile data using L-band telemetry links, 2) voice relay via UHF for all
support aircraft, including ARIA, involved in the test scenario, and 3) control of the
missile using an on-board Remote Command and Control/Flight Termination System
(RCC/FTS).
AMRAAM MISSIONS
ARIA has been tasked with telemetry support of low altitude AMRAAM launches The
specific requirements of ARIA support for these tests includes receiving and recording
S-band telemetry links from the missile and relaying this data realtime via L-bands.
Providing backup RCC/FTS for the missile, receiving and recording S-band telemetry
links from the missiles’ target drones are secondary functions that ARIA is to perform.
Presently three ARIA can be configured with a required L-band pallet to support these
tests. Each pallet consists of three L-band transmitters and a multiplexer to combine the
three outputs to a common antenna. These transmitters have a passband bandwidth of 5
MHz to handle the 2.2 MHz data rate. Other modifications that have been performed and
are required for AMRAAM support include the new ARIA AN/AKR-4 receivers to
handle increased data bandwidth and data rates, the RCC/FTS equipment and the L-band
antennas. The new receivers will handle up to a 20 MHz bandwidth. The 1.8 MBPS data
from the AMRAAM tests has been no problem for the receivers.

AMRAAM TEST SCENARIOS
The test is designed to study the AMRAAM in an air-to-air environment. The scenario
includes the launching of one to four missiles, from an F-14, F-15, F-16, or an F-18,
against two to four drones in an air-to-air theatre. The drones contain an on-board
computer to score missile accuracy. The scoring information is received by ARIA and
then evaluated by the AMRAAM testing office. ARIA is to relay the S-band data from the
missile to the ground via L-bands. The AMRAAM tests are normally completed in less
than five minutes. Missile launch will not occur without first achieving a good solid
decommutator lock on the ground. This makes problems such as shielding of the missile
antenna by the launching aircraft mission critical.
AMRAAM test scenarios have presented new challenges to ARIA. These include tracking
a rapidly moving vehicle and acquiring a second S-band link which is moving in a
perpendicular direction away from the ARIA. This problem also contained other
variables such as optimal positioning based on the missile antenna pattern and remaining
clear of the hazard area. This problem was solved by placing ARIA perpendicular to the
missiles’ intended path on the side closest to the L-band receivers. ARIA was then
moved two thirds of t h e way down the flight path of the missile and skewed slighty
towards the drones. These moves minimized antenna slew rates, put ARIA in the optimal
position to receive the S-band links from both the missile and the drone, and took into
consideration L-band link margin analysis factors.
Another problem that has to be solved is the potential shielding of the missile antenna by
the launch aircraft. The missile is to be attached to the underbelly of the launch aircraft
which may not allow ARIA to support from its intended 28,000 foot altitude. ARIA may
have to support from an altitude of 5000-7000 feet. There is currently a test scheduled for
August 1986 that will test these possible problems and their solutions. Supporting at a low
altitude will cause ARIA to shorten the amount of loiter time that is available. The loiter
time in these tests could be constrained by equipment cooling. The PMEE equipment
needs to be kept below 29 C and operating in a warm climate at low altitudes gives ARIA
a maximum of approximately 30 minutes loiter time.
AMRAAM testing may require the installation of a relay platform on the ARIA to relay
drone commands from the ground. This platform would eliminate the need for other relay
aircraft and is another example of how ARIA adapts to meet specific test requirements.

CONCLUSION
The ARIA continually faces new telemetry and engineering challenges. These challenges
have been met by innovative techniques as well as constant upgrades in the equipment.
The AMRAAM test scenario is an example of how ARIA adapts to unique requirements
to provide telemetry coverage for space missile, and Space Shuttle testing. ARIA’s
adaptation for AMRAAM testing will provide increased flexibility for new tests in the
future.
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FIGURE 1 - ARIA PMEE SUBSYSTEMS

AN AIRBORNE TELEMETRY RELAY SYSTEM
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ABSTRACT
The Airborne Platform Telemetry Relay System (AP/TM) is currently being built for the
Gulf Range Instrumentation System. The AP/TM will allow air-to-air missile test and
training missions to be conducted beyond the line-of-sight of land-based instrumentation.
The AP/TM is comprised of the following subsystems:
C
C
C
C

a Telemetry Data Relay
a Sea Surveillance Radar and Radar Data Link
a Drone Control Relay
a UHF Radio Relay

The Telemetry Data Relay Subsystem will receive telemetry signals from five independent
sources and will retransmit them to land based receiving sites. This subsystem contains a
75 square foot, electronically steerable, five beam phased array antenna and uses
polarization diversity to eliminate polarization mismatch loss and to improve reception in
the presence of multipath propagation.
The AP/TM will also have the capability of relaying four channels of voice
communications and drone tracking data and to perform sea surveillance of the mission
area. The coordinates of targets detected by the radar will be relayed to the range control
center over a high frequency (HF) data link.
In addition to the airborne equipment, the system also includes a ground support
instrumentation van which is used for pre- and post-flight checkout and maintenance.

C

This project is conducted under contract F08635-84-C-0253 awarded to LTV Aerospace and
Defense Company, Sierra Research Division by USAF’s Armament Division, Eglin AFB, Florida.

Key words: Airborne platform, telemetry relay, airborne phased array antenna.
INTRODUCTION
The AP/TM was developed in response to a demand for an airborne platform that could
support air-to-air missile firing missions conducted over extended water range areas. The
total system consists of two airborne platforms and the ground support instrumentation
van. The AP/TM can perform the following functions:
1. Relay TM data from missiles to land based receiving sites (see Figure 1).
2. Conduct radar sea surveillance of planned mission areas and automatically transmit the
location and movement of boats to surface instrumentation sites and/or Gulf Range
Central Control Sites (see Figure 2).
3. Relay Gulf Range Drone Control Upgrade System (GRDCUS) data/commands, and
serve as a ranging station in the GRDCUS airborne tracking station network, which is
used to derive time, space, position information (TPSI) on mission participants.
4. Relay UHF voice transmissions.
The equipment that is needed to satisfy the mission requirements can be divided into four
major subsystems:
C
C
C
C

The Telemetry Relay Subsystem.
The Sea Surveillance Radar and Radar Data Link Subsystem.
The Drone Control Relay and Tracking Subsystem (DCRTS).
The UHF Voice Communications Relay Subsystem.

Most of the equipment in the AP/TM reflects the current state of the art and was selected
or designed with reliability and maintainability in mind.
The operation of the system is, to a large extent, automatic and requires little or no
operator input in flight. The operating frequencies of the receivers and transmitters are set
during the pre-flight checkout. Automatic test equipment is installed in a ground support
van which backs up to the cargo door of the aircraft for testing (see Figure 3). This
approach allows both airborne platforms to share expensive test equipment and, at the
same time, reduces the weight of the aircraft.

THE TM RELAY
The TM relay receives two data streams from each of five independent sources and
retransmits the ten signals to land based receiving sites. The performance characteristics
of the TM Relay Subsystem are given in Table I, and a block diagram is given in Figure 4.
The S-band receiving antenna is one of the largest electronically steerable phased array
antennas to be mounted on an aircraft. The antenna was designed and built by the Georgia
Technology Research Institute of Atlanta, Georgia. The main system features of the
antenna are listed in Table II. It should be noted that the antenna supports dual orthogonal
polarization. This makes polarization diversity reception possible. The benefits of
polarization diversity reception are twofold. First, the system can receive linearly polarized
signals of any orientation without suffering a 3 dB polarization mismatch loss as does a
circularly polarized receiving antenna. Second, polarization diversity reception greatly
improves the quality of reception in the presence of multipath distortions. This issue is the
subject of another paper which is being presented at this conference [1].
A drawing of the antenna is given in Figure 5 and a diagram of the antenna’s RF network
is given in Figure 6. A detailed description of the phased array modules may be found in
the literature [2].
The Sea Surveillance Radar and Data Link
The AN/APS 128 PC (pulse compression) radar was selected for the sea surveillance
mission. The main characteristics of the radar are given in Table III. Preliminary tests
indicate that the radar can detect a one square meter target in sea state 3 at a distance of
22 nm.
The detected targets are tagged by the operator by placing a cursor over them. The
coordinates of the targets are then transformed by the radar’s computer into a distance
and bearing from the Range Control Facility (RCF). These coordinates together with data
on the position heading and speed of the aircraft are transmitted to the RCF over an HF
data link.
A single sideband voice quality channel in the frequency range from 3 MHz to 6 MHz is
proposed for the data link. This guarantees communication with a low-flying aircraft over
water within the required 200 nm range. The channel will have the capacity to handle the
quantity of data to be transmitted.
The selected modem operates at a data rate of 110 bits per second and uses five-fold in
band tone diversity and time diversity to minimize errors due to noise bursts, interference

and fading. Additional data relay reliability and data quality is achieved by repeating the
signal. The data is transmitted in common Digitizer-2 format [3] and the received signal
can be fed directly from the demodulator to the RCF’s computer.
The Drone Control Relay and Tracking Subsystem
The DCRTS uplinks drone control commands and drone/missile flight termination
commands, and downlinks drone/missile flight termination system status data. The
subsystem also calculates and/or downlinks TPSI and scoring data. The DCRTS
operates, in the GRDCUS network.
The operating frequency of the network is 915 MHz and the system uses time division
multiplexing to accommodate multiple users in the Gulf Range. The equipment is being
supplied to the systems integrator by the Air Force as government furnished property.
The Voice Communications Relay
The UHF Voice Communications Relay Subsystem provides an uplink and downlink
relay capability for up to four UHF channels. A block diagram of the subsystem is given
in Figure 7.
The subsystem is composed of four pairs of RT-1146B radios which are coupled to two
antennas through two autotune UHF multicouplers. Each pair of radios is wired for
automatic two-way simplex operation. The 30 W transmitters provide a coverage of 200
nm with a 20 dB signal-to-noise ratio.
The operation of the relay is totally transparent to the users who use the simplex
communication protocol but must operate on two different frequencies.
The Ground Support Van
The Ground Support Van contains all the equipment that is necessary to conduct pre- and
post-flight checkout and maintenance of the system. A list of the main equipment items is
given in Table IV. The test equipment operates under computer control and all tests are
automated. This is particularly desirable in the case of the phased array antenna, where the
testing must cover 144 phased array modules with two low noise amplifiers and ten fourbit phase shifters in each module.
The computer also maintains a log of the test results, alerts the operator when the results
are out of spec, and prints out test reports on request.

The Aircraft
A modified deHavilland Dash 8 aircraft was selected for the AP/TM because it is large
enough to accomodate a 2.5 foot by 30 foot antenna, has adequate payload capacity, and
will handle a 30% growth in space and payload. A most important feature is its high wing
construction, which offers unobstructed “look down” for the antenna.
The aircraft is capable of flying the required six hour low-high-low-high double mission
consisting of two low altitude (500 feet to 5,000 feet) sea surveillance runs and two high
altitude (25,000 feet) telemetry runs.
A detailed description of the Dash 8 may be found in Jane’s publications [4].
TABLE I
PERFORMANCE CHARACTERISTICS OF TM RELAY
MISSILE-TO-AP LINK
Operating Frequency
Sources
Source Transmitter Power
Source Antenna Gain
Missile Antenna Polarization
AP Antenna Coverage In Azimuth
AP Antenna Coverage in Elevation
Signal Bandwidth
Fade Margin
S/N Ratio
AP Antenna G/T

2200 MHz to 2400 MHz
(S-band)
Up to 5 simultaneous dual
emitters spatially separated
2 Watts
-10 dBi
Linear (Horizontal, Ref.
Roll Axis)
-60E to +60E
10E
3 MHz
10 dB
13 dB
5.1 dB/K (at +/-60E Scan
Angle)

AP-TO-GROUND LINK
Operating Frequency
Number of Channels
Effective Radiated Power
Transmitter Power
AP Antennas

1435 MHz to 1535 MHz (L-Band)
10
42 dBm per Channel
46 dBm
2 stub Antennas with
5 Multiplexed Channels
per Antenna

TABLE II
AIRBORNE PHASED ARRAY TM ANTENNA SYSTEM FEATURES
Operating Frequency
Number of Channels
Polarization
Scan
G/T (Gain-to-Noise
Temperature Ratio)
Dimensions
Weight

2.2 to 2.4 GHz
5
Instantaneous Dual Orthogonal
Single Dimension Azimuth,
+60E to -60E
9.1 dB/K (Boresight)
5.1 dB/K (60E)
30 feet long, 2.5 feet high
2,688 pounds
TABLE III

CHARACTERISTICS OF AN/APS 128 PC RADAR
TRANSMITTER
Output Device
Peak Power
Frequency

Equivalent Pulse Width
PRF
RECEIVER

PC Technique
Processing

Traveling Wave Tube
10 KW Nominal, 500 KW
Equivalent
9.235 GHz to 9.519 GHz
Selectable in 16 Steps, 100 MHz
Pulse-to-Pulse Frequency
Agility
100 ns
2,000, 1,500, 800, 400 Hz
Pulse Compression with 3.5 dB
Noise Figure
Linear FM with SAW Dispersive
and Compression Delay Lines
CFAR Clutter Rejection, STC,
Sweep Integration, Scan-to-Scan
Integration

ANTENNA
Type
Size
Gain
Azimuth Beamwidth
Elevation Beamwidth

Flat Plate Slotted Array
60" x 11"
34 dB min.
1.7E
8.0E

TABLE IV
MAJOR TEST EQUIPMENT IN GROUND SUPPORT VAN
Network Analyzer (S-Band)
Telemetry Link Analyzer
Bit synchronizer
Power Meter (L-Band)
Frequency Counter
Bus System Analyzer
Computer
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TEST AND EVALUATION RESULTS FOR THE AIRBORNE
INSTRUMENTATION STATION TELEMETRY SYSTEM
Ron Peterson
Pacific Missile Test Center
Code 3142
Pt. Mugu, California 93042-5000

An airborne multibeam telemetry system has been acquired and accepted by the Pacific
Missile Test Center. Major system capabilities are to receive, record, and retransmit
telemetry data from five tracked objects in widely dispersed directions within the twodimensional planer array field of view. A system description, performance characteristics,
test methods, and test results will be presented.

UC-880 TELEMETRY RELAY AIRBORNE
COMMAND SYSTEM
William D. Anderson
Range Directorate
Naval Air Test Center
Patuxent River, Md. 20670

ABSTRACT
The Naval Air Test Center, Range Directorate, has developed a Telemetry Relay Airborne
Command System (TRACS) utilizing a Convair UC-880 aircraft. In its present
configuration, the UC-880 can receive, record, and display telemetry data in real time;
reshape and retransmit the telemetry data; act as a command center for TOMAHAWK
cruise missile operations; provide radar range surveillance; remotely control instruments,
cameras, emitters, and electronic countermeasures equipment on target hulks; provide
inflight refueling of aircraft; process and display on CRT’s the maps of the area of
operations and the missile profiles and tracks on the maps; and provide over-the-horizon
target displays using a satellite communication system. This paper will present the
development of the UC-880 TRACTS and the results of operations that utilized this
system. The system characteristics, design constraints, and future plans will be discussed.
INTRODUCTION
The Naval Air Test Center developed the UC-880 into the Telemetry Relay Airborne
Command System (TRACS) to extend the tracking, telemetry, mission control, and target
control capabilities beyond the line-of-sight of fixed, ground based instrumentation. The
Sea Launched Cruise Missile (SLCM) is fired from both surface and underwater
platforms for operational testing and training missions. The TOMAHAWK Land-Attack
Missile (TLAM) and TOMAHAWK Anti-Ship Missile (TASM) operate at low altitudes,
well below the line-of-sight of fixed ground based instrumentation. The UC-880, because
of its size, also offered the advantage of acting as a complete telemetry data center for
remote operations away from ground data centers.
The Naval Air Test Center acquired the Convair UC-880 aircraft from the Federal
Aviation Administration in February 1981. The aircraft has a modified KA-3 aerial
refueling system installed and was primarily used for inflight refueling of the F-18 aircraft
from 1981 through 1983. The aircraft has a speed of 0.88 mach, the capacity to carry

70,000 lbs of fuel, a duration of six hours, and has an overall length of 130 feet. The
Range Directorate installed a Litton AN/APS-141(V)3 radar and the first phase of the
airborne telemetry relay and data display system from December 1983 through April 1984.
This system has been expanded three times in the last two years with the last addition
completed in May 1986. The present capabilities include a telemetry reception and
retransmission system; a real time data processing, display, and recording system; a
cruise missile command control system; a communications system; a target hulk
equipment remote control system; a range surveillance radar system; and a satellite
communications and processing system.
DESIGN OVERVIEW
The Range Directorate performed the total system design, integration, electrical
installation, mechanical installation, and aircraft modifications. From the onset of the
development program, cost and schedule were prime design parameters. Since the
vibration and temperature environment of the main cabin area of the UC-880 is relatively
benign, the Range Directorate decided to use standard laboratory equipment for the
telemetry reception, processing, display, and recording system. This equipment, however,
was inspected, supported, and strengthened where necessary to withstand the expected
environment of the UC-880. For example, the telemetry receiving antenna, ElectroMagnetic Processes, Inc. , Model 902, was extensively modified by replacing much of the
attachment bolts, screws, and some brackets with aircraft qualified components. The
antenna was also given vibration, shock, and temperature tests. This antenna, however,
still had structural brackets that bent causing antenna failure during the second year of
operation. The entire antenna structural and support brackets have now been replaced
with heavier redesigned supports.
The TRACS system was installed in phases between operational missions to minimize
schedule impacts. The equipment is housed in nineteen standard 19" racks mounted on
the left side of the aircraft. The test conductors, equipment operators, and data analysts
sit in eleven chairs that are mounted on slides in front of the equipment racks. Figures 1,
2, and 3 show the crew station manning and rack layouts. The radar and auto tracking,
telemetry receiving antenna are located on the center line of the lower fuselage. This
location allows complete 360 degree azimuth coverage. The second telemetry antenna and
primary missile command and control antenna are located in the nose radome at a fixed
-17 degree elevation. This elevation provides maximum telemetry reception and missile
control at the UC-880 normal altitude of 18,000 to 20,000 feet and range of 10 to 15 miles
from the cruise missile. Figure 4 shows the telemetry, command and control, and
communications links.

TELEMETRY RECEPTION AND RETRANSMISSION SYSTEM
The UC-880 telemetry reception system consists of two auto tracking antennas. The first
antenna is located on the lower fuselage of the aircraft. It uses a microprocessor antenna
controller that provides automatic tracking through 360 degrees of azimuth and 85 degrees
of elevation. The antenna is circular polarized, has a beam width of 25 degrees, and has a
gain of 13 dB. The operating range is approximately 20 miles. Antenna azimuth is
displayed in the cockpit to provide tracking information to the pilot. The second antenna
is a nose mounted, gimbaled 36 inch dish. It is linear polarized, both horizontal and
vertical. It can be slaved to the 360 degree auto tracking antenna or manually operated.
This antenna is fixed in elevation to -17 degrees and tracks ± 45 degrees in azimuth. It has
a beam width of 11 degrees, an antenna gain of 23dB, and an operating range of 40 miles.
The received signals are wired to splatters so that signals from each antenna are sent to
two receivers. This is to support vehicles that contain two telemetry systems. The outputs
of each pair of receivers are input to diversity combiners. Outputs from the combiners
reflect the best signal received from the two antennas. The signal outputs from the
combiners are shaped through PCM bit synchronizers and retransmitted using two
20 watt, four channel transmitters. The quarter wavelength, omni directional transmitting
antennas are located on both the top and bottom of the UC-880 fuselage. The transmitting
range is approximately 100 miles.
REAL TIME DATA PROCESSING, DISPLAY, AND RECORDING SYSTEM
The data processing, display, and recording system is depicted in figure 5. The Aydin
Monitor model 335 bit synchronizers are tunable from 10 kilobits to 5 megabits. Two DSI
model 7103 decommutators are used to extract embedded format data. The two Loral DS
100 PCM decommutators merge, process, and extract specific parameters and distribute
them to their respective displays and strip chart assignments. Five strip charts of eight
channels each are available for displaying air vehicle and guidance measurements. Time
correlation is maintained using IRIG B time code generators with the slow code routed to
an edge pen on each recorder. There are a total of six CRT’s to display various types of
data. Two Honeywell model 101 tape recorders with a 2 MHz capacity are used to record
and reproduce the telemetry data.
CRUISE MISSILE COMMAND AND CONTROL SYSTEM
The command and control system consists of a command control panel, tone generator,
20 watt transmitter, and 200 watt power amplifier. The consolidation of missile data
displayed on the UC-880 allows the test conductor to monitor missile health and make
determinations about control or termination of missile flight if required for range safety

reasons. Every function of the vehicle flight can be commanded. The system contains two
antennas which can be manually switched. The first is a fixed, nose mounted yagi. It is
mounted with a -17 degree elevation, has a beam width of 30 degrees, and has a range of
100 miles with the 200 watt power amplifier. The second antenna is a fixed, lower fuselage
mounted omni. It has a range of 20 miles with the 200 watt power amplifier.
COMMUNICATION SYSTEM
The UC-880 is equipped with secure voice capability. The stand alone secure voice
system is installed on the operators deck in equipment rack number two. The secure radio
set cannot be operated by other flight deck personnel. The pilot and copilot are provided
non-secure voice radio communications on ARC-159 UHF, ARC-102 HF, and VHF-618
radio sets. Remotes of the pilot’s ARC-159 UHF radios are mounted in equipment racks
1, 2, and 4. All of the UHF radios can be monitored on the intercommunication system
(ICS). The aircraft ICS system was originally wired to all operator positions for
communications during the mission. The system had excessive hum caused by noise in
the power supply and the extensive wiring addition and modification to route the system
to all operator positions.
To eliminate the communication system hum, the Range Directorate designed and built a
separate communication system to support all the operator positions on the UC-880. This
system is designed so that any station can be treated as either hot mike or push-to-talk.
The hot mike mode is especially useful to the telemetry engineers during system preflight,
checkout, and setup. Each headset has two slide controls for adjusting the volume of the
incoming audio. One ear hears the UHF system and the other ear hears the separate
communication system. The communications between operator positions have been
greatly improved with the separate communication system.
TARGET HULK EQUIPMENT REMOTE CONTROL SYSTEM
The original target hulk equipment remote control system installed on the UC-880 was a
tone system similar to the system used at the Pacific Missile Test Center. The system
operated at the low UHF frequency between 400 MHz and 440 MHz which limited the
range to approximately 30 miles. It was designed to handle up to 20 separate tones, but in
practice could only handle six tones before crosstalk became a problem. This meant that
the various target hulk equipment had to time share the tones for proper control.
The Range Directorate decided to completely redesign the target hulk equipment remote
control system. The system incorporates an up/down digital link control with PCM
format. It operates at VHF frequencies and has the capacity to command up to three
separate targets from ranges up to 100 miles. It contains a command and control panel,

incorporating electronic countermeasures activation and control, simulated emiters
activation and control, hulk instrumentation control, alphanumeric displays, and discrete
status displays; a VHF pulse code modulation down-link command; and a VHF pulse
code modulation up-link receiver and decommutator.
The electronics countermeasures control can operate various systems either individually
or simultaneously with no interaction. The emitter controller can operate power on/off, RF
on/off, and emitter rotation. The camera control can power and run up to ten cameras.
The system can display target hulk pitch, roll, heading, relative humidity, wind speed, and
wind direction.
RANGE SURVEILLANCE RADAR SYSTEM
The range surveillance radar system installed on the UC-880 is a Litton AN/APS-141(V)3
system. Three basic operating modes are provided by the system: the search radar mode,
the beacon mode, and the weather mode. All three modes are controlled from the radar
operator’s position located at rack 1, while the weather mode can also be controlled from
the pilot’s position. The radar has an azimuth coverage of 360 degrees and a maximum
range of 200 miles. In the search radar mode marine surface contacts can be detected and
identified during range surveillance and clearance.
In the beacon mode, the radar is used to track chase aircraft equipped with special
X-band beacons. During a typical mission, once the UC-880 is in position for missile
telemetry auto tracking, the radar operator acquires the chase aircraft beacon and displays
this position to the UC-880 pilot’s radar repeater cockpit monitor. The pilot adjusts the
UC-880 position to maintain a 10 to 15 mile separation for best telemetry coverage. If the
telemetry auto track is lost, the radar operator passes the azimuth and elevation position of
the chase aircraft to the telemetry antenna operator for manual reacquisition of the missile
telemetry signal.
SATELLITE COMMUNICATIONS AND PROCESSING SYSTEM
The satellite communication over-the-horizon USQ-81(V) system was installed in the
UC-880 during April 1986. A block diagram of the system is shown in figure (6). The
system has the following capabilities: the ability to pass secure messages between the
cruise missile shooter and the UC-880, the display of the planned and actual path of the
missile, the display of over-the-horizon targets, and the display of tailored ocean
surveillance ship movements. The HP 9020 computer is used to verify the launch platform
firing solution. It will display maps of the area in which operations will be conducted. The
maps are stored on disk from which they can be loaded into the computer. Overlaid over
the map will be the planned route the missile will fly. Actual latitude and longitude of

the missile, supplied from telemetry data, will then be plotted on the map. Four selected
measurements from the missile will also be displayed.
FUTURE PLANS
The Range Directorate plans to replace the existing Litton AN/APS-141(V)3 radar with a
hybrid Hughes APG-63/APG-65 radar. The APG-63 radar is used on the F-15 aircraft
and the APG-65 radar is used on the F/A-18 aircraft. The hybrid radar will use the antenna
from the APG-63 radar and the signal processor and transmitter from the APG-65 radar.
It will meet the range requirements of detection of a Cessna size aircraft at 30 nautical
miles, and detection of an 18 foot fiberglass boat at 25 nautical miles. The radar will
require some hardware and associated software modifications but the technical risk
assessment was favorable. The surface search capability and display will be very good,
and the logistics and maintenance support will be excellent. The new radar will provide air
to ground surveillance and clearance of the operational area, will enable night/IFR
missions, and will reduce or eliminate the need for chase aircraft during cruise missile
missions. The expected IOC is the end of 1989. A block diagram of the radar is shown in
figure 7.
Other planned additions to the UC-880 are the modification of the auto tracking telemetry
antenna mounted on the lower fuselage from circular polarization to linear, both horizontal
and vertical, polarization; and the addition of an auto tracking telemetry antenna mounted
on the upper fuselage, an airborne command station for the cooperative tracking systems,
and an improved telemetry processing and display system.
The modification of the polarization of the lower telemetry antenna will increase the
effective gain by 3 dB. The auto tracking telemetry antenna on the upper fuselage will
allow tracking of vehicles flying higher than the UC-880 and will eliminate telemetry
dropouts from antenna blanking during aircraft maneuvers. The improved telemetry
processing and display system will process and display data at a much faster rate than the
present ADS 100 systems. This will allow more data to be processed in real time and will
increase the flexibility of the data displays and presentations.
CONCLUSION
The TRACS has successfully supported east coast SLCM missions during the past two
years. This has included both TLAM and TASM flights and captive carry engine
evaluations. The present configuration of the aircraft has solved some of the early
problems such as hum in the ICS system, telemetry dropout at some flight attitudes, the
need for faster and longer range target hulk control, and the need for over-the-horizon
target and ship movement displays. The hardware on the UC-880 has operated

successfully and reliably. With the exception of the telemetry auto tracking antenna, there
have been no failures due to the environment of the aircraft. The UC-880 aircraft mission
reliability has exceeded 91 percent. The TRACS was designed, built, installed, and
upgraded with minimum impact on schedule and at a very low cost compared with similar
systems. It is expected to successfully support expanded SLCM training and test flights
on the east coast for many years.
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INTEGRATED 1553 DATA BUS MONITOR SYSTEM
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ABSTRACT
An integrated 1553 Data Bus Monitor (DBM) System has been developed at the Naval Air
Test Center. The system is capable of monitoring six 1553A or B channels and provides,
in separate PCM streams, selected parameter data and all message traffic on the data bus
(thruput). Thruput data can be split to two tape tracks per channel for bandwidth
conservation. Selected parameter formats can be entered at the flight line with a hand-held
programmer which communicates to the DBM via an RS-232 interface. PCM outputs are
available for telemetry as well as for on-board recording. Analog and discrete data is
incorporated in the system with A/D inputs, parallel inputs, or serial entry of PCM data
from a remote PCM system. A 1553 remote terminal provides data to the F-18 mission
computer. Existing systems are being used on AMRAAM Development in the F-18 and in
follow-on F-18 development at the Naval Air Test Center.
INTRODUCTION
The Naval Air Test Center has developed several 1553A Data Bus Instrumentation
systems. The Airborne Multiplexer Monitor Unit (AMMU) was developed to support
F-18 full scale development. It has the capability to monitor three 1553A Data Bus
channels providing a selected parameter PCM output and thruput outputs for each
channel. Fifteen AMMU systems have been built by the Naval Air Test Center and are
being used at all major Navy T & E facilities supporting F-18 and AV-8 test and
evaluation projects.
The 1553B Military Standard included changes in the protocol and timing of the data bus
and responses which the AMMU was incapable of handling. Specifically, inclusion of
mode codes and the broadcast format cannot be appropriately treated by the AMMU.
Changes in the response time specification render the AMMU helpless to properly decode
or decipher the format of the 1553B data bus.

With new aircraft systems incorporating 1553B data buses, it was decided that a new data
bus monitor should be developed. The 1553 Data Bus Monitor (DBM) was developed to
operate with combinations of mode codes and broadcast commands and the flexibility to
allow software changes to satisfy new requirements. Included was the capability to
remotely reprogram the PCM format, frame sync words, and frame size of the selected
parameter outputs. It has the capability of handling both 1553A and 1553B formats. Three
DBM units have been fabricated and are being used in missile development at PMTC.
DESIGN PHILOSOPHY
The design concept pursued in the development of the DBM was to satisfy existing
requirements of the instrumentation of 1553A and 1553B data buses, provide selected
parameter and thruput PCM streams, and to allow for maximum flexibility in handling
future needs to monitor mode code and broadcast formats. The capability to
supercommutate or subcommutate PCM data was also considered and incorporated
where feasible. In addition, the capability to include or merge data from other sources
such as analog or discrete data, and a serial PCM stream from an A to D subsystem was
included. Microprocessors were used to gain the desired flexibility and to permit accurate
monitoring of the 1553B Data Bus.
IMPLEMENTATION
The DBM can monitor data from four or more 1553A or B channels - bus and redundant
bus. Figure 1 shows the input/output configuration of the DBM. The DBM provides
selected parameter data for magnetic tape recording and for telemetry. Outputs of this
data are available in NRZ, Bi Phase-L, Miller or filtered NRZ.
Thruput data is a PCM stream which contains all message traffic from one 1553 channel.
It is available in one or two streams per channel. In cases where bandwidth reduction is
desired to permit longer tape record time, the thruput is split into two 500 Kbit streams
rather than a single 1 Mbit stream. IRIG time is accepted by the DBM in parallel form
from a time code generator. Other data from analog inputs, discrete inputs, or party line
(McAir) are accepted by the DBM and put in appropriate positions in the PCM frame of
the selected parameter output.
The format of the selected parameter output is controlled by information which is downloaded from a hand-held programmer box. The typical parameter list is processed to
generate the appropriate code which is loaded into an EPROM. This EPROM is the
medium to transport the parameter information to the DBM in the aircraft, where it is
plugged into a socket in the hand-held programmer and down-loaded to the DBM. The

programmer also provides the capability of verifying ID of the parameter file, and permits
viewing or modifying entries in the DBM.
The unit was designed to be mounted on a crank-up pallet that hangs in the gun bay of the
F-18. A photo of the unit is shown in figure 2. Unit is 12½ in x 14 in x 8½ in and weighs
26 pounds.
INTERNAL ARCHITECTURE
The DBM has a two parallel bus architecture - p-bus and time bus.
Time Bus
Time is received in parallel 32 bit form (BCD) on the time/power card from a time code
generator. A 1 Mbit clock is divided by three BCD counters which are synchronized to
the time code generator. This provides time data to a resolution of 1 microsecond. At
present, 10’s and 100’s of microseconds are used. Time data is presented to the time bus
as three sixteen bit words. It is continuously output word-sequentially. Accompanying the
time word are the appropriate signals to allow latching on other elements in the system and
to identify which of the three words are present.
P-Bus
The P-bus is a 16 bit bus that is accessed by all microprocessors in the system. Access is
controlled and arbited by the Bus Arbiter. Over this bus all set-up information and data is
passed to/from various elements in the system. Associated with this bus are control
signals necessary to permit passage of data on the bus.
FUNCTIONAL DESCRIPTION
The functions shown in figure 3 will be described in the following text.
Central Processor
The central processor is a Z8000 on the Formatter Processor - BD1. It controls setting up
the selected parameter PCM format and outputting the PCM data through Formatter
Processor BD2. Selected parameter information is loaded via an RS-232 interface into the
parameter memory interface stored in EAROM’s - non volatile electrically alterable
ROM’s. At power turn-on this information is read by the Z8000 and used to set up a
memory buffer containing PCM sequence pointers. These pointers are used by the Z8000
as addresses for the data to be outputted in the PCM stream. Time information for the

PCM is presented as two 16 bit words; it is received from the time bus and read by the
Z8000.
1553 Input
1553 data is received on the DBM input card. Each of these cards house a TMS32010
microprocessor, and two “Dumb RTU” hybrids for interfacing to bus and redundant bus.
As data is received on the DBM input it is processed and presented to the respective
thruput card for output and is stored in bus memory for access by the Z8000. Data is
deciphered by processing the command/data sync bit, the bits associated with preset time
measurement thresholds, and other bits pertaining to the validity of the 1553 word. One
DBM input card and one thruput card are required for each 1553 channel.
The DBM is being upgraded to include other input/output functions as listed below.
A/D Input
Contains the capability of 16 diffential or 32 single ended inputs set to hardwire
preprogrammed input range. This card, has an allocated memory space which is
accessible to the Z8000 via the P-Bus. A/D data is output in the selected parameter PCM
stream, positioned in accord with the selected parameter specifications.
PCM
Has the capability of receiving PCM data in the form of NRZ and clock from a A/D subsystem. This data is stored in a buffer, allocated memory space which is accessible to the
Z8000 via the P-Bus. It is capable of synchronizing the A/D with the frame output of the
DBM. The purpose of this is to merge the A/D data stream with the DBM data stream for
telemetry.
Discrete Input
A discrete input provides capability of incorporating discrete data into the PCM stream in
the same way as the A/D. The card has the capability of accepting switch closure inputs
or high voltage inputs and is optically coupled for circuit protection.

Flutter Interface
An interface to the McAir “Party Line” bus is incorporated in the DBM to receive data
during flutter testing of the F-18. This bus is a serial command/repsonse type with one
command required for each data word. This data is included in the selected parameter
PCM output.
Remote Terminal
A remote terminal to the mission computer bus in the F-18 is provided to pass data from
the A/D subsystem input to the mission computer. This card contains a TMS32010
microprocessor. Data is passed to it via the P-bus.
DATA FLOW
The 1553 formats for messages are shown in figure 4. In the AMMU, which monitored
only 1553A messages, whether a word with command sync was a command or a status
word was determined by measuring the time gap between words. “Response Time” specs
(see figure 5) for 1553A required it to be from 2 to 6 microseconds and the intermessage
gap was to be greater than 8 microseconds. For the 1553B, response time was allowed to
go to 12 microseconds - thus negating the technique used in the AMMU.
In the DBM it is necessary to have a microprocessor synchronize the input and track the
message events as they occur, in accord with allowable formats. In this manner either
1553A or 1553B messages can be interpreted in the DBM input.
Thruput Data Output
As message words are received they are tagged with a four bit code and output to the
thruput processor in the format shown in figure 6. The four bits identify the data for data
reduction. The output of the thruput processor is a one Mbit serial PCM stream or it can
be split into two 500 kbit streams. In either case the PCM stream operates as a
synchronous stream with fill data inserted when actual data is not forthcoming.
Selected parameter Data Output
The 1553 wordformats are shown in figure 5. A selected parameter is a data word
specified by 16 bits which identify the message and the position of the data word in the
message. Selected parameter data applies to the first three message types shown in
figure 4. The most significant 11 bits of the command word (see figure 5) - remote
terminal address, T/R bit, and subaddress are combined with the contents of a five bit

data word number counter and a bit to indicate data or time to form a memory address
for storing each data word and a 16 bit time tag. The time tag is 16 bits of four BCD
digits of time 10’s and 1’s of milliseconds and 100’s and 10’s of microseconds. Every
data word received from each 1553 data bus is stored in memory in this manner. Each
DBM channel is allocated space in bus memory so that buses with common remote
terminal addresses can be accomodated.
The data words to be recorded and telemetered are specified by the selected parameter
format. The Z8000, at start-up, sets up a table of memory addresses in the order that the
parameters are to appear in the PCM format. The Z8000 goes through this table,
sequentially accessing each memory location specified and outputting the data and time.
The selected parameter output PCM format is shown in figure 7. The size of the PCM
frame is selected in the selected parameter format specification. Selected parameters can
be selectively time tagged. Literals can be inserted into the frame by specifying them in
sequence with data parameters.
This selected parameter format is controlled by entering data from the hand held
programmer box. Frame size, frame sync work, fill pattern, inclusion of literals anywhere
in the PCM frame are controlled by this prom down-load. Selected parameter bit rate can
be changed by changing crystal frequency or hardwired frequency-divider programming
on the formatter processor-Bd 2.
CONCLUSION
The DBM was designed to be a flexible data collection system. It monitors four 1553
Data Buses, analog and discrete parameters and elicits reponse from the McAir party line
system for flutter data. It also provides the capability to merge other PCM data into the
output PCM stream.

FIGURE 1
INPUT/OUTPUT CONFIGURATION OF DBM

FIGURE 3
INTERNAL ARCHITECTURE OF DBM

FIGURE 4. MESSAGE FORMATS

FIGURE 5. WORD FORMATS

4 Bit Tag

16 Bit - Data

TAG

TYPE DATA

0001
0010
0101
0111
1XXX

Data Word
Unknown or Undecided
Status Word
Command Word
Fil Word
Figure 6. Thruput Format.

PCM FRAME - Selected parameters
WD I
WD 2
WD 3
WD 4
WD 5
WD 6
"
"
"
"
WD N

SYNC WORD FAF3 H
SYNC WORD 3500 H
ID WORD
MAJOR TIME HRS - 10’s of sec
MINOR TIME 1’s SEC - 1’S millisec
DATA PARAMETERS

DATA PARAMETERS

Data parameters may be one time word and one data word or one data word (no time)
Time word - 10’s milsec - 10’s microsec
All words - 16 bits
Frame Size - programmable
Literals may be inserted at selected positions
Figure 7. Selected Parameter Format
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ABSTRACT
Providing realtime telemetry collection to the Pacific Missile Test Center’s (PMTC) range
users presents some unique problems. Operations are staged in an open sea environment
with participants often at very low altitude and/or far from land based collection
instrumentation. This paper will present an overview of the airborne telemetry collection
instrumentation that has been developed at PMTC to overcome these problems and will
discuss some of the operational problems encountered in its use.
INTRODUCTION
The Pacific Missile Test Center is located in Ventura County, California, approximately
50 miles northwest of Los Angeles. It was established on Point Mugu Beach in 1946 as
the Naval Air Missile Test Center and has existed there since then, undergoing several
name changes while growing in size and importance to its present position as the Navy’s
center of excellence for weapon systems test and evaluation and leading range
development organization. The most significant features associated with PMTC are its sea
test range and its ability to conduct highly controlled test and evaluation programs in an
open sea environment.
The physical size of PMTC’s sea test range and its location are indicated in Figure 1. The
area available for staging operations is approximately 125 miles wide by 250 miles long.
Land based instrumentation sites, including telemetry collection, are located on Point
Mugu Beach and San Nicolas Island. In addition, the instrumentation assets of the
Western Space and Missile Center at Vandenberg Air Force Base can be scheduled to
augment PMTC’s capability. As can be seen, the available ground instrumentation is all
concentrated to one side of this approximately 30,000 square mile test area. Also evident
is the potential for signal shading of low altitude sources for certain portions of the range
from the chain of Channel Islands (Anacapa, Santa Rosa, Santa Cruz and San Miguel).

TYPICAL TEST SCENARIOS
Figures 2 and 3 indicate the participant ground tracks for several typical test scenarios. In
the first case of a missile/target intercept the test must be staged far from inhabited areas
to insure range safety. Both the target and missile have the potential to travel large
distances at high velocities and thus must be kept within safe areas of the range, a
constraint that usually places them far from land based instrumentation. (RF signal ducting
can extend the reception range, but this phenomenon cannot be reliably predicted in
planning for the instrumentation coverage for a particular operation) If both the missile
and target are operating at high altitude, the land based instrumentation could provide
adequate reception of telemetry data. However, if the target is flying at 50 feet above the
water it will present a reception problem as would a surface launched missile or a look
down/shoot down air launched missile at the terminal portion of the intercept. In the
second case, a long range land attack or anti-ship engagement is being simulated and a
major portion of the total sea test area is required. This might be the ground track for a
long range missile which can hug the surface for its entire flight. Again, the land based
telemetry gathering equipment will be almost useless for direct telemetry reception for a
major portion of the flight. Obviously, a better mouse trap is called for.
AIRBORNE TELEMETRY INSTRUMENTATION
Faced with the above physical and operational scenario constraints, an airborne telemetry
reception capability is a must for effective data gathering. The majority of this capability
has been installed on PMTC’s Lockheed P-3 aircraft. In addition, self contained telemetry
pods have been developed for installation on high performance aircraft. With the
exception of speed, the P-3 is an ideal platform from which to operate. The aircraft can
carry a large amount of collection equipment and personnel and has a flight duration time
in excess of 10 hours. Additionally, it is relatively inexpensive to operate when compared
to jet aircraft. In many cases the same P-3 that will be used to collect telemetry data serves
a dual purpose, being sent out hours prior to an event to clear the operational area of
surface contacts for range safety purposes.
Table 1 indicates the types and some characteristics of the various equipment installed on
the P-3 aircraft for telemetry collection. The various types of equipment are spread among
several aircraft with no single aircraft having everything. The helix antennas are mounted in
pairs, one right hand circular polarization and one left hand to provide signals to separate
preamps and receivers. They have a 3 db beamwidth of 30 degrees and are mounted in
the nose of the aircraft for a forward look angle. They are the only antennas mounted in a
forward looking position; the three other systems are side looking with their boresight
directly to the port (left) side of the plane. The horn and dish antenna are used almost
exclusively for off range strategic missions to collect data in the terminal area on reentry

vehicles. The horn has a 3 db beamwidth of 20 degrees with the dish having a beamwidth
of 7 degrees in azimuth and 10 degrees in elevation. The dish can be directed and can be
pointed plus/minus 20 degrees in azimuth and plus 20 to minus 25 degrees in elevation. It
also has autotrack capability in azimuth and an operator initiated, programmable
downscan rate. The phased array antenna system has become our most valuable airborne
telemetry asset. It is the Airborne Instrumentation Station (AIS) portion of the Extended
Area Test System. The AIS has five independent beam tracking capability within angular
limits of plus/minus 66 degrees in azimuth and plus 45 to minus 20 degrees in elevation.
The entire system operated under computer control with autoacquisition and autotracking.
While the phased array is limited to right hand circular polarization, this limitation has not
proven to be a major disadvantage for telemetry data gathering.
All of the reception systems have preamps mounted in close proximity to the horn or
antenna. In terms of G/T, the systems run from a minus 10 for the helix antennas to a
positive 4.5 for the phased array. The dish antenna is a negative 3 and the horn has a
negative 7.5. The G/T figure for the phased array is only accurate in an angular area of
plus/minus 30 degrees in azimuth and plus 2.5 to minus 7.5 degrees in elevation from
boresight. The figure falls to about a negative 14 at the extremes of the azimuth angular
coverage and to about negative 25 at the elevation extremes.
The receivers used on the P-3’s are Microdynes and Hartmans. We use a mix of
Microfyne 1100’s and 1200’s with 3200 and 3300 diversity combiners when dual
polarization signals are available. We use both S-band (2200-2300 MHz) and P-band
(215-315 MHz) RF front end plug-ins. The P-band front ends are used in conjunction
with a downconverter which gives the capability of covering both S- and L-band
(1435-1535 MHz) sources with the broad band helix antennas. Several range users still
transmit in P-band which is covered with a direct input from a belly mounted omni
antenna and preamp. The phased array system operates in S-band only and uses Hartman
TMR-74 receivers. The system was originally designed with the signal from each tracking
beam being divided between a telemetry receiver and a Miss Distance Indicator (MDI)
receiver. We have removed three of the MDI receivers and replaced them with Microdyne
1200’s to increase the IF bandwidth above the 1.0 MHz capability in the Hartman
receivers provided in the system. The entire receiver area of the AIS is being redesigned at
present to incorporate the Microdynes into the tracking and control loop.
We use a mix of 7 and 14 track magnetic tape recorders onboard the aircraft. At present
they are limited to a maximum speed of 120 inches per second. Predetection recording is
the method normally used. Each aircraft is equipped with VCO’s and the necessary test
equipment to allow for calibrated signal strength recordings using the receiver AGC
output as the measurement source. We inject a signal into a test probe or ahead of the
preamps and calibrate for IF SNR’s. The phased array antenna presents a problem in this

area due to its large angular coverage and the lack of a good place to inject a calibration
signal.
A limited decommutation and display capability has been installed in two aircraft. It is
used primarily to provide an onboard range safety officer with a strip chart display of
parameters that will allow a determination of the flight stability of the source.
Based on this determination, the range safety officer can elect to destruct the missile if
required. Two channels of PAM and two channels of PCM are normally installed, but this
can be doubled if required. Twelve to twenty individual parameters can be displayed on
strip chart recorders.
A retransmission capability exists on several of the aircraft and will be installed on all of
them in the near future. A minimum capability of two retransmission frequencies in L-band
is desired. The phased array aircraft has the most extensive retransmission system with
the capability to retransmit each of the five beams. Each channel is limited to a 1.1 MHz
retransmission bandwidth which limits its usefulness to some range users. Each
retransmission channel is 60 watts in L-band. All five retransmission frequencies are
routed to a single horn antenna which is tied to the internal navigation system and can be
programmed to remain pointing to a reception location throughout any aircraft maneuvers.
The AIS is unique in this capability; the other aircraft use an omni blade antenna.
Our airborne pod capability can be roughly divided into two types: pods with fixed
antennas and pods with tracking antennas. The pods with fixed antennas are built around
PMTC designed and fabricated hardware. This includes the forward looking antenna that
produces both right and left hand circular polarized signals, receivers, bit synchronizers
and four track magnetic tape recorder. A commercial omni antenna is also installed on the
of the underside of the pod and an onboard operator can switch between the two
antennas. The pods were required to be of small diameter which forced the in-house
design and fabrication rather than using commercially available equipment. The systems
will handle both S- and L-band telemetry signals, have a receiver for each polarization and
use a seven inch reel on the tape recorders. This limits the record time to about seven
minutes at 60 inches per second, but this is more than adequate for most air-to-air
engagements. Several pods have a retransmission system in place of the magnetic tape
recorder. All of the pods are rated for supersonic flight and several which were designed
for Fleet use are carrier landing qualified.
The trackable antenna pods are normally flown on our A-3 aircraft. The pods are
physically larger and can accomodate a forward looking flat plane antenna of crossed
dipoles, giving a pseudo-monopulse system. The antenna has a gain of about 14 db and
gives angular coverage in an area bounded by slew limits of 0 to minus 60 degrees in

elevation and plus/minus 45 degrees in azimuth down to minus 45 degrees in elevation and
plus/minus 25 degrees in azimuth through the remaining 15 degrees of the elevation
movement. The systems can be configured in any single polarization and are normally
flown in pairs, one right hand and one left hand circular polarization, one under each wing
of the A-3. An onboard operator controls antenna pointing for acquisition via a joystick.
Either of two preprogrammed S-band frequencies can be selected by the operator as can
either of two L-band retransmission frequencies. A pod mounted magnetic tape recorder
gives an extended recording capability by using an interleave backward and forward
recording scheme.
OPERATIONAL PROBLEMS AND CONSIDERATIONS
We have encountered relatively few hardware problems. Some of the receivers are
ruggedized for the shock and vibration environment of the aircraft, but the majority of the
equipment is off-the-shelf. We attempt to isolate the hardware as much as possible by
vibration isolation of the mounting racks which house the equipment on the planes. RF
tuners have been our major source of problems and some off-the-shelf test equipment
requires special handling.
The primary problem we have in providing telemetry collection support is getting the
aircraft into the proper position at the proper time. In general, the collection aircraft is just
one of many players involved in a particular test. There can be a number of aircraft, ships
and targets all demanding the attention of the operation conductor at the same time. The
operation conductor functions by directing the actions of secondary personnel
responsible for one participant or function and this individual may or may not understand
the entire operational scenario. One of these secondary functions is the positioning and
coordination of all of the aircraft involved and we are dependent on this individual to
properly position the telemetry aircraft so that either the nose or port side of the aircraft is
directed toward the telemetry source. This is of course a problem of the directional
antennas we must use and the limited G/T’s of the systems. The forward looking systems
seem to fare better than the side looking. Anticipating the movements needed to insure
that an aircraft is lined-up and ready to chase a missile appears to be easier than getting
lined-up to fly a parallel course. Keeping the side looking systems directed at a
maneuvering source is particularly difficult.
We have been very successful in using the AIS is providing the realtime relay of telemetry
data. The system is extremely useful in cases when several telemetry signals may radiate,
but the exact ones or their firing order is not known. For example, a number of ships may
be ready to launch missiles against an incoming target. Provided there are no more than
five potential S-band sources, the AIS can be programmed with one of the potential
frequencies on each beam and it will then acquire and track each source as it is fired. In

this way, a land based antenna which may not have direct line-of-sight to the launching
ships can track a single aircraft and receive the retransmitted telemetry signals from as
many as five different sources.
PLANNED IMPROVEMENTS
As indicated above, it is planned to install a retransmission capability on all the P-3
aircraft. It is also desirable to have a decommutation and display capability on all the
aircraft to give asset scheduling flexibility in the event that one or more aircraft are down
for maintenance. This is also in the planning stage. The operational problems of having the
aircraft out of position could be solved with a set of those ever elusive high gain omni
antennas. A moderately high gain antenna, say 15 db, with the ability to track a full 360
degrees in azimuth might do the job if we also had the ability to switch between a top
mounted and a bottom mounted system to avoid loss of signal while the aircraft turns.
This type of a system is also being investigated for future procurement.
An updated specification for a more flexible version of the AIS is being readied for
procurement. The system will be installed on P-3 aircraft again and we intend to procure
two to three more systems. The major changes for these follow-on systems is the
requirement for dual circular polarization capability and an expansion of the flat G/T
window in elevation from the present 10 degree window to 20 degrees. A slight
improvement for this flat G/T figure to 6.8 vice 4.5 is also specified.
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FIGURE 3. TYPICAL LONG RANGE MISSILE GROUND TRACK
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ABSTRACT:
In this paper we investigate the performance degradation of the NASA Deep Space
Network (DSN) telemetry receiving system for two data channels in the presence of
cross-modulation interference. It is shown that the sub-carrier waveforms and/or
frequencies can be selected to suppress the cross-modulation interference for enhanced
deep-space telemetry performance. The application of this study is suggested for a
simultaneous telemetry and ranging as well as telecommand and ranging operations.
Recommendations as to use of specific subcarrier waveforms and frequencies to
suppress cross-modulation interference are made to the international Consultative
Committee for Space Data Systems (CCSDS) for consideration in the future standards
systems.
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ABSTRACT
In this paper, the 70 MHz IF differential binary phase shift keying (DBPSK) modem is
designed and implemented. At the transmitter, the data are first differentially encoded, and
then sent to the binary phase modulator, which is followed by a delicatedly designed band
pass filter to suppress the undesired sideband spectrum. At the receiver, the DBPSK
signal is coherently demodulated by a Costas loop which is carefully analyzed and
designed in this paper. In order to maintain the overall loop gain within a desired range for
keeping a better loop performance, an IF preconditioning AGC (Automatic Gain Control)
circuit is added in the demodulator to keep the IF amplifier output level almost constant
even at low signal to noise ratio. In order to improve the false lock due to the data
sideband, especially for low rate modems, and to enhance acquisition, a modified Costas
loop and an automatic sweep search acquisition circuit are included in the demodulator.
Besides the carrier recovery, the bit rate clock must be recovered from the received
DBPSK signal. Instead of serial processing, i.e., clock recovery comes after carrier
recovery, a parallel processing of the received DBPSK signal is employed, i.e., clock
recovery is parallel to carrier recovery. In other words, the carrier and clock recovery
circuits independently process the same received DBPSK signal at the same time. The
advantages obtained from the parallel processing are faster overall system acquisition and
reduction of information loss. The recovered clock is derived from a bandlimited DBPSK
signal by an envelope detector followed by a phase-locked loop (PLL). The key features
of this suboptimum clock recovery circuits are simplicity and low cost for practical
hardware implementation.
An example for modem design will be given and the modem will be implemented and then
tested. Parameters selection and hardware implementation of important building blocks in
the modem circuit are all given careful consideration. Furthermore, the block of the IF
AGC, modified Costas loop scheme and sweep search circuits will also be described

with emphasis on their key functions. Finally, the bit error rate performance of the
experimently implemented modem will be tested and presented.
I. INTRODUCTION
Since digital modulation method has become more and more popular in transmitting the
data in command link and telemetry systems. The DBPSK is the most often employed
technique in digital modulation due to the fact that it can not only offer a lower probability
of bit error rate for a given signal to noise ratio, but also avoid the phase ambiguity in the
demodulator. For coherent detection, a locally generated reference carrier whose phase
must closely track the phase of the carrier signal at the transmitter must be generated at the
receiver. Because the DBPSK signal is a signal with carrier suppressed, the conventional
PLL is not applicable to carrier recovery. A nonlinear process must be employed for
DBPSK signal to generate the reference carrier. Costas loop is a common method for
carrier recovery. In addition to carrier recovery, bit rate clock must be derived to
differentially decode and/or descramble the received data. The bit rate clock is derived by
a suboptimal method for simplicity.
II. SYSTEM DESCRIPTION
Fig. 1(a) shows the modulator configuration of the IF modem employed in this paper.
The optional scrambler is used not for security, but for increasing the transition density of
the NRZ data stream, and thus enhancing the stability of the bit synchronizer. In order to
resolve the phase ambiguity involved in the Costas loop, a diffenertial encoder is added in
the modulator. Binary phase modulator is a balance mixer in which the phase of IF carrier
is changed between 0E and 180E depending on bit “0” or bit “1” is sent from the output
of differential encoder. Then, DBPSK signal output from modulator is amplified and
filtered by IF amplifier and filter.
Fig. 1(b) shows the block diagram of the demodulator. The received DBPSK signal is
passed through IF bandpass filter, and then it is amplified by a three-stage IF amplifier
whose output level is controlled by a preconditioning AGC circuit. The block diagram
enclosed by dashed-line is the part which is mainly interested and will be described in
detail in the subsequent sections.
III. CIRCUIT DESCRIPTION OF COSTAS LOOP
The equivalent circuit of the Costas loop is identical to the squaring loop [1] which is a
PLL preceded by a squaring device. Thus conventional PLL design principles can be
applied to the design of Costas loop. Fig. 2 shows a little bit detailed block diagram

which includes main Costas loop and its associated acquisition aid circuits (i.e.,
acquisition aid sweeper, false lock detector and control circuits).
It shows a very common implementation used in uncoded system for Eb/No (bit energy
to noise density ratio) $ 10 dB, called the hard-limited or polarity loop. Ritter [2] has
shown that the optimal phase estimator requires a tanh (kEb/No) nonlinearity following the
in-phase data arm filter. For large values of Eb/No, tanh(x) equals the polarity or sign of
x(±l), and can be implemented with a hard limiter. Simon [3] has shown that the inclusion
of a limiter introduces a signal suppression factor into the analysis which could improve
or degrade performance. Results from [3] indicate that for high Eb/No there is an actual
improvement in the loop’s squaring loss, on the order of 0.5 dB for Eb/No $ 10 dB and
NRZ data. Also inclusion of the limiter in the in-phase arm allows substitution of a
switching chopper multiplier for the typical analog four-quadrant multiplier, with its
inherent DC drift stability improvement.
Cahn [4] suggested a modified Costas loop by removing the quadrature arm filter of an
analog Costas loop in order to improve frequency acquisition and aid in removing false
lock. Cahn has shown that the loop acts like a composite AFC/Costas loop combination.
In practical implementation, quadrature arm filter is usually very wideband because it is
designed only to remove the double IF frequency term. Loop filter is an important portion
in the Costas loop design. To maintain a better loop stability and keep analysis simple, we
choose the active lead-lag filter with transfer function
F(s) = A (1 + J 2S) / (1 + J 1S)
A: DC voltage gain
J1,J2: pole, zero time constants
Instead of using a VCO (Voltage Controlled Oscillator), a VCXO (Voltage Controlled
Crystal Oscillator) is employed to reduce the phase jitter.
Fig. 3 shows the flowchart of operation algorithm of the Costas loop. In the beginning,
the acquisition mode is activated, the modified Costas loop is employed. The quadrature
arm filter is removed to achieve significant improvement in false lock performance.
Furthermore, an all zero pattern is periodically inserted into the transmitting data stream at
modulator as a pure carrier preamble for Costas loop acquisition and requisition [5]. Thus
false lock is not a serious problem, carrier sweeping (if added) is an efficient acquisition
aid to reduce the acquisition time. False lock detector [6] is included in the false/true lock
detector to determine whether the loop is in false lock or not. This false lock detector only
detects the false lock due to the sideband frequency half bit rate offset from the carrier
frequency. The loop is broken for a moment then connected again when false lock, which
is not likely to occur in our design, is detected. If true lock is detected then the loop

enters into the tracking mode and the sweeper is turned off. The bandwidth of quadrature
arm filter is switched to a value close to the optimum one in order to reduce tracking jitter.
IV. DESIGN PROCEDURE AND CONSIDERATIONS OF COSTAS LOOP
There is a compromise between carrier phase jitter FN (relevent to probability of error Pe)
and acquisition time Tacq. All of the carrier recovery techniques always exhibit phase
jitter, which degrades the overall system’s probability of error. Holmes [7] has plotted
figures showing the approximate performance degradation due to imperfect carrier
recovery. Those figures show the Pe as a function of Eb/No for various values of static
phase error 2v with total rms phase jitter FN as a parameter.
Fig. 4 shows a design procedure for Costas loop. First of all, the Pe requirement is
considered for the given Eb/No, Rs (data rate), )w (frequency uncertainty) and )wC
(frequency sweeping rate). We choose proper 2v,JN, given Eb/No to meet the required Pe
from Holmes’ plotts. Then kv and BL (loop bandwidth) can be calculated.
A high probability of lock will be obtained for a loop signal to noise ratio of +6 dB or
better. Another important consideration is that the calculated BL be at least an order of
magnitude less than the data rate, otherwise the Costas loop would track each data bit
transition, thus never achieves demodulation of the data stream [8].
As a practical matter, for uncoded systems where Eb/No > 10 dB there is little to gained
by implementing arm filters more complex than Butterworth 2 poles, which result in a
squaring loss (SL) a couple of dB. In this paper, 2 poles Butterworth arm filters with
bandwidth from 1.4 to 2.0 data rate are always chosen. > is properly selected from the
desired loop’s transient characteristics. To maintain real values of resistors and
capacitors, some constraints to > which are shown on Fig. 4 must be met for the lead-lag
loop filter design.
If )w3< Wn2 and wL (lockin range)>)w then Tacq is calculated by Tacq = )w2/(2>wn3).
If the calculated Tacq is smaller than the required Tacq, then the loop can track the
frequency sweeping rate. The frequency acquisition sweeper is not needed in this kind of
application. If the loop can not track the frequency sweeping rate, then sweeper must be
added. The sweeper’s sweeping rate is designated as R90 on Fig. 4.

V. BIT SYNCHRONIZER
1. CIRCUIT DESCRIPTION
Fig. 5 shows block diagrams of the bit synchronizer used in this paper. The envelope of
the received DBPSK signal will drop to zero at phase reversal points when it is passed
through a bandlimited prefilter. The envelope of the filtered DBPSK signal preserving the
data rate information can be used to generate bit rate clock. A signal with data rate equal
to transmitted data rate (Rs) is detected from the envelope detector. This signal is sent
into transition detector to produce RZ (Return to Zero) signal which doubles the data
transition density of transmitted NRZ data. Finally, the RZ signal is sent to the high Q
filter which is realized by a PLL. Then the bit rate clock is derived from the output of the
PLL.
2. DESIGN PROCEDURE AND CONSIDERATIONS
Since the bit synchronizer is realized by a PLL, the design principles are similar to those
of Costas loop, the design procedure is not listed here. For NRZ data with very long “0”
or long “1” sequence, an optional scrambler can be added at modulator to increase the
data transition density for enhancing the stability of the bit synchronizer.
VI. DESIGN EXAMPLE
Requirement: Design a 70 MHz modem with Pe#10-4, Tacq#1.0 sec, given frequency
uncertainty ()f), including Doppler and oscillator instabilities ±20 KHz, maximum
Doppler rate ()f) ±0.1 KHz/sec, Eb/No#13 dB, data rate (Rs) 9.6 Kbit/sec.
Solution;

Choose FN2 = 2.7 * 10-3 rad

2v = 0.157 rad

then kv = 8 * 105

BL = 526 Hz

Choose > = 0.707
then wn = 991.88 rad/sec

wL = 1.4 krad/sec

It does not meet the requirement if the loop acquires by itself Tacq=11.43sec
If sweeper is added with sweeping rate R90 = 150 KHz/sec then the Tacq is calculated as
Tacq = )f / (R90 -*)f*) = 0.27 sec which meets the requirement.
Choose kd = 0.4 V/rad,

kv = 4 KHz/V, F(0) = 80

then J1 = 0.8 sec

J2 = 1.75 msec

Fig. 6 shows the results of probability of bit error Pe versus Eb/No. It indicates that the
Pe meets the requirement, but with degradation of 3-4 dB in Eb/No compared to the ideal
Pe.
VII. CONCLUSION
Design procedure and consideration of 70 MHz IF DBPSK modems with Costas loop are
presented in this paper. A design example is given and then the designed modem is
implemented and its bit error rate performance is also tested.
False lock of Costas loops caused by arm filters distortion of the data is a serious
problem during loop acquisition if offset frequency between input DBPSK carrier
frequency and VCXO frequency larger than half of data rate. Field test had proved that
Cahn’s proposal [4] offered a method for false lock improvement. Though many other
false lock avoidance methods have been suggested, Cahn’s method is employed by us
for its hardware simplicity, i.e., no additional circuitry is required.
This design guides for Costas loop is applicable to many other applications.
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ABSTRACT
The introduction of a phase/frequency-locked loop (PFLL) technique made the task of
transmitting information with a high degree of accuracy less cumbersome. The PFLL
became possible after a high precision, continuous type phase/frequency-to-voltage
converter/demodulator (PFVCD) was developed. It performance at a wide frequency
band (DC-80 KHz), dynamic range up to 120 dB, and precision pulse width
discrimination has made possible to build fast hopping PFLL based coherent timemultiplex PM-PM system with only few tenths of a degree of radians spacing between
channels. A parallel type decoder was built to demodulate and separate individual
channels. It employed the PFVCD which n-shape (ideal) bandpass characteristic and high
level linearity eliminates crosstalk and minimizes distortion of an original signal.
INTRODUCTION
Telemetry has been a vital part of solving multitask problems related to control,
measurement and command of a remote object. Numerous data from different sensors
must be sent reliably and with a high precision below a tenth of the percent. These
requirements have created a demand for a source that has the combined frequency
precision, signal controllability, and spectral purity. Frequency synthesizers exploited the
PLL principal gained a frequency precision and a signal controllability, but certain key
specifications such as fast frequency hopping and good close-in phase noise have
defrauded their potential. Until today phase and frequency modulation inside the PLL was
an impossible task [1]. The PLL method is also applies in: decoding of time-multiplexed
channels [2], demodulation of FM signals [3], improving laser probe resolution [4], ect.
Regardless of an application, the PLL’s inherited problems, with an extra high level of the
phase noise, will degrade a system performance. The Figure 1 shows an example of short
term frequency instability (phase noise) of three types of generators: one chip SN74324
based oscillator, Wavetek model 22 stabilized generator - the PLL based, and B&K
Precision 3020. The level of phase noise, as was thought, was highest for the most
accurate of these three generators - model 22. The major contribution to the level of the

phase noise is imposed by a “traditional” phase detector - one of the major elements of
the Phase-Locked Loop (PLL).
This article discusses a new type of phase detector and its applications in demodulation
of FM signals and as a part of loop to perform PM-PM time-multiplexing. It also
discusses limitations of the “traditional” phase detector which could help to understand
the phase/frequency-to-voltage converter/demodulator (PFVCD)’s technique. A detailed
analysis of the phase detector and the PLL design have been described and can be found
in [5-8].
“TRADITIONAL” PHASE DETECTOR.
A simplistic equivalent circuit of the “traditional” phase detector is shown in the Figure 2
and its signal relationship in the Figure 3. During the period of frequency acquisition, one
of the switches is closed for a length of time, which is defined by the time difference
between the leading edges of the reference and the reference and the divided-by-N VCO
signal. In the proper designed Type II loop, under normal linear operation, an output
pulse duration is very small with respect to the reference period, their ratio makes the duty
cycle very low.
It is important to note that the effort should be made to achieve the duty cycle, as small as
possible, in order to minimize a residue of the previous sample. This can be seen from the
following equation which define the maximum voltage across the charging capacitor at the
end of the pulse:
Vout(p) = Vo * exp(-t/t1) + k * Vp * (1-exp(-t/t1))
for 0 < t <= Pdur and Pdur << t1
where t1
- time constant = k * Rc * C
k
= Rd/(Rd+Rc)
Vp - the pulse’s amplitude.
Pdur - the pulse’s duration
Rc - the charge resistor
Rd - the discharge resistor

(1)

The Vo represents the initial capacitor voltage due to any previous phase sample [9] and it
is equal to:
Vo = Vout(t) = Vout(p) * exp(-t/t2)
where

for p < t <= T

(2)

Vout(p) - maximum output voltage at the end of the pulse.
Vout (t) - output voltage at the end of the period.
t2
- time constant = Rd * C

If t/t2 (t=T) is not large then Vo (a residue of the previous error sample) becomes
significant contributor to the new Vout(p) and it can not be ignored. This error increases
frequency and amplitude distortion and decreases the dynamic range of the system. Duty
cycle, for example, can be lowered by increasing a divide-by-N ratio.
From the other side if the t/t2 is large then an averaging output power is very small. This
creates difficulty in obtaining a good SNR. The bandwidth needed is inversely
proportional to the duty cycle so that the mean square noise power is inversely
proportional to the duty cycle. Narrowing the bandwidth reduces the phase detector’s
noise, it also weakens noise improvement properties of the loop. The tradeoff of a low
loop bandwidth looses the stability provided by a wide band loop. Narrow-band loops
are also more susceptible to noise and jitter, which are caused by external sources such as
powerlines and vibrations. If the PLL bandwidth is reduced to an exceptionally low value
e.g. , 5 Hz) then the other characteristics of the PLL will be adversely affected. The PLL
may, for example, begin to amplify, rather than attenuate, the jitter at certain jitter
frequency [10]. A narrow loop bandwidth has been a problem at low modulation rates
and high FM deviation. In existing PLL design systems DC FM is impossible, since it
requires an infinite modulation index.
THE PHASE/FREQUENCY-to-VOLTAGE CONVERTER/DEMODULATOR or
n-Shape (Ideal) Bandpass Filter
The limitations of a “traditional” phase detector - deviation range, narrow bandwidth and
low SNR ran be overcome with the PFVCD which scheme is shown in the Figure 4. In
contrast to the “traditional” sampling phase detector, the PFVCD is a continuous type
phase detector. It consists of two major blocks: a Pulse Width Discriminator/Modulator
(PWDM) and a Pulse Width Demodulator/Integrator (PWDI). The PFVCD employs a
true 0-order sample/hold device which will measure the phase error in only one sample
period.
The PWDM was developed as a by-product of the recently invented unique circuit [11]
for precise pulse-width discrimination. It works by comparing the duration of an input
pulse width to an internal time interval developed by a precision oscillator in combination
with a counter [12, 13]. The PWDM selectively passes AC signals of a specified
frequency. Its performance can be described as an n-shaped (ideal) bandpass filter
because it passes all frequencies from F-low to F-high and attenuate unwanted AC signals
falls off above and below cutoff frequencies (F-high and F-low) with an infinite slope.
The borders are digitally controlled and are easy to set [14]. The PWDM’s output ran be
described as:

PWMD out = 0
PWMD out = Pw.in - Tmin
PWMD out = Thmx
where PWDM out
Pw.in
Tmin
Tmax

for Pw.in - Tmin <= 0
for 0 < Pw.in - Tmin < Tmax
for Pw.in - Tmin >= Tmax

- PWDM’s output pulse duration
- input pulse duration
- minimum discriminated pulse duration range
- maximum discriminated pulse duration range

The maximum discriminated pulse width duration is equel:
Tmax = Tmin + Ttol
where Ttol

(3)

- tolerance (bandwidth)

The PWDM produces a pulse signal with a width proportional to the excess time duration
of an input pulse width over the minimum duration. In this case the information is
encoded into the width of the PWDM output pulse, with the pulse amplitude held
constant. The PWDM performs three functions: (1) discriminates input pulses by their
duration and, if the duration of an input signal falls within a predetermined interval, (2)
converts it into an output pulse with the duration, varying from 0 (zero) to C (some
constant), and (3) generates sync pulses to control the PWDI [15].
The PWDI integrates each pulse and the maximum value of it is sampled, held, and lowpass filtered. It effectively converts the PWDM’s output pulse into a continuous smooth
time waveform in direct proportion to the input pulse durations. The PWDM’s output
pulse is applied on a current regulator throughout a fast switching diod. The diod (D)
prevents the discharge of the capacitor C1 through the source. The current regulator
linearized the charging curve. The discharging circuit zeroes the Vo (previous error
sample). At the end of an input pulse width, as shown on time diagram, Figure 5, a
voltage on capacitor C1 reaches the peak Vt and it will stay at that level until the discharge
circuit turns “on”. The S/H amplifier samples the peak voltage after the end of a pulse and
holds it until the next sample. Due to the high impedance and the short discharging time
the total error (noise) is insignificantly small at the C1. At the time when sampling process
is completed the discharge curcuit discharges the capacitor C1 to make it ready for the
next cycle. The maximum amplitude of output voltage is the current, multiplied by the time
(duration) divided by the capacitance:
Vout = Pwidth * Ic/C

(4)

The current source delivers constant charging current Ic and makes variation of the
current (and Vout) from i-1 to i pulse quite small. Another advantage, of using a current
source, is that it practically eliminates an effect of variation (unstability) of power supply
on the charging process. All the above makes a pulse width-to-voltage converging highly
accurate at a wide range of input pulse width, very efficient, with a very small influence of
the duty cycle, high SNR, wide dynamic range and bandwidth. The high level linearity of
this type of converging can be seen on Volt-Frequency characteristic of the PFVCD,
Figure 6. The setting of sensitivity (dV/dF) is very easy to acquire because it is
proportional only to the time constant.
The PFVCD discriminates input signal by its duration and if the duration falls within a
predetermined interval, converts it into an output DC voltage. This ran be presented as
follows:
Vout = 0
0 < Vout < C
Vout = C
where Vout
Pw.in
C
Tint
T1

for
Pw.in =< Tint
for Tint < Pw.in < T1
for
Pw.in >= T1
- the PFVCD output DC voltage
- input pulse duration
- some constant
- internal time interval
- Tint + tolerance (bandwidth)

The PFVCD has shown a unique performance at the IF frequency (455 KHz), with a
resolution of 639 fS, at a wide bandadth (DC-80 KHz) and with linearity greater than
.0001% in a 50 KHz frequency band. This allows to design systems which are capable to
perform all common modulation and demodulation functions (FM, FSK, PSK, PWM,
tone-burst, delta-modulation, etc.) [12, 13].
16-CHANNEL TIME-MULTIPLEX PM-PM MODULATOR.
The block diagram of the FPLL based PM-PM channelled modulator is shown in
Figure 7. It includes the PFVCD, an error-amplifier (EA), a voltage-controlled oscillator
(VGO), a frequency divider (FD), a D/A converter, and an analog multiplexer. The basic
principal of operating can be briefly explained as follows. The D/A acts as a reference
source and forms the foundation of this type of synthesizer because output frequency is
directly controlled by the reference voltage. The PFVCD monitors the output frequency
(duration) and converts it into a level equal to the reference voltage. A variation in the
output frequency, causes the feedback voltage (the PFVCD output) to change a value
which is either greater or less than the reference voltage. This voltage difference is an error

voltage which directs the VCO to make the appropriate response and thus corrects the
output frequency change. The EA integrates PFVCD output voltage, for comparison with
the reference. It also provides gain of the detected error [15]. Sixteen input channels
through the analog multiplexer are applied onto a summer network (R1 and R2) to
perform a phase modulation of a corresponded channel. Each channel is sampled at a
1,000 Hz rate, so the period of each channel is 1/(1000 * 16) = 6.025 mmS.
The bandwidth (phase shift) of each channel is fixed. This gives ability to to create any
type of hopping pattern or to transmit any single channel or any combination of channels,
simply, by applying an appropriate information on the data bus. The time diagram in
Figure 8 shows that the system was set to transmit only 8-channels and it is hopping at the
speed of 12.5 mS per channel (.1 second/8 channels). The carrier was modulated by a
sine wave signal. The system’s response has remained well controlled and there is no
indication of any irregularity during these transitions.
16-CHANNEL PARALLEL DEMODULATOR.
The pulse width discrimination principal described above has allowed to demodulate timemultiplex, phase-shifted signal simply and precisely. A block diagram of the parallel
decoder is depicted in Figure 9. An input signal is pre-filtered (within a total frequency
band) and converted into square waveform signal, which is applied to the PFVCD. As
was described above, each PFVCD performs two functions: discriminates input
frequencies (durations) and demodulates a train of pulses into an original signal. The S/H
amplifier will “remember” the result until the other sample arrives.
A choice of a bandwidth (pulse width deviation) for an individual channel depends on
resolution and required SNR. For example, it is required to transmit an information at
8-bit resolution (256 times) and at least 10 dB SNR (approximately in 3 times). The
PFVCD’s noise level is equal to .6 pS [16]. This makes 1.8 pS deviation per bit to obtain
10 dB in SNR or 1.8 * 256 = 460.8 pS deviation per channel. Thirty nine point two
picoseconds between channels (quiet zone) will reliably separate the channels. This made
in total of 500 pS per channel or for all 16 channels of only 5 nS. In term of frequencies,
the result has to be double because the deviations were calculated for one half of the full
cycle.
CONCLUSION.
The system described in this article produces coherent phase-shift channels. It was shown
that there is a 3 dB design advantage for ideal coherent phase-shift key (PSK) over ideal
coherent frequency-shift key (FSK), with about the same equipment requirements [17].
Further more, the described system is free of crosstalk, requires less bandwidth then FM,

and interfaceable to CPU. Applications for the PFVCD is endless; FM frequency
synthesizer, F-to-V, telemetry, communication, ECM, ECCM and ect. With today’s
technology the PFVCD ran be implemented in a single IC chip.
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Figure 1 .
A result of a test on the stability of two commercially available sweep generators (Wavetek
Model 22 Stabilized Sweep Generator and B&K Precision 3020 Sweep/Function Generator) and
an SN74324 based VCO oscillator built on a breadboard.

Figure 6 - Volt-frequency characteristic of the PFVDC.
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ABSTRACT.
In most transmission channels, bandwidth is at a premium and an important attribute of
any good digital signalling scheme is to optimally utilise the bandwidth for transmitting the
information. The Data Compression System in this way plays a significant role in the
transmission of picture data from any Remote Sensing Satellite by exploiting the statistical
properties of the imagery. The data rate required for transmission to ground can be
reduced by using suitable compression technique. A data compression algorithm has been
developed for processing the images of Indian Remote Sensing Satellite. Sample
LANDSAT imagery and also a reference photo are used for evaluating the performance of
the system. The reconstructed images are obtained after compression for 1.5 bits per
pixel and 2 bits per pixel as against the original of 7 bits per pixel. The technique used is
uni-dimensional Hadamard Transform Technique. The Histograms are computed for
various pictures which are used as samples. This paper describes the development of
such a hardware and software system and also indicates how hardware can be adopted
for a two dimensional Hadamard Transform Technique.
KEYWORDS.
Data Compression, Hadamard Transform Coding, Quantizers, Walsh Vectors, pixels.
1. INTRODUCTION
The requirement for a satellite based earth resources imagery has been well established by
the NASA’s LANDSAT program. This has led to the increased user requirements on
spatial and spectral coverage and timely delivery of the data. Accomplishment of these
objectives require sensors operating with a bit rate of hundreds of megabits per second,
and a large bandwidth is required for transmitting this data to ground. By exploiting the

statistical properties of the satellite imagery, the data compression techniques provide
reduction in data transmission rate leading to smaller bandwidth for the transmission of
same information. The efficiency of data compression algorithm is measured by the
compressing ability, the resulting distortion and also by the implementation complexity.
Due to the latest technology of LSI and VLSI, onboard implementation of data
compressors, of late requires less hardware and hence has become simple and reliable.
2.0 THEORY
Basically image data compression is classified into two different categories. The first
category exploits the redundancy in the data and the compression is achieved using
predictive coding, DPCM etc., whereas in the other, called transform coding,
compression is achieved by an energy preserving transformation of the given image into
another array so that maximum information is packed into minimum number of samples.
2.1 Transform Coding
The purpose of image transform coding is to produce coefficients which are much less
correlated with one another thereby reducing the inherent redundancy in the description of
the image. This has the effect of compacting as much information as possible into few
coefficients. By coding only those coefficients in a suitable manner for transmission, it is
possible to reduce the amount of data to be transmitted with minimum degradation in the
image. The optimum transform for compressing the bandwidth of the images is Karhunen
Loeve Transform (KLT) which provides least mean square error in the coding
performance.(1). But the KLT is comparatively difficult to achieve since it requires
statistical knowledge of the image source apriori. As a result KLT is rarely used in
practice.
The Slant Transform has fixed basis vectors of a discrete saw tooth waveform that
decrease in uniform steps over its length. This is suitable for efficiently representing
gradual brightness changes in an image line. But this requires analog computation with its
inherent adjustments and stability problems.
Most commonly used transform coding in image processing are the Discrete Fourier
Transform (DFT) and Discrete Cosine Transform (DCT). For real time operations those
are not well suited as the hardware is quite complex and bulky. The Walsh Hadamard
Transform (WHT) was finally chosen for the present system not only due to the ease with
which it can be implemented with the advanced VLSI circuits but also the extensive
offline simulations have shown its efficiency to be comparable with other transform
techniques. The realization of one dimentional Hadamard Transform only is discussed in
this paper as the results have shown that this technique is sufficient for our objectives.

Walsh Hadamard Transforms are analogs of the Discrete Fourier Transforms (DFT).
Their basis functions are sampled Walsh functions which can be expressed in terms of
the Hadamard matrices H(n). These matrices can be generated using the following
recurrence relation.(2).

where H(0)=1 and n=log2 N; N being the number of terms in the series. For example,
with K=1 and K=2 we have Hadamard Transform of the order N=2 and N=4 as shown
below.

In the above it can be seen that the number of sign changes i.e, the sequencies are not in
natural increasing order. When the sequencies are arranged in natural increasing order it
becomes Walsh Hadamard Transform. Each of the basis vectors of the WHT is a series
of plus and minus ones and it performs the decomposition of a given function into
rectangular waveforms as distinct from the sine and cosine waveforms asssociated with
the Fourier Transform. It is this property which allows the transform to be computed so
easily. For carrying out one Dimensional Transform coding, each line of the picture scene
is first divided into blocks of 16 pixels. From so many earlier works the optimum size for
block is found to be 16.(1). Then these pixel blocks are multiplied by Hadamard matrix of
the order 16 to get 16 coefficients. The first coefficient is an average of the picture
elements within the block and it is modelled by a Raleigh Density. Each of the remaining
coefficients is made of linear combinations of the picture elements and this is modelled by
Gaussian Density.
2.2 Bit Selection
The number of bits for transmission from a block of 16 coefficients is decided by the
number of quantization levels (whether non linear or linear) in each coefficient. There are
generally two ways in which the quantization levels are fixed namely, Zonal Sampling and
Threshold Sampling.(1). In Zonal Sampling, only the low sequency components of the
image are transmitted in full while higher components are not transmitted at all as

most of the energy of the image is contained only in the low sequency components. In
Threshold Sampling the threshold is fixed and a decision is made to transmit sequency
coefficient adoptively whenever it crosses the threshold. This is highly adaptable but the
hardware complexity is quite high. The technique that is adopted in this study does not
fall under any of the two categories. From a large number of software simulations on the
nature of the various images, the number of bits required for transmitting the various
sequencies have been found out and accordingly compression algorithm has been worked
out statistically.
3.0 SOFTWARE SIMULATION
For carrying out the software simulation 12 picture scenes including imageries from
LANDSAT, BHASKARA, Aerial Survey and some portraits have been used. The digital
imageries are classified into sizes of 512 pixels x 300 to 700 lines depending on the size of
the imagery. Each line of digitised image is grouped into blocks of 16 and the 16
coefficients are obtained by multiplying with the Walsh Hadamard Matrix of order 16. The
range of values of the 16 coefficients for all the blocks of each of the image are tabulated
in TABLE-I. The statistically significant quantization levels of the various coefficients
have been found out from the table. For the coefficient C1 uniform quantization is
adopted for the full range. For the coefficient C2 the sequency values are concentrated
mostly over the middle of the range and subsequently C3 onwards the value reduces and
tapers down to near zero. The selection of the number of bits is done such that the lower
sequencies have more bits and higher sequencies have less bits. Nonlinear quantizers have
been designed for C2 to C9 as per the tables II, III, IV & V. The number of bits for
transmitting the 16 pixels of the information are also highlighted in the Table VI from
which it is seen that only 2 bits are transmitted for every 112 bits of imagery leading to the
compression ratio of 1:4.67. The Compressed picture is reconstructed using the inverse
Hadamard Transform and also carrying out the reverse operations on the quantizer. The
original and the reconstructed pictures are shown side by side and the effectiveness of the
compression has been analysed for compression ratio of 4.67 and 3.5 as shown in
Appendix-A.
4.0 HARDWARE ASPECTS
The Block Schematic of the hardware is shown in Fig.1. The 7 bit digitised image data is
converted to parallel and then fed to the Arithmetic Logic Unit (ALU) and other circuits
for carrying out the Walsh Hadamard Transform multiplication. The Walsh vectors are
programmed in a PROM which are also fed to the ALU. The ALU performs the functions
of additions and subtractions sixteen times depending on the Walsh Vectors when each
pixel arrives at the ALU input. Output of the ALU which correspond to the coefficients
C1 to C16 are stored in a RAM sequentially in 16 locations and these are available at the

other input of the ALU for the next iteration. Thus, the operations are carried out in the
ALU sequentially 16 times as the pixel 1 to pixel 16 arrive at the input of ALU, for
obtaining the final transform coefficients. These are latched at the output. These
coefficients are passed through the quantizer PROM wherein the number of bits for
transmission are decided. These bits are serially shifted out for final transmission along
with the Frame Synchronising Code. The full encoder consists of 75 ICs and the power
dissipation is only 12 watts by using 54 F series ICs. Work is under progress for the
design of the quantizer using two Dimensional Hadamard Transform Technique. It is
proposed to find out the periodicity of occurrence of the coefficients and then decide the
different nonlinear quantizers for each coefficient. For implementation of the same the
present hardware has to be suitably augmented with additional quantizers leading to
marginal increase in the hardware. But this is expected to give much more compression
ratio.
5.0 CONCLUSION
The purpose of the work described in the paper is to evaluate the effectiveness of the
Walsh Hadamard Transform Technique for compression of the Satellite Video Imagery.
The software results show a very good performance and the compression ratio is quite
appreciable. The hardware is also simple to implement and hence will be more attractive
for spacecraft applications. The development of the system has been influenced strongly
by the earlier works done on these techniques.(3).
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TABLE. II QUANTIZER FOR C2
Input
-28
-19
-10
-2
-1
2
11
21

TABLE. III QUANTIZER FOR C3/C4

Mean Output
to -63
to -27
to -18
to -9
to +1
to 10
to 20
to 63

Input

-32
-23
-14
-5
0
5
16
26

-15
-10
-6
-2
-1
2
6
11

TABLE. IV QUANTIZER FOR C5/C6/C7
Input
-7
-2
-1
3

-9
-4
0
5

to -63
to -14
to -10
to -5
to +1
to 5
to 10
to 63

-17
-12
-8
-3
0
3
8
13

TABLE. V QUANTIZER FOR C8/C9

Mean Output

to -63
to -6
to +2
to 63

Mean Output

Input
-4
-2
-1
3

Mean Output

to -63
to -3
to +2
to 63

-4
-2
0
4

TABLE. VI
No.of bits/block
before compression

No. of bits/block
after compression

7 bits/pixel x 16

C1
C2
C3
C4
C5

= 112 bits

C6
C7
C8
C9
C10 to C16
Compression ratio

-

5
3
3
3
2

=

2
2
2
2
0
24 bits

112/24 = 4.67

APPENDIX

ORIGINAL

RECONSTRUCTED
ORIGINAL
RECONSTRUCTED
2 BITS/PIXEL
1.5 BITS/PIXEL
AERIAL IMAGE

ORIGINAL

RECONSTRUCTED
ORIGINAL
RECONSTRUCTED
2 BITS/PIXEL
1.5 BITS/PIXEL
LANDSAT IMAGE

ORIGINAL

RECONSTRUCTED
ORIGINAL
RECONSTRUCTED
2 BITS/PIXEL
1.5 BITS/PIXEL
BHASKARA IMAGE

ORIGINAL

RECONSTRUCTED
ORIGINAL
RECONSTRUCTED
2 BITS/PIXEL
1.5 BITS/PIXEL
MURPHY BABY IMAGE
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ABSTRACT
The noise performance of the sawtooth phase detector when demodulating a sinusoidal
subcarrier plus direct data modulation is studied. At predetection signal-to-noise ratio
(SNR) levels of about 10 dB or more, significant improvements in the postdetection SNR
of the subcarrier can be obtained using the sawtooth detector rather than a linear
multiplier. Below predetection SNR levels of about 10 dB, significant improvements can
still be obtained; however, a threshold occurs and the performance degrades until leveling
off at 3.2 dB worse than that of a linear multiplier. The predetection SNR level where the
sawtooth detector performance becomes worse than that of a linear multiplier depends
upon the subcarrier and direct data modulation indices. Performance curves are given
between predetection SNR levels of -20 dB and +20 dB for various values of subcarrier
modulation index and direct data modulation index.
INTRODUCTION
A sinusoidal subcarrier summed with direct data is often used as the baseband signal
format in phase-modulated (PM) telemetry links. To demodulate the composite PM
signal, ground receivers will typically use a phaselock loop (PLL) with a sawtooth phase
detector because of its extended linear characteristic curve. Previous analysis [1,2] of the
noise performance of this detector has assumed subcarrier-only modulation and ignored
the case of a subcarrier summed with direct data. In this paper, the more general case is
examined. The results show that, at high predetection signal-to-noise ratio (SNR) levels,
the sawtooth phase detector can produce a significantly greater subcarrier SNR than a
linear multiplier, with maximum improvement obtained at predetection SNR levels of
10 dB and greater. A threshold effect similar to that of FM demodulators occurs at a
predetection SNR of about 10 dB. Below this level, the performance degrades to a worst

case of 3.2 dB less than that obtained from a linear multiplier. The linear multiplier is used
for comparison because it is the assumed phase detector in many link analyses.
Theoretical curves are plotted in this paper for the sawtooth detector performance at
various values of predetection SNR, subcarrier modulation index, and direct data
modulation index. The curves are plotted relative to a linear multiplier to emphasize the
nonlinear performance.
LINEAR PHASE DETECTION THEORY
Typical calculations of the performance of a PM system implicitly assume that a linear
multiplier is used for the phase detector in the receiver PLL. This detector would be
physically implemented with a mixer and an AGC circuit to keep the input signal power to
the mixer constant. The resulting characteristic curve is sinusoidal in shape as shown in
Fig. 1a. Assume that the input carrier to this phase detector is phase-modulated with a
sinusoidal subcarrier plus direct data,
s(t)
where:
A
Tc
Tm
$s
$d
c(t)

= Acos[Tct + $ssinTmt + $dc(t)]

(1)

= peak input signal amplitude
= radian frequency of the carrier
= radian frequency of the subcarrier
= peak phase deviation (modulation index) of the subcarrier
= peak phase deviation (modulation index) of the direct data
= ±1 represents the direct data

The input noise to the phase detector will be additive and modeled by the usual
narrowband approximation. This consists of independent in-phase Ni(t) and quadrature
Nq(t) Gaussian noise components in a narrow bandwidth about the carrier frequency Tc,
n(t) = Ni(t)cosTct - Nq(t)sinTct

(2)

The reference signal for this detector will be in quadrature with the input carrier signal,
Sref(t) = -sinTct

(3)

The noise is assumed to have constant density No throughout the predetection bandwidth
Bpre. Also, the average power of the in-phase and quadrature noise components is
assumed equal so that,
(4)

The output signal (plus noise) of the detector is obtained by multiplying [s(t) + n(t)] by
Sref (t). The output signal-to-noise ratio (SNRo) is defined to be the power of the
subcarrier component at Tm divided by the total random noise power. Postdetection
filtering would presumably be used to separate out the subcarrier and reduce the noise
power; however, its effect will not be discussed until a later section. Detailed calculations
of the output SNR of the subcarrier are given in the appendix. The result is given here,

(5)
where:

It can be verified by expansion of Equation (1) that the numerator of Equation (5) is
exactly equal to the ratio of subcarrier power to total power in the RF spectrum. This is
an expected result because the linear multiplier simply translates the fundamental
subcarrier components from the RF spectrum down to baseband. Also note that the
output SNR is directly proportional to the predetection SNR for all values of predetection
SNR (i.e., there is no threshold effect).
SAWTOOTH PHASE DETECTOR THEORY
The sawtooth phase detector has been used widely because of its extended linear
characteristic curve. It can be implemented by hard limiting and differentiating the
predetection and reference signals, then toggling the inputs of an RS flip-flop with them to
obtain a characteristic curve that extends from ! B to + B as shown in Fig. 1b.
Assume at first that the predetection SNR is very high (D>>1). The shape of the detector
characteristic curve is linear from ! B to + B; therefore, the voltage at the detector output
will be an exact replica of the phase modulation on the carrier (assuming, of course, that
the phase deviations do not exceed ± B). By inspection of Equation (1), the subcarrier
signal at Tm and its power level at the detector output will be,
v(t) = $ssinTmt

(6)

(7)

To calculate the noise power at the detector output, first note that the relative phase of an
unmodulated carrier signal plus additive Gaussian noise can be described by the following
probability density function [3],
(8)
where

Because of the linear shape of the sawtooth detector characteristic curve, the phase of this
unmodulated carrier will transform directly to a random noise voltage at the detector
output. This random noise voltage can also be described by the probability density
function of Equation (8).
Equation (8) applies only to an unmodulated carrier. When the carrier is phase-modulated,
additional noise can be expected at the detector output due to interactions between the
modulation and the noise. Ghais and Wachsman [1] showed that, for sinusoidal
modulation, the noise power output can be separated into two terms. The first term is
equal to the variance FN2 of Equation (8) and represents the noise power from an
unmodulated carrier. The second term is the additional noise due to nonlinear products of
the modulation and interactions between the modulation and the noise. They showed that,
at high and low values of predetection SNR, the second term is insignificant to FN2 and can
be neglected. At intermediate values of predetection SNR, the second term becomes more
significant as the peak phase deviation of the modulation rises, but part of the additional
noise power is due to nonlinear products of the modulation, which are not being
considered as noise here. Based upon the above observations and for mathematical
simplicity, only the unmodulated noise power FN2 will be used as the output noise power
from the detector for this paper.
At high predetection SNR (D>>1), Equation (8) is approximately Gaussian and can be
expressed as,
(9)
where

Again, we will define the output SNR to be the power of the subcarrier component at Tm
divided by the total random noise power FN2 . The output SNR of the subcarrier at high
predetection SNR can now be calculated,
(10)
Note that the output SNR for D>>1 is independent of the direct data Modulation. When
comparing Equation (10) to Equation (5) it is seen that, at high predetection SNR, the
sawtooth detector can produce a significantly greater output SNR than the linear
multiplier. For example, using Equation (11) and choosing $s and $d to be 0.5 and 1.1
radians, respectively, an improvement of 7.1 dB is obtained.

(11)

The sawtooth detector performance can also readily be evaluated at very low predetection
SNR levels (D<<1). Previous works [1,2,4] have shown that the presence of noise tends
to reshape the characteristic curve of the detector into a sinusoidal shape described at
very low values of D by,
(12)
The angle $ represents the relative phase of the carrier due to the phase modulation. A
qualitative explanation for this reshaping can be made by referring to Fig. 2. For a fixed
phase offset $o , the phase noise will produce excursions along the characteristic curve
above and below the operating point. Some of these excursions will exceed B radians
and, because of the periodicity of the characteristic curve, will go negative. The average
value at the detector output will be reduced, thus we have modulation suppression.
For the case of a sinusoidal subcarrier summed with direct data modulation, the subcarrier
component at the detector output can be calculated by letting $ = $ssinTmt + $dc(t).
Expansion of Equation (12), with the help of Equations (A-7) and (A-8) from the
appendix, will show the subcarrier signal at Tm and its power level at the detector output
to be,
(13)

(14)

At low predetection SNR levels (D<<1), Equation (8) becomes uniform over the
interval [!B, + B] so the total noise power at the detector output will be,

(15)
The output SNR of the subcarrier at low predetection SNR levels can now be calculated,

(16)
Note that the output SNR for D<<1 is highly dependent on the direct data modulation.
When comparing Equation (16) to Equation (5) it is seen that, at very low predetection
SNR, the sawtooth detector performance is 2B/3 or 3.2 dB worse than that of a linear
multiplier.
The problem now remains to calculate the sawtooth detector performance at intermediate
values of predetection SNR and determine how high the predetection SNR must be to
actually attain the improvement of Equation (11). This calculation is complicated because
in this region the detector characteristic curve is not linear or sinusoidal, but something in
between. Previous detailed analysis [1] of the noise performance of the sawtooth detector
assumed sinusoidal modulation only and showed the detector to exhibit a threshold effect
similar to that of an FM demodulator. For this paper, the work done in Ref. 1 was
expanded to treat the more general case of sinusoidal modulation summed with direct data
modulation. Using the methods of Ref. 1, the output power of the subcarrier component
at Tm was calculated for predetection SNR levels between !20 dB and +20 dB. The total
output noise power at each predetection SNR level was then calculated by evaluating the
variance FN2 of Equation (8) using a numerical integration routine. The resulting output
signal-to-noise ratios are plotted in Fig. 3 relative to those calculated from Equation (5) for
the linear multiplier. The plots in Fig. 3 show that the detector gives full improvement at
predetection SNR levels of about 10 dB or more. Below D = 10 dB, the performance
degrades until the output SNR reaches a worst case of 3.2 dB below that of the linear
multiplier. In general, the point at which the sawtooth detector gives superior performance
compared to the linear multiplier depends slightly upon the subcarrier modulation index $s
and highly upon the direct data modulation index $d .
POSTDETECTION FILTERING
Throughout this paper, the total (unfiltered) noise power at the detector output has been
used in SNR calculations. In practice, a bandpass filter would be placed at the detector

output to extract the subcarrier component Tm and reduce the noise power. If the spectral
density of the output noise was flat, the noise power would be reduced by a factor of
2Bsub/Bpre, where Bpre/2 is the unfiltered postdetection bandwidth and Bsub is the
subcarrier filter bandwidth. This would apply to the linear multiplier, where the RF
spectrum is folded over into the baseband spectrum. It would also apply to the sawtooth
detector at high predetection SNR levels (D>>1), where the output spectrum is white [5].
However, it would not directly apply to the sawtooth detector at lower predetection SNR
levels, where the output spectrum is complex due to the nonlinear behavior of the
detector. This represents a limitation to the curves of Fig. 3, which are valid for unfiltered
noise but should be used with some caution for filtered noise.
CONCLUSION
This paper has examined the noise performance of the sawtooth phase detector when
demodulating a sinusoidal subcarrier plus direct data modulation. It has demonstrated
that, at higher predetection SNR levels, the sawtooth phase detector can produce a
significantly greater postdetection subcarrier SNR than a linear multiplier. This occurs
because the sawtooth detector directly extracts the phase modulation from the carrier
rather than transforming the RF spectrum down to baseband, like the linear multiplier
does. The advantage of the sawtooth detector fades at lower levels of predetection SNR,
mainly because of modulation suppression due to the noise. This information, coupled
with the performance curves contained within, can give system engineers a better
understanding of the performance of their PM links.
REFERENCES
1.

Ghais, A. F. and Wachsman, R. H., “SNR Behavior of Coherent Phase
Demodulators,” Task V Final Report, Contract NAS5-9742 Performed for the
NASA Goddard Space Flight Center, September 30, 1965.

2.

Pouzet, A. H., “Characteristics of Phase Detectors in Presence of Noise,”
Proceedings of the International Telemetering Conference, Los Angeles, Vol. 8,
pp. 818-828, 1972.

3.

Schwartz, M., Information Transmission, Modulation, and Noise, Second Ed.,
McGraw-Hill, New York, 1970, pp. 454-457.

4.

Chadima, G. E., “Phase Noise Theory Applied to Detection,” Research Report
No. 272, Collins Radio Company, March 15, 1963.

5.

Carlson, A. B., Communication Systems: An Introduction to Signals and Noise in
Electrical Communication, Second Ed., McGraw-Hill, New York, 1975, pp. 275-278.

APPENDIX: Calculation of the Linear Multiplier Output Signal-to-Noise Ratio
The output SNR of the linear multiplier will be calculated by taking the input signal and
summing it with the noise, then multiplying the sum by the reference signal. Double
frequency terms will then be removed, leaving only the baseband signal and the noise. The
direct data, harmonics of the subcarrier, and cross products between the direct data and
the subcarrier will then be removed, leaving only the subcarrier signal and the noise at the
detector output. To begin, we repeat expressions from the text for the input signal s(t), the
additive noise n(t), and the reference signal sref(t),
(A-1)
(A-2)
(A-3)
The detected output signal (plus noise) can be calculated as follows,
(A-4)

(A-5)
After filtering out the double frequency (2 Tc ) terms,
(A-6)
To further expand v(t), the following relations involving Bessel functions of the first kind
will be useful,
(A-7)

(A-8)

The output signal (plus noise) becomes,

(A-9)
The first term in Equation (A-9) corresponds to the subcarrier component alone. The
second term corresponds to odd harmonics of the subcarrier. The third term corresponds
to the direct data alone. The fourth term corresponds to cross products between the
subcarrier and the direct data. The final term corresponds to the output random noise.
Only the subcarrier component at Tm is of interest here. The subcarrier signal vs(t) and its
power
at the detector output will be,
(A-10)

(A-11)
The random noise term in Equation (A-9) represents the total noise (unfiltered) at the
detector output. It will have a power of,

(A-12)
The output SNR of the subcarrier can now be calculated from Equations (A-11) and
(A-12),

(A-13)

where

Fig. 1 Phase detector characteristic curves.

Fig. 2 Sawtooth detector reshaping.

Fig. 3 Sawtooth detector performance.
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ABSTRACT
The performance is presented of a spread spectrum communication system utilizing
binary phase shift keying (BPSK), differential binary phase shift keying (DBPSK), and
8-ary frequency shift keying (FSK) signals in the presence of partial band jamming noise
and tone noise. A combination of coding, interleaving, and diversity techniques provides
the best antijamming capability.
INTRODUCTION
Satellite communication systems are vulnerable to hostile jamming. The use of spread
spectrum signals provides a measure of protection against in-band interference (jamming).
The amount of protection is given in terms of processing gain (1) which is defined as the
ratio of spread bandwidth, W, and data rate, Rd. Two types of jamming are considered:
partial band noise jamming and partial band tone jamming. For partial band noise
jamming, the total jammer power, J, is spread evenly over a fraction, F(0<F<1), of the
spread bandwidth, W. The effective jammer power density is (J/FW). For partial band
jamming, the total jammer power, J, is evenly divided among jammer tones. For jamming
against DBPSK, the jammer is assumed to place tone at the center of the DBPSK data
interval.
There are two classes of spread spectrum techniques. The first is called direct sequence
(DS) spread spectrum. This is generated by multiplication of the data stream by a pseudorandom (PN) sequence whose chip rate, Rc, is many times the binary data rate, Rd. The
second type is called frequency hopping (FH) in which the spread signal may change
frequency for each data bit or after several bits. The DS spread signals are coherently
demodulated, whereas FH spread signals are noncoherently demodulated. The channels
perturbed by partial band noise have phase as well as amplitude variations. It is desirable
to employ modulation techniques which exploit short-term coherence.

It is known (2,3) that for a coherent Gaussian channel of spectral density, No, with a
constraint length, k = 7, rate r = 1/2 convolution code, and soft decision Viterbi decoder,
the bit energy to noise ratio, Eb/No, required to achieve a bit error probability equal to 10-5
is reduced by approximately 5 dB as compared to that required for uncoded BPSK
transmission for the same bit error probability.
The purpose of this paper is to derive the Eb/Nj required to achieve an error probability
equal to 10-5 for coded FHBPSK, FHDPSK, and FH8FSK signals in the presence of
partial band jamming when there are multiple data bits per single frequency hop.
FHBPSK SIGNALS
Let Tc be the hop time and S the signal power. Then
E = STc = S/Rc
is the total energy available per hop. The effective noise density is

where

and No is the power spectral density of additive white Gaussian noise. Assume that each
hop interval consists of N BPSK signals, where the first (N-4) bits are known reference
bits while the last four bits are data bits. It is assumed that phase is constant within the
hopping but is not constant from hop to hop. The energy per data bit is

Suppose that the first (N-4) reference signals provide a reference phase error 6. Then the
bit error probability is given by

assuming that Nj > > No, where

and

The analysis follows from the results of (4). Let the received signal be

where

and wh = 2Bfh ; fh is the carrier hopping frequency. Let Tb = Tc/N and n(t) be the white
Gaussian noise. Let us denote the inphase and quadrature detector output by

and denote

where

where {nK} and {n~ K} are identically independent Gaussian random variables with mean
zero and variance No/2. The independence is obtained by interleaving the data (5). Now
we obtain the phase error estimate (6) as follows:

where

Now, using the fact

(3)

Equation (2) becomes

(4)

Therefore, from Equations (1) and (4), the conditional bit error probability is given by

where
(5)

We note that no and n~ o are Gaussian random variables with zero mean and variance 1.
Therefore, the bit error probability is

(6)
The plots of PE for F = 0.1, 0.4, 0.5, 0.6, 0.9, and N = 5, 6,..., 20 are given in Figures 1
through 5.
The worst case occurs when F = 0.1. When N = 5 (Eb/NJ) = 22.5 dB for PE = 10-5. This
implies that one bit it allotted for phase reference. Using the convolution code with k = 7,
r = 1/2, quantization level M = 8, Eb = 14.5 dB for PE = 10-5. The coding gives an
advantage of 8 dB.

FHDPSK SIGNALS*
For a binary DPSK signal in the presence of noise jamming, the probability of bit error
rate is given by

(7)

where x = Eb/Nj. The bit error rate for the tone jamming is given by

(8)

The effective Eb/NJ required for PE = 10-5 for partial band noise jamming is 8.4 dB and for
partial band tone jamming is 12.7 dB. For a PN DBPSK in the presence of partial band
noise jamming (7), the effective (Eb/NJ) required for PE = 10-5 is 8.4 dB.
FH8FSK SIGNALS**
As mentioned before, FH systems are not hop-to-hop coherent. Even though DPSK
modulation is preferable for a system which sends more data per hop, it is desirable to
use FSK modulation when one bit or a fraction of a bit is sent per hop. The bit error
probability for 8 FSK in the presence partial band noise without diversity (10) is given by

where c = 3 Eb/Nj.
With fourfold chip diversity, the coded system has an advantage of 8 dB at PE = 10-5 over
the no diversity; but a coded signal with diversity has more than 40 dB advantage over no
diversity in an uncoded system at the same error rate. In all cases, optimum interleaving
(5) has been used to guarantee the memoryless channel such that soft decisioning can be
applied.
*

See (4)

**

See (2), (4), (7)-(9)

SUMMARY
For transmission of several data (symbols) per hop, the desirable DPSK spread spectrum
signal is that which needs 8.4 dB of Eb/Nj for PE = 10-5. The 8 FSK spread spectrum
signals are preferable for transmission of one or a fraction of a data symbol per hop to
obtain a bit error probability PE = 10-5 when Eb/NJ = 9 dB. In either case, signals are to be
coded and interleaved and decoded using soft decisioning to yield the above bit error
probability.
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FIGURE 1. BIT ERROR PROBABILITY FOR F = 0.1

FIGURE 2. BIT ERROR PROBABILITY FOR F = 0.4

FIGURE 3. BIT ERROR PROBABILITY FOR F = 0.5

FIGURE 4. BIT ERROR PROBABILITY FOR F = 0.6

FIGURE 5. BIT ERROR PROBABILITY FOR F = 0.9
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ABSTRACT
This paper discusses measured performance of double density recording. Tests
were conducted using different recorders, playback machines, and magnetic tapes. The
main topics discussed are slot signal-to-noise ratio (SNR) and high density digital bit error
rate (BER).
INTRODUCTION
These tests were conducted primarily to measure the slot SNR and high density
digital BER performance of double density (aka half speed) recording. Double density
recording basically means the recording of signals at twice the frequency of Inter-Range
Instrumentation Group (IRIG) wideband II at the same tape speed. At a tape speed of 30
inches per second, double density recording has an upper frequency of 1 MHz (30
microinch wavelength) versus 500 kHz (60 microinch wavelength) for IRIG wideband II.
This means that the recording time on a reel of tape is twice as long with double density
as with IRIG wideband II. The double density head configurations used in this test were
IRIG in-line heads with 25 mil track widths. The majority of the recording was done on
two airborne recorders (different models). One tape was recorded on a laboratory
recorder. The majority of the playbacks were done using two laboratory recorders
(different models). This was done to more closely simulate the recording scenario of a
particular project. The recording speeds were 7.5 and 30 inches per second.
The tapes used in this test were Ampex 721 and Minnesota Mining and
Manufacturing 5198. Several reels (from more than one lot) from each manufacturer were
used. One reel of Ampex 799 tape was also used. This tape yielded SNRs that were 6-10
dB lower than the other tapes at a wavelength of 30 microinches. The high density digital
data at packing densities of 40 kilobits per inch (kbi) suffered from a lack of bandwidth
with 799 tape. This was apparent because most of the bit errors were due to single bits
which were low in amplitude.

The test setups are shown in figure 1. All of the test equipment was under computer
control with the exception of the multicoupler, PCM bit synchronizer, and analog
oscilloscope. During the high density digital recording tests, a 2047-bit pseudo random
signal was recorded on tracks 2 through 13 of the recorder. The codes recorded were
non-return-to-zero level (NRZ-L) and Miller (DM-M). The packing densities were varied
from 20 kbi to 60 kbi. The playback technique was:
1.

Align azimuth for best output of the track under test

2.

Adjust equalizers for “good” eye pattern

3.

Measure errors per ten million bits and record results on computer disk. The digital
oscilloscope was set up to record playback output when errors occurred.

A series of sine waves was recorded during the slot SNR and frequency response tests.
The frequencies recorded were: 1 kHz, 10 kHz; and 0.1, 0.25, 0.5, 0.75, 1.0, and 1.25
times the upper bandedge frequency of the recorder. A time interval with no input signal
was also recorded between each frequency to allow measurement of the noise power at
each frequency. The normal record level for these tests was the level that produced
approximately 3.5 percent third harmonic distortion. Sine wave signals were also recorded
at levels 2 dB greater and 3 and 6 dB smaller than this level. The playback test was
synchronized to the data recorded on tape by recognizing the start of a recorded signal
with frequency equal to one-half of the upper bandedge. This signal was also used to
correct for tape speed variations between machines by varying the measurement
frequencies of the wave analyzer. The second and third harmonics of the signal recorded
at 0.1 times the upper bandedge were also measured. In addition, the unfiltered wideband
SNR was measured. An IRIG B time code signal was also recorded on baseband to
check the low frequency capability of double density recording. All recordings were made
on virgin tapes that were degaussed before use. The reproduce equalizers were the normal
IRIG wideband Group II equalizers except that the 60 inch per second equalizer was used
for 30 inch per second double density playback. The equalizers were only adjusted if the
eye pattern looked “poor”.
HIGH DENSITY DIGITAL RECORDING TEST RESULTS
The bit error rate for 40 kbi NRZ-L reproduced at 30 inches per second varied from 10-6
to 10-9 on tracks 5 through 10 for the tapes tested . The error rate and loss of
synchronization rate were higher for tracks near the edge of the tape. The error rate does
not include intervals where synchronization was lost. The probability of loss of
synchronization varied from tape to tape and from recorder to recorder. The worst tape
had a loss of synchronization approximately every 5 X 108 bits when reproduced on the

recorder with the fewest losses of synchronization. No other tape exhibited a loss of
synchronization on tracks 5 through 10 with this recorder at 40 kbi (approximately 4.7 X
109 bits were tested with other tapes). The worst recorders had a loss of synchronization
approximately every 5 X 108 bits with the “good” tapes. The rate with tape type A was a
loss of synchronization approximately every 1 X 109 bits and with tape type B
synchronization was lost approximately every 2.8 X 108 bits. One of the type B tapes had
a 10 - 15 dB dropout of 400 - 500 microsecond duration every 1.457 seconds at 30
inches per second. One of these dropouts is shown in figure 2. This occurred throughout
the entire tape on tracks 7 and 8 with the same time between dropouts. Therefore, these
dropouts must have been produced during the tape manufacturing process. This tape was
not included in the loss of synchronization rate calculated for tape type B. The loss of
synchronization rates for 60 kbi NRZ-L reproduced at 30 inches per second were similar
to those for 40 kbi NRZ-L while the bit error rates were approximately ten times larger for
60 kbi than 40 kbi. Plots of bit error rate versus time are shown in figures 3 through 9 for
several tape and recorder combinations. Problems were encountered when the NRZ-L
data was reproduced at 7.5 inches per second. The majority of bit errors under these
conditions were due to baseline wander effects (pattern sensitivity). The bit error rate
varied from approximately 10-4 to 5 X 108. The variation appeared to be mostly caused by
phase and amplitude equalization effects. Some equalizers could not be adjusted to give
good data at 7.5 inches per second with NRZ-L data. Similar problems were also
encountered at 60 kbi at 30 inches per second on one recorder. It should be emphasized
that the equalizers were not designed for double density recording and in one case the
reproducer and electronics are more than 10 years old. Therefore, the use of NRZ type
codes at playback bit rates below 400-500 kb/s or at packing densities above 50 kbi with
normal recorders and double density heads should be approached with caution. Proper
phase equalization is especially important. The digital recording discussed in this section
used a higher than normal record level (approximately 3.5 percent third harmonic
distortion with same level sine wave). Tests will be conducted to determine the effect of
record level on BER and on SNR margin. It should also be emphasized that these test
results are based on a small sample of tapes and recorders.
SLOT SNR TEST RESULTS
The results of the slot SNR tests are shown in Table 1. This data shows that tape
type A yielded SNRs that were 2-4 dB better than tape type B at both upper bandedge
(UBE) and one-tenth UBE. Typical slot SNRs for an IRIG wideband group II
recorder/reproducer with a tape speed of 60 inches per second and 50 mil track widths
are 71 dB at 0.1 UBE and 59 dB at UBE. Therefore, the use of IRIG in-line double
density recording degraded the slot SNR by 13 to 28 dB at UBE and 8 to 14 dB at 0.1
UBE. Reducing the tape speed and track widths by a factor of 2 will degrade the SNR by
6 to 12 dB (3 to 6 dB for each parameter). The amount of reduction depends on whether

most of the noise is generated in the tape or the heads and preamplifiers. Typical slot
SNR data is plotted in figures 10 through 14.
Several other parameters were also measured on a limited basis during the slot SNR
tests. The crosstalk between tracks was the worst at UBE and was approximately -28 dB
at 30 inches per second. When the azimuth was peaked on one track, all other tracks
measured were within 2 dB of their best azimuth adjustment at UBE. The reproducer
output was frequently not the same in forward and reverse directions. The variations were
as large as 5 dB (usually less than 3 dB) and were independent of frequency. The reverse
direction usually yielded the highest signal output. This may be due to imperfect head
transducer alignment and slight tape tracking differences between forward and reverse
directions of play. This also accounts for some of the difference between double density
and normal density slot SNRs. The baseband IRIG B time code signal could be properly
decoded at playback speeds of one-half the record speed. Slowing the tape down by a
factor of 4 created problems for the time code reader. All of these parameters will vary
with different heads and recorders.
CONCLUSIONS
The major conclusions are:
Fourteen track IRIG in-line double density recording yielded significantly lower slot
SNRs (8 to 14 dB lower at 0.1 UBE, with greater degradation at shorter wavelengths) than
fourteen track IRIG wideband II recording. This is mainly due to narrower tracks and
slower tape speeds. The difference would be less for 28 track systems.
2.
Serial high density digital recording at linear packing densities of 40 to 50 kbi (NRZ
codes) with double density heads and tapes yields acceptable BERs. The SNR margin is
less than with packing densities of 20 to 25 kbi and IRIG wideband II heads and tapes.
3.
The rate of synchronization lose appears to depend on the type of reproduce
machine.
4.
Type A tapes provided higher SNRs, fewer dropouts and more consistent
performance than type B tapes.
5.
A potential problem area exists in the playback of NRZ signals at low tape speeds
especially when old reproduce electronics are used. This problem needs further
investigation.
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TAPE TYPE A
7.5 inches per second:

TAPE TYPE B

0.1 UBE

UBE

0.1 UBE

UBE

Minimum slot SNR

52.2

36.8

50.9

31.7

Maximum slot SNR

59.1

38.5

54.7

37.2

Average slot SNR

55.9

37.6

51.6

34.1

Minimum slot SNR

59.3

33.1

56.9

31.1

Maximum slot SNR

63.0

46.2

61.1

41.1

Average slot SNR

61.0

41.1

58.7

36.9

30 inches per second:

Table 1. Double Density Slot SNR test results for two
types of tape (3.1 kHz slot bandwidth and approximately
3.5 percent third harmonic distortion)

FIGURE 1. TEST SETUPS.

FIGURE 2. PERIODIC DROPOUT TAPE B1.

FIGURE 3. BER PROFILE for TAPE B1.

FIGURE 4. BER PROFILE for TAPE A1.

FIGURE 5. BER PROFILE for TAPE A1.

FIGURE 6. BER PROFILE for TAPE B2A.

FIGURE 7. BER PROFILE for TAPE A2.

FIGURE 9. BER PROFILE for TAPE B2A.

FIGURE 8. BER PROFILE FOR TAPE B2B.

FIGURE 10. SLOT SNR for THREE RECORD
LEVELS (3 db STEPS)

FIGURE 11. SLOT SNR for THREE TYPE A TAPES

FIGURE 12. SLOT SNRs for THREE PLAYBACK MACHINES

FIGURE 14. SLOT for THREE DIFFERENT TAPES.

FIGURE 14. SLOT SNRs for SINGLES and DOUBLE DENSITY.

THE CLEANING AND TESTING OF MAGNETIC TAPES
Lester H. Lee
President, Recortec, Inc.

ABSTRACT
Description of various off-line magnetic tape cleaning techniques and testing process to
measure defects of tape before using it for tape recording applications. Discussions are
made on the type of cleaning methods and also the ways and means to achieve better
evaluation results.
INTRODUCTION
Ever since the beginning of the magnetic recording industry there has been a constant
awareness of the need for taking proper care of magnetic tapes by the users. The
operating personnel in most tape recording installations realize that lack of proper care to
the tapes could result in inconveniences and significant amount of unnecessary
expenditure. Tape manufacturers spend a great deal of effort to insure that tapes are made
error-free. They also try to make all tapes durable enough to permit reuse and storage
over a long period of time.
Despite all the efforts devoted to the proper care and attention to tapes in use, there is
really no absolute guarantee that playback problems will not occur especially if the tapes
have been used over and over again. Magnetic tapes are made of minute pigment particles
adhered to a polyester substrate by means of a binding material. Due to the constant
stretching and distortion of tapes under use plus aging during storage, the oxide particles,
especially those located at the edges have a tendency to break loose. These loose
particles plus any accumulation of atmospheric dust, provide the rubbing compound
which further generates more loose oxide particles. If these particles are permitted to
adhere to the tape surface, a slight tape to head separation will occur during playback.
This separation will result in degraded playback signal causing dropouts. On the other
hand, if these loose particles are removed from the tape surfaces, not only dropouts are
reduced, the tape will last much longer because there will be less rubbing agent to cause
further surface degradation.
In addition to dropouts caused by surface defects, magnetic tapes are also susceptible to
edge damages which cause greater amplitude fluctuations at the edge tracks. These edge

damages can easily be generated if the tape recorder is not properly aligned or tape is
allowed to rub against guide edges during rapid shuttling of tapes in high speed winding
modes.
A third common tape problem is in achieving a solid uniform tape pack free from cinching
and scattered winds. A poorly packed reel of tape is extremely prone to tape cinching and
edge crushing especially when the flanges are squeezed during handling and storage.
MAGNETIC TAPE CLEANER/WINDERS
To meet the demand for a device to keep tapes clean and properly packed, Recortec has,
for the past seventeen years, been making its tape handling products for major tape users
in the recording industry. These tape cleaners are built around a proprietary “capstanless”
tape handler which shuttles tape from one reel to another under constant tension and at
constant speed. While the tape is in motion, a vacuum cleaning station wipes off loose
particles from both sides of the tape. The constant tension feature also produces a tape
wind which is both cinch resistant and also is free of scattered layers.
MAGNETIC TAPE EVALUATORS
Although tape cleaners provide an adequate means for removing loose particles from tape
surfaces, they are not able to tell the user whether the tapes can be reused or not. There is
no way to quarentee that the tapes just coming off a cleaner are suitable for use without
encountering signal problems. On the other hand, premature tape cleaning is not only
wasteful in operator’s time, excessive amount of cleaning may even increase the
possibility of tape damage due to overhandling. Therefore, it becomes obvious that a tape
evaluator is needed to count the number of errors on a tape after it is cleaned to insure
that the tape is still reusable.
TECHNICAL DESCRIPTION
In general, a tape evaluator is composed of the following four major subassemblies:
(a)
(b)
(c)
(d)

Tape Transport
Cleaning Staions
Signal Electronics
Operational Controls and Output Displays

TAPE TRANSPORT
Perhaps the most important element in the design of a tape evaluator is the transport
mechanism. A good stable tape drive can help to simplify the design of the signal
electronics. It also makes the unit more functional and reliable.
The Recortec “Capstanless” tape drive reflects the simplist for in transport design. The
transport employs a reel-to reel tape drive using vacuum chamber as mechanical buffer.
The use of a vacuum chamber insures gentle tape handling and provides constant tape
tention irrespective of tape speed fluctuations and variations in reel pack radii.
When the evaluator is operated in the test mode, tape speed is normally set at 120 inches
per second which is held constant from one end of the tape to the other. Although it is
possible to test tapes at a higher tape speed, the effect of head-to-tape separation due to
entrapped air will degrade accuracy of dropout measurement. The result is poor
repeatability to test results from one test run to another.
Normally, rewind and fast forward speed are set at 300 ips. This speed is also accurately
regulated in the transport. An adjustment potentiometer in the circuit is provided to alter
this speed over a wide range. In the highest setting, which corresponds to open throttle,
the transport will reach speeds more than 400 inches per second. Although the basic
design permits the transport to run at even higher tape speeds, most tape packs will begin
to deteriorate due to entrapped air between tape layers. Therefore, Recortec has not
recommended rewind speed higher than 300 ips, or sometimes even keep it as low as
240 ips if tape wind becomes a major concern.
CLEANING MECHANISMS
There are in general two requirements in the cleaning process. The first is to scrape off
loose nodules from the tape surfaces, and the second is to remove this debris once it
becomes dislodged. The conventional technique employed by tape cleaners used in the
computer industry is to use a blade or sharp-edged surface. This is followed by a tissue
station located downstream to wipe off the loose debris. Although the blade is very
effective in tape cleaning, it will exhibit nicked surfaces after a few tape passes and must
be replaced often to prevent damage to the tape. The tissue wiper is also a potential
problem area because the dirt particles collected on its surface, if not removed
immediately, may contaminate the tape downstream causing longitudinal scratches.
Recortec has decided to employ a cleaning surface which is self-sharpening and does not
have to be replaced for a period of one year or longer. This is accomplished by using a
stainless steel blade with a grid of small (1/15" diameter) holes on its surface. Each hole is

made by an etching process such that it has a tapered opening with a larger diameter at the
bottom than on the top surface. When the blade is bent with a radius the top edges of
each hole are protruded out forming a number of sharp-edged surfaces over the entire
tape area to act as cleaning edges. At the same time, due to the tapered construction, any
wear of the surface will cause sharpening of each protruded edge to maintain cleaning
efficiency. The loose particles scraped off from the tape surface are removed from the
tape area by a vacuum produced airflow. Therefore, the cleaning method used in the
Recortec Tape Evaluator may be described as a gentle vacuum cleaner, which moves all
dirt particles away from the tape surfaces. With another grid cleaner on the back side of
tape surface, the cleaning efficiency of vacuum grids is very high for tapes with normal
atmospheric dust and loose oxide particles. However, the efficiency is not as good if the
nodules are deeply embedded into the oxide surface. This latter condition is quite
common in tapes coming off the manufacturing process, but is not a situation
encountered in users environments if the tapes have been properly cleaned periodically.
To offer equipment which can provide both types of cleaning, the cleaning stations on the
Recortec Tape Evaluator are constructed in interchangeable modules to permit the
customer to switch to razor blade cleaning if the vacuum grid does not reduce the
dropouts below a certain desired level. In most evaluators, both the razor blade and grid
cleaning are provided. For customers favoring tissue wipe for additional cleaning, this can
also be added in the tape path. However, one must be careful in specifying tape wrap
angle on each tissue wipe because friction from the wipe station will cause rise in tape
tension which may become excessive if there are multiple number of cleaning stations.
SINGNAL ELECTRONICS
The evaluator is designed to check tape for conditions that cause signal dropouts and
edge damages. This measurement is made by first recording constant frequency signals
longitudinally on the tape and then using a separate playback head to read each “cycle”
just recorded. Typically, there are nine or more playback heads in each evaluator to detect
recorded test signal. Since each track is only 40 mils wide there are areas on the tape
surface which are not covered by these tracks. However, these tracks are located evenly
across the width of the tape to gather information on surface condition without the need
of a large number of individual tracks to cover the entire tape width. It is quite obvious to
most tape users that the area close to the edge of the tape is most likely to contain surface
defects. If errors are detected on some tape areas, the defect usually span enough area so
it would be detected by any of the playback heads regardless of its true track location on
the recorder.
The test frequency is as high as 1.5 mhz. At the 120 ips tape speed, the bit density is
25,000 flux reversals per inch, or a bit spacing of only 40 microinches, which is the

resolution in the longitudinal direction. The tapes are first recorded, and then immediately
played back and erased, all in the forward mode of the test cycle. Therefore, the tape is
fully degaussed in the forward mode of the test cycle. The rewind is at 300 ips. In this
mode all heads are turned off to avoid accidental recording.
Any time the output in each of the playback channels drops below a preset amplitude,
which is the threshold or sensitivity setting, the counter is actuated to register a dropout.
The preset thresshold level for measuring each dropout is a dc voltage level usually preset
at 20% for low and 35% for high sensitivity.
In addition to the counters, the outputs from the tape evaluator are also available in
printouts giving the exact locations of all defects measured. The dropout printer has a
RS-232 input which can be linked to an external computer for data gathering purpose.
OPERATIONAL CONTROLS
Since the Tape Evaluator is designed to be used in the recording room or in the tape
library, ease of operation is one of the major objectives in the design of this equipment.
Generally speaking, the fewer number of control switches, the easier it is to train a new
operator. Therefore, there are only five control buttons employed in the unit; namely
“Power”, “Left”, “Right”, “Test”, and “Operate”.
There is another switch located away from these optional controls. This is the threshold
level selection located at the bottom part of the cabinet.
PERFORMANCE EVALUATION
The performance of a tape evaluator is usually measured in terms of its ability to provide
the following three functions:
(a) Efficient Cleaning
(b) Precision Winding
(c) Dropout Detection
All Recortec Tape Evaluators are designed to provide efficient cleaning, smooth winding,
and indication of tape defects. These objectives can be accomplished in a single forward
run from supply to take-up reel, or the tape can be rewound back at high speed to the
supply reel to preserve reel identification.

CLEANING EFFECTIVENESS
The cleaning action of the vacuum grid is pretty much like the vacuum cleaners used for
household cleaning, the slower the tape speed, the more effective is the cleaning process.
Although the evaluator has only one cleaning station as compared with two in a strict
cleaner/winder, the difference in cleaning effectiveness is made up by the slower tape
speed employed in the evaluator hence accomplishing roughly the same cleaning
efficiency between these two machines.
The vacuum grid type of cleaning has been extensively used in computer industry and is
very effective in removing loose debris and atmospheric dust from the surface of the
tapes. It is a very gentle cleaning action with no possibility of damaging or scratching the
tape.
In case more severe cleaning or burnishing of tape surface is needed, a single edged razor
blade may be employed ahead of the grid cleaning station to scrap off loose debris and
embedded nodules. This disposable type of blade exhibits the highest cleaning efficiency
over the sapphire, tungstun, or any other sharp edged cleaning devices. The only
drawback of razor blade is the need to replace after each run to avoid nicking of tape
edges when the next reel of tape is mounted. (Replacement of blade for each run is not
always a requirement, but a desirable procedure.)
TAPE WIND
In addition to tape stretching and scattered wound caused by improperly aligned or
operated recorder, one of the contributing factors causing tape damage is due to careless
handling and poor storage conditions. If the tape is not properly wound on the hub, it is
susceptible to cinching and edge crushes. If tape is not wound tight, any physical
movement from one layer against another is also prone to create surface scratches and
loose particles.
By using a vacuum chamber to maintain a constant tension level and to provide equalized
tension across the width of each tape, the tape evaluator is capable of providing a
compact tape wound which is cinch-free even when the tape is subject to the most
adverse conditions. Furthermore, by packing tape against the bottom flange of each reel,
the chance of scattered wind is greatly reduced. if the tape is not excessively stretched or
damaged (such as a new tape), the evaluator will provide a tape pack with no protruding
layer. Packing the tape toward the bottom flange also minimizes chances of edge damage
since tapes are usually handled using the bottom flange as the supporting surface.

In general, if one encounters a reel of tape which shows scattered layers in the pack, it is
most likely that this reel of tape would reveal edge damages at the layer profusion. A
packer wheel option may be called for to achieve better wound if needed. However, even
if the evaluator is able to achieve a smooth wound by means of a packer wheel, this does
not assure the tape from exhibiting scattered pack when used on recorders without a
packer wheel.
CORRELATION OF DROPOUT MEASUREMENTS
Defects measured by tape evaluator should be close to the dropouts measured on actual
recorders. The correlation has been extremely favorable. Its ability to identify bad tapes
and keep them out of circulation is the most important application for major tape users.
After all, a tape showing defects regardless of how it is tested is certainly not good
enough for quality recording. Therefore, this piece of equipment is very useful to sort out
bad tapes in the library and is also useful to locate reusable tapes at a cost not available by
using other techniques.
An evluation run was made on six reels of tape with dropout measured on tape recorder
before testing on the Recortec evaluator. The result of our test provides the following
correlation:

Tape Sample

Dropouts as observed
Actual Tape Recorder

1
2
3
4
5
6

Heavy dropouts
Heavy dropouts
Medium dropouts
Medium dropouts
New Tape
New Tape

Evaluator
at 20% level
10
4
2
1
0
0

Evaluator
at 35% level
29
10
15
8
0
0

As can be seen from the above table, the tapes exhibiting higher dropouts are measured
with higher error count on the Recortec evaluator. For new tapes the count is zero even at
the higher sensitivity. The use of higher sensitivity produces higher error count for tapes
showing dropouts.
It is important to note that the error count is always lower at lower sensitivity. The same is
true that it is much easier to base decisions on the error count at lower sensitivity. For
instance an error count of 4 is better than another tape with an error count of 8, but at
high sensitivity, error count of 40 may not be as good as another tape measuring at 80

because the noise level in the tape playback system will cause higher dispersity when
trying to test at more critical levels.
Therefore, it can be safely concluded that evaluator is most useful in identifying bad
tapes. One can always depend on the evaluator to discard bad tapes but there is less
correlation if one tries to use the evaluator to select a better tape. In this regard, use of
evaluator to grade out tapes at high sensitivity would be less successful than trying to use
evaluator to sort out bad ones at low sensitivity.
CONCLUSIONS
The availability of high speed tape evaluators has given the recording industry a
convenient tool to achieve new levels of tape economy and improved operational
efficiency. Not only tape life can be extended by proper cleaning and winding, the
elimination of dirty tapes from circulation also contributes to extended head life. Tape
evaluation at high speed makes it possible to look over a large number of reels thus
maintaining the quality of all tapes in the library.

HIGH SPEED DOUBLE DENSITY RECORDING
Kenneth O. Schoeck
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ABSTRACT
The Western Space and Missile Center has requirements to record high bit rate PCM
telemetry data in both predetection and post-detection formats. Recording time is
inadequate using standard wideband instrumentation magnetic tape recorder/reproducers.
Using double density recording technology, recording time can be doubled, but results in
some degradation in recorder performance. This paper discusses the effects of double
density recording on recorder performance and on the quality of high bit rate telemetry
data.
INTRODUCTION
Recording of telemetry data in support of missile launches from Vandenberg Air Force
Base requires instrumentation magnetic tape recorder/reproducers with a recording time of
at least 15 minutes. In the past the recording time was not a problem because the standard
wideband recorders with a bandwidth of 2 MHz at a tape speed of 120 inches per second
(ips) were adequate for the required data bandwidths. However, the high bit rate
predetection recording requirements of the Peacekeeper and other Range programs
require a recorder bandwidth of slightly less than 4 MHz.
A bandwidth of 4 MHz can be obtained at a tape speed of 240 ips, but recording time is
limited to about 10 minutes using the largest available reel size of 16 inches with 12,500
feet of tape. Therefore, the feasibility of using double density recording techniques was
investigated, including 4 MHz at 120 ips and 2 MHz at 60 ips using a 14-track format on
one inch wide tape.

CONSIDERATIONS
The primary difference between standard wideband and double density recorder/
reproducers is the heads, which have much narrower gaps for the shorter recorded
wavelength (1). The electronics are basically the same as used for the 4 MHz at 240 ips
recording, except the reproduce equalization is shifted down one speed, i.e., the 4 MHz at
240 ips equalizers are now the 4 MHz at 120 ips equalizers, etc. The main areas of
concern are the reduced signal-to-noise ratio (SNR) from the speed reduction and the
greater susceptibility to tape dropouts due to the shorter recorded wavelengths. Another
important consideration was the head track width to be used. Both 25 mil and 50 mil track
widths were considered. The advantages of the 25 mil track widths are:
a. Increased individual track azimuth error tolerance (2). As seen in Figure 1, a
misalignment of 1.5 minutes of arc results in a 10 dB signal loss or 50 mil tracks, but only
2 dB on 25 mil tracks.
b. Reduced low frequency crosstalk due to the increased distance between adjacent
tracks on tape, i.e., .045 versus .020 inches as seen in Figure 2.
c. Allows the use of in-line 14-track head configuration, which has the advantage of
eliminating inter-head skew and improving time-base-error and flutter by positioning heads
next to the primary tape drive. Head costs are also reduced since the 14-track head is the
same as the odd stack of the 28 track system. The trade-off is an increase in high
frequency crosstalk because the tracks on the head are closer together, i.e., .070 versus
.140 inches as seen in Figure 2. The disadvantages of the 25 mil track width are:
a. Reduction in SNR of 3 to 6 dB (3).
b. Increased dropout susceptibility.
It should be noted that these disadvantages are in addition to the SNR reduction and
dropout susceptibility already noted as a result of double density recording. However,
some of this performance can be gained back by using higher output tape with fewer
dropouts. Therefore, tests of the double density technology for recording and
reproducing actual telemetry data are important.
TEST DESCRIPTION
WSMC recording requirements were simulated using a PN test pattern per IRIG
Document 118-719, Volume IV, paragraph 2.1.1.3. The configuration for the bit-error rate
(BER) tests is shown in Figure 3. Tests at 120 ips included predetection recording of a

1.6 MBPS NRZ-S PCM signal phase modulated on a 2.1 MHz carrier and post-detection
recording of 2.0 MBPS NRZ-S and bi-Phase-L signals. For the 60 ips tests, one-half of
these bit rates and frequencies were used. Four manufacturers recorders were tested,
three using in-line heads with 25 mil track widths (odd numbered head of 28 track system)
and one using interlaced heads with 50 mil track widths. Set-up was 2 dB overbias, flat
frequency response ±3 dB and normal record level (1 percent third harmonic distortion).
Noise was added to the PCM signal until a BER of 1x10-6 was obtained without the
recorder in the loop and the amount of degradation noted. The degradation corresponds
to the amount the SNR must be increased to bring the error rate back to 1 x 10-6
Other tests included wideband SNR, slot SNR, and crosstalk. Wideband SNR was
checked with and without a bandpass filter. Slot SNR was measured at upper bandedge
(UBE) using a 1 KHz slot. Crosstalk was measured at 4 Khz and UBE. Some additional
measurements were made at 3 MHz to determine the improvement in crosstalk as the
frequency was decreased from upper bandedge (UBE). The effect of crosstalk on BER
was also evaluated.
The final test was dubbing tapes from actual operations onto a double density and
standard wideband recorder. A tape containing 1.6 MBPS NRZ-S predetection data
recorded at 240 ips was dubbed onto a double density recorder at 120 ips and a standard
recorder at 240 ips and the frame synchronization status compared. Also, a tape
containing 345.6 KBPS Bi-Phase predetection data or a 900 KHz subcarrier recorded at
120 ips was dubbed onto a double density recorder at 60 ips and a standard recorder at
120 ips ana frame synchronization status compared.
TEST RESULTS
Results of the double density tests are given in Table I. The data is an average of the
tracks tested. All recorders are engineering prototypes except the most recent recorder
from manufacturer A, which is a production model: Recorder D was the only recorder
configured with 50 mil interlaced heads.
The wideband SNR’s have improved significantly over the last few years. BER
performance is excellent. The production recorder had no degradation in BER of the
critical predetection recordings.
Crosstalk data from the production recorder is given in Tables II, III, and IV. As
expected, low frequency crosstalk is excellent due to the in-line head configuration,
measuring 15 to 20 dB better than an equivalent wideband recorder. On the other hand,
crosstalk at UBE is poor on some tracks at 120 ips, but improves significantly as the
frequency is lowered as seen in parenthesis, Table III and in Table IV. To determine the

effort of the high frequency crosstalk on data quality, all 14 tracks were recorded
simultaneously at 120 ips with 1.6 MPBS predetection data. No degradation in BER was
found. Strip chart recordings of the frame synchronization status of the tape playback of
the 1.6 MBPS predetection data are given in Figure 4, and the 345.6 KBPS data in
Figure 5. Very little degradation in data quality of the tape dubs was noted. The high
energy tapes used for the double density recording were cleaned and certified prior to use
to reduce dropouts.
CONCLUSION
Double density recorders are acceptable for recording predetection and post-detection
PCM telemetry data. Telemetry data can be recorded and reproduced using in-line heads
with 25 mil track widths with no degradation in BER. Their use should be considered
when longer recording time is required. When dropouts are a concert, the tapes should be
cleaned and certified prior to use.
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FIGURE 1 - LOSS VS MISALIGNMENT ANGLE

FIGURE 2 - HEAD CONFIGURATIONS

FIGURE- 3 - BIT-ERROR-RATE TEST CONFIGURATION

FIGURE 4 - SYNCHRONIZATION STATUS, 1.6 MBPS DATA

FIGURE 5 - SYNCHRONIZATION STATUS, 345.6 KBPS DATA

TABLE I - DOUBLE DENSITY TEST RESULTS

TABLE II - LOW FREQUENCY CROSSTALK
TAPE SPEED: 120 IPS
REFERENCE FREQ: 4 KHZ
TEST FREQ: 4 Khz
BANDWIDTH: 200 KHz
SIMULTANEOUS RECORD/REPRODUCE

TABLE III - HIGH FREQUENCY CROSSTALK
TAPE SPEED: 120 IPS
REFERENCE FREQ: 4 MHz (3MHZ)
TEST FREQ: 4 MHz (3 MHz)
BANDWIDTH: 3 KHz
SIMULTANEOUS RECORD/REPRODUCE

TABLE IV - HIGH FREQUENCY CROSSTALK
TAPE SPEED: 60 IPS
REFERENCE FREQ: 2 MHz
TEST FREQ: 2 MHz
BANDWIDTH: 3 KHz

MAGNETIC MEDIA CHARACTERIZATION AND TESTING
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ABSTRACT
The Department of Defense (DOD) is establishing a Navy operated magnetic media
RDT&E facility at the Naval Air Development Center (NAVAIRDEVCEN) in
Warminster, PA. The facility will support all present and future DOD data storage
requirements by characterizing new media, generating technical specifications, developing
modern test hardware and by conducting both qualification and acceptance testing for
these media. The findings will support consolidated tri-service procurement activities,
recently assigned to the Defense Electronics Supply Center (DESC) in Dayton, OH.
The technical specifications for analog instrumentation tape (W-T-001553) and tape reels
and hubs (W-R-175) have been updated and revised. A computerized testing system to
measure electrical performance parameters has been developed and includes a modular
system for multi-channel drop-out testing. New techniques for measurement of critical
physical parameters are being investigated. Several state-of-the-art techniques for media
characterization have also been developed.
A characterization of both normal and high coercivity instrumentation tape for high
density digital data applications has been conducted. Testing criteria and hardware are
under development to support near term specification and consolidated procurement of
this commodity.
INTRODUCTION
Prior to January 1982 high quality magneitc instrumentation tape was specified, procured
and tested by the General Services Administration (GSA). The Department of Defense
fought the Executive Order to close the test laboratory facility operated by GSA and to
suspend the related Federal Specifications and consequent testing. These new conditions
in conjunction with the existing single source market and no government stockpile of
material forced DOD to seek alternative facilities.

In October 1984 the Naval Sea Systems Command was established as the Preparing
Activity for both Federal Specifications and the Naval Air Development Center was
assigned as the Technical Agent. Procurement and commodity management
responsibilities were transferred from GSA to the Defense Electronic Supply Center in
Dayton, Ohio.
MAGNETIC MEDIA
NAVAIRDEVCEN, as the Technical Agent, is responsible for all technical areas
associated with supporting the federal specifications. Periodic update is necessary to stay
current with quickly evolving and demanding requirements for increased areal data
packing densities. New testing methods and state-of-the-art hardware must be developed
in order to ensure that present and future recording media performance meets these
specifications. Qualification and acceptance testing of magnetic instrumentation tape will
be conducted to assure consistent quality for all media to be utilized in tri-service
applications.
Both pertinent Federal Specifications have been rewritten and are presently being reissued
by the Naval Sea Systems Command. The specification for magnetic instrumentation
tape, last revised in 1974 , had become grossly outdated. The specification was deficient
to the degree that nearly all present day instrumentation tape easily surpassed its
requirements. However, many of todays applications require tape meeting more stringent
specifications. The rewrite, presently being reissued, is a preliminary attempt at addressing
this issue. Every test was evaluated for relevance to present day tape anamolies. Some
tests were eliminated for this reason, while other tests in this category were retained so as
to prevent outdated problems from reappearing as new competitors enter into this market.
In general, new parameter tolerances, sampling rates and test methods were not included
in the current update of W-T-1553. These type of changes have been postponed until the
new NAVAIRDEVCEN facility is operational for a sufficient lenght of time to establish an
adequate empirical database that supports tighter but realistic tolerances. It is important to
stress that changes of this nature are aimed to select the finest quality tape while remaining
realistic and relevant to the required applications. In particular, overly restrictive
specifications that would reject media with useful performance characteristics will be
avoided.
The present tape specification pertains to standard and high resolution analog tape. The
next revision of this document will include high density digital tape of both normal and
high coercivity. Digital instrumentation tape will be tested using analog measurement
techniques that describe digital performance characteristics. This approach is essential so
as to avoid evaluating the technical discrepancies that may exist among the various tape

recorder manufacturer’s proprietary encoding/decoding schemes and hardware
implementation. For example, intrinsic bit error rate performance is highly dependent on
error correction schemes and bit synchronizer design. Code dependency actually plays a
secondary role. The DOD testing facility must avoid such desparities and yet perform
tape testing of universal value to all user applications. Consequently, mapping digital
parameters into the analog domain and specifying these parameters solves that problem.
The testing techniques employed for analog and digital tapes are similar, however, the
acceptance values and tolerances of these parameters will vary. The types of tests used
for evaluation of magnetic tape fall into four major categories; visual inspection, electrical
performance, physical properties and magnetic characteristics. Tape testing, using the first
of the three categories of tests, has been common for many years. Only recently have
magnetic tests been implemented and utilized for this purpose. Tape characterization,
using magnetic properties, has the benefit of defining intrinsic tape quality and expected
performance. Other test methods, which use an instrumentation tape recorder/reproducer,
tend to mask intrinsic tape performance due to the dependency of the unique tape-to-head
interface characteristics of individual transports.
The new instrumentation tape specification specifies that the reference tape recorder for
performance testing will be a Honeywell Model 96C/97 or equivalent as determined by the
government. This selection was made in consideration of tape-to-head interface
performance and to employ the computer controlled automated calibration features of the
Model 97. The NAVAIRDEVCEN laboratory will consider any other transport which
yields equivalent test results as an equivalent machine.
Prior to placing tape on a transport for electrical performance testing, visual inspections
are conducted to assure good workmanship. Tape and reels are examined for general
appearance, construction, and cleanliness. The wound pile envelope is examined for
folds, buckling, cinching, spoking, gaps between tape layers, protruding edges and
clearance to each reel flange. The radial distance from the outtermost tape layer to the
flange edge (E-value) is also measured.
The electrical performance parameters to be measured are signal-to-noise ratio, wavelenghth response, sensitivity, harmonic distortion, short-term output uniformity, long-term
output uniformity, and instantaneous nonuniformity commonly called dropouts. These
parameters are measured for production tapes and compared to the values previously
established for the manufacturers centerline tape of that particular product type.
NAVAIRDEVCEN personnel have designed and developed a computerized, three station,
testing system which can simultaneously measure and evaluate all of these parameters.
The automation of these tests makes it cost effective to test more tape samples and more
data tracks per tape. This testing system has the capabilities for controlling the reference

tape recorder, monitoring and adjusting its calibration, storing the test results and
performing statistical computations. The system is programmed to develop a
comprehensive database for future updates of the specification parameter tolerances.
The automated system contains a NAVAIRDEVCEN developed drop-out measuring
system. The unique drop-out system connects directly to the internal drop-out detectors
in most high density digital recorders and has an external interface for use with any analog
recorder. The system will simultaneously test as many as 28 data channels for individual
drop-outs of five microseconds or longer. The system identifies the track number and
footage location of all drop-outs. The footage location can be calculated using the
systems’ own internal clock or connected directly to the tape recorders capstan motor
control circuitry. Threshold levels are adjustable on a per track basis. A desktop
computer package contains specification pass/fail criteria and utilizes the footage
measurements to determine overall dropout lengths. Dropout coincidence across the tape
can also be calculated. The systems capabilities are being expanded to include dropout
burst measurements.
The physical parameters to be measured are electrical resistance, frictional vibration,
modulus of flexibility, longitudinal curvature, layer-to-layer adhesion, elongation, shook
strength, yield strength, fungus resistance, toxicity, flammability, width and edge quality.
The majority of these tests are only performed during qualification testing and need not be
performed during acceptance testing. However, the government reserves the right to
perform these or any other specified tests as part of quality assurance and acceptance
testing. Development efforts are underway to automate the simultaneous and continuous
measurement of tape width, edge quality and longitudinal curvature. A computerized laser
micrometer system with ten microinch resolution is being adapted. These parameters are
becoming increasingly more critical at higher bit packing densities and are of prime
concern for the emerging rotary digital technology. Oxide coating anamolies and tape
edge problems will be examined using an electron scanning microscope.
The tests for flammability and toxicity are physical tests which are necessary to ensure the
safety of recorder operators and fleet personnel. Tape manufacturers are required to
submit certification showing that their products meet these requirements. The government
will contract private testing laboratories for quality assurance in these areas.
The use of magnetic characteristics for evaluating magnetic media is not a new concept
but has only recently been applied to the instrumentation recording field. In general, the
testing entails the use of a vibrating sample magneto-meter to develop a static hysteresis
loop which describes the magnetization process in detail. Characteristics, such as
saturation moment, squareness, coercivity and switching field distribution, can be
extracted from the curve and provide a magnetic description of the recording media.

The research team at NAVAIRDEVCEN has developed a technique to “unfold” the static
hysteresis loop by plotting the moment as a function of applied field over one complete
field cycle and then to take the Fourier transform of the resulting waveform. The
dependence of the harmonic content of this waveform on maximum field is used to
differentiate among various oxide coated media. Additional applications of the Fourier
transform method include characterization of the temperature dependence of hysteretic
properties and analytic expressions for accurate loop reconstruction.
Another technique developed by the NAVAIRDEVCEN research team involves using the
Magneto-optic Kerr Effect to derive a direct comparision between the hysteretic behavior
of the surface and bulk of particulate oxide recording media. Several different types of
particulate recording media were measured using this technique. The surface coercivity
was found to be about ten percent higher than the bulk coercivity for some of the high
energy tapes; however, it was virtually identical to the bulk coercivity in several other
samples.
These new analytical techniques are essential to developing new testing methods for
evaluating all data storage media including magnetic tape. Specifications which are being
developed for normal and high coercivity digital tapes will reflect these phenomena. In
addition, new drop-out criteria pertinent to actual performance are evolving. The new
criteria will address dropout bursts. The coincidence of bursts, the coincidence of
random drop-outs and bursts, and the coincidence of random dropouts across all digital
channels will be specified and measured. These new criteria may define a burst as a
20 decibel minimum reduction in signal amplitude for the equivalent of 10 digital bits
(2.5 microseconds) at bandedge. Studies are underway to determine the number of such
occurences that will be allowable in a 100 foot section of tape. The specification will not
permit either areal or lineal averaging of bursts. When these digital tape specifications are
complete these commodities will be added to the list being procured and stocked by the
Defense Electronic Supply Center.
Upon completion of the new NAVAIRDEVCEN test laboratory DESC will enter into full
scale competitive procurement of instrumentation tape. In conjunction with qualification
testing a Qualified Products List will be established along with a Multiple Award Schedule
for equivalent performing analog tapes. About one year later longitudinal digital tape will
be procured and stockpiled in a similar manner. It is anticipated that these procedures will
eventually be followed for rotary digital media.

TAPE REELS AND HUBS
In rewritting the specification for tape reels and hubs the mechanical tolerances and
measurement techniques have remained as they have been. Sections of the specifications
which pertained to reel and hub types no longer is use were deleted. Measurement
parameters and diagrams have been changed to comply with the lastest ANSI standards.
The types of measurements made for these materials involve highly accurate mechanical
measurements; some of the measurements require accuracies of one ten thousandth of an
inch. The NAVAIRDEVCEN laboratory is investigating new automated measurement
techniques for converting from single point type measurements to continuous run-out
testing. These techniques would give the desired go and no-go decisions while acquiring
supportive data for diagnosis of discrepant material problems.
The glass reel, supplied only by Corning Glass Works, represents the finest quality tape
reels available today in respect to precision, flatness and temperature and humidity
stability. The solid flanges prevent dust and other foreign particles from being drawn into
the tape pack during wind and rewind operations. The glass reel is intrinsically more
expensive than its precision aluminum counterpart and for this reason many users have
avoided them. NAVAIRDEVCEN is seeking an alternate and less expensive solution by
investigating composite plastic type materials. If such a material can be used it would
solve the majority of the metal flange problems in a most cost effective manner.
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ABSTRACT
In a PCM system for nonsynchronous analog and digital telemetry signals, data loss could
occur through clock skips or phase differences between the PCM encoder clock and uC
clock. The purpose of Part 1 is to present an approach to designing such a PCM
encoder. There are four types of digital data channels in our system: 8-bit/16-bit fixed
point integer data channels and 32-bit/64-bit floating point data channels. In our solution,
the nonsynchronous digital telemetry data from the uC are merged into the PCM data
stream by using an interface data buffer memory (IDBM). On the request of control
signals from uC, the IDBM stores the block of digital telemetry data to be transmitted
from the uC in a prearranged sequence within a prescribed small time interval. Afterward,
the digital data stored in the IDBM will be taken, under the control of PCM encoder
timing clock and are then merged into the PCM data stream at the appropriate time slots.
A development nonsynchronous system for a real system will be described, also shown
with it are the digital data structure, telemetry PCM format, timing diagram and circuit
block diagram. By carefully considering the byte number and update rate of digital data
and using appropriate timing, the PCM encoder with real time handling for
nonsynchronous analog and digital telemetry data channels has shown to have nice
performance. Both starting and ending heads are added to the block of digital data stored
in IDBM. By fixing the positions of starting and ending heads which are generated by the
airborne uC will simplify the design of PCM decoder. The interface hardware and control
signals between the PCM encoder and airborne uC will be described in detail. The result
is that this interface hardware can be easily integerated as an additional circuit board of a
PCM encoder.

I. INTRODUCTION
Since microcomputers (uCs) play an important role in the modern weapon systems such
as missile, aircraft, ... , etc., for handling the computation and control functions, it
becomes imperative that PCM encoder in telemetry system interface correctly with the
system. It is required to carefully consider the timing relationship between two
independent digital systems such as uC system and PCM encoder when transferring data
from one system to another. Because the time jitter, so-called clock skips and phase
differences, between the two independent flock generators of these systems could result
in the data loss during data transferring. In order to avoid data loss, first-in first-out
(FIFO) or Random Access Memory (RAM) has been employed to solve this problem
[1]. Due to the accumulative effect of timing jitter, control signals between two digital
systems are designed so that the overflow or underflow of FIFO or RAM will be
presented. Fig. 1 shows the simplified block diagram of telemetry part of the airborne
system. An interface data buffer memory (IDBM) is used to store a block of digital data
from uCs at the appropriate time slots under the timingcontrols from uC. For sake of
synchronizing digital data channels, a starting head and an ending head generated by uC
are inserted respectively at the top part and the bottom part of IDBM. These data in
IDBM are taken out and then merged into the PCM data stream at the time slots
controlled-by PCM encoder.
II. MICROCOMPUTER SYSTEM
Microcomputer is used in our airborne system for handling the computations and control
functions. There are four types of digital data channels generated in the microcomputer:
8/16-bit fixed point integer data channels and 32/64-bit floating point data channels. The
uC first collects the data associated with the digital data channels in a prearranged
sequence and then transfers these data into IDBM. The 8-bit data channel occupies 1 byte
of IDBM, 16-bit data channel occupies 2 bytes of IDBM, 32-bit data channel occupies
4 bytes of IDBM and 64-bit data channel occupies 8 bytes of IDBM. Each of the digital
data channels is stored in the fixed corresponding location in IDBM. Fig. 2 shows the
data structure in IDBM. With a starting head and an ending head in the data structure, the
decoder can easily synchronize digital data channels. uC system outputs the digital data
block into IDBM within a short time interval. It also outputs a ready signal “READY”
when it finishes outputing of all data in the corresponding block. The IDBM can operate
in two modes. When “READY” is at “LOW” state, it is controlled by uC system. When
“READY” is at “HIGH” state, it is controlled by PCM encoder. The ready signal is
requested from uC system and is pulled into “LOW” state when uC is updating the digital
data in IDBM. The data update rate is an important factor in this system. Another
important factor is the block length (BL) of IDBM, i.e., the number of bytes of total
digital data in IDBM. In this example, the BL is equal to 424 bytes as shown in Table I.

According to these two factors, PCM encoder can be easily designed to arrange
appropriate time slots for imbedding these digital data channels into PCM data stream.
III. PCM ENCODER
In our example, the PCM encoder is running at a data rate high enough to incorporate
both analog and digital data telemetry channels. Fig. 3 shows its frame format of PCM
encoder. There is a 24-bit synchronization pattern of PCM format for standard PCM
decommutator synchronization. The frame length is 200 words. The required number of
bytes of digital data per frame in PCM encoder can be calculated by the following
formula:
N = [ BL / (NFR * T) ] + 1
T = 1/F ! t
where

[ ] : the Gaussian symbol
N : the required number of bytes of digital data per frame in PCM
encoder
BL : the number of bytes occupied by digital data in IDBM
F : update rate, i.e., the frequency of “READY” signal
NFR : frame rate of PCM encoder
T : time of READY signal at “HIGH” state
t : time of READY signal at “LOW” state

For example, BL = 424 bytes, NFR = 1000 frames/sec and F = 18 Hz, t = 5.6 ms
T = 1/18 ! 0.0056 = 0.050 sec
N = [ 424 / (1000 * 0.050) ] + 1
= 8+1
= 9
For N = 9, the PCM encoder will transmit 450 bytes of digital data within 50 ms. This
number is large enough to include all 424 bytes, i.e., the block length. When PCM
encoder fetches all 424 bytes digital data from IDBM, it stops fetching digital data from
IDBM and then inserts dummy data into the PCM data stream on the succeeding time
slots arranged for digital data channels. This operation is continued until the next
“READY” signal requested from uC comes in.

IV. INTERFACE DATA BUFFER MEMORY (IDBM)
IDBM is consisted of COUNTER, RAM, F/F, GATE and DATA DRIVER, and its
block diagram is shown in Fig. 4. uC system sends a “CR” pulse to reset COUNTER,
and READY signal to “LOW” state for initialization. It then outputs the data
corresponding to a predefined digital data channels into IDBM sequentially. After it
finishes outputing data, uC sends a “CR” pulse to reset COUNTER again and set the
READY signal to “High” state to permit PCM encoder to fetch data. But PCM encoder
does not fetch data until the first “FR” pulse occurs. Then PCM encoder merges the data
into correct time slots of PCM frame to form a superframe of digital data channels. The
superframe diagram is shown in Fig. 5. Because “READY” signal is generated by uC
system but “FR” signal is is generated by independent PCM encoder, there exists time
jitter between “READY” signal and “FR” signal. This results in the difference between the
bytes of dummy data #1 and that of the dummy data #2 in the Fig. 5. The timing
relationship is illustrated in Fig. 6. From this timing diagram, it is easily understood the
handshake signals among the uC system, IDBM, and the PCM encoder. The uC system
sends the following four signals to IDBM:
1.
2.
3.
4.

CR pulse
uC CK
READY signal
8-bit parallel data

The PCM encoder outputs three signals to IDBM and accepts the following signal from
IDBM:
1.
2.
3.
4.

FR signal
WR signal --- word rate of PCM encoder
Enable signal ---- time slot for data
8-bit parallel data from IDBM

The IDBM gates “READY”, “FR”, “WR”, and “Enable” signals to form the “fetch CK”.
The timing diagram is drawed in Fig. 7. Due to these signals, PCM encoder can transmit
the nonsynchronous analog and digital data without data loss. The timing relationship
among “FR”. “WR”, and “Enable” signals of PCM encoder is shown in Fig. 8.
V. CONCLUSIONS
There are many ways to solve the problem caused by time jitter between two independent
digital systems. This paper offers a solution to this problem. A real PCM telemetry
system for nonsynchronous analog and digital signals has been described, also shown

with it are the digital data structure, telemetry PCM frame format, timing diagrams and
circuit block diagram. By carefully considering the byte number and update rate of digital
data and using appropriate timing, the PCM encoder with real time handling for
nonsynchronous analog and digital telemetry signal has shown to have nice performance.
The result is that the interface hardware between uC and PCM encoder can be easily
integrated as an additional circuit board of a PCM encoder. In addition, fixing the position
of starting and ending heads will simplify the design of PCM decoder which will be
described in Part 2 of this paper.
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ABSTRACT
In Part 1, we described an approach to imbedding the asynchronous digital data,
generated from the airborne uC, which is in different clock rate and clock phase with the
main clock of PCM encoder, into the PCM data stream. In this part, a low cost decoder
to decommutate the digital data channels from the PCM data stream is described. This
decoding ground station consists of decommutation system and display station. In the
decommutation system, a delicately designed asynchronous format synchronizer (AFS) is
designed to synchronize the starting and ending heads of the digital data block. After
synchronization, the channel selector which is programmable from the panel on the
decommutation system, sends the selected data channels with 8-bit and/or 16-bit digital
data to their corresponding digital to analog (D/A) converters.
In the display station, a personal computer (PC) is used to process and display the digital
data channels on its corresponding CRT. A PC interface with decommutation system is
developed so that PC can take the digital data channels which are stored in the data buffer
memory of the decommutation system after synchronization for further displaying and
processing. An efficient delicate algorithm based on table look up approach is developed
to convert the 32-bit and 64-bit floating point data channels into decimal numbers in
engineering unit. Programs written in assembly language are found to work very nicely to
implement the conversion algorithm and display functions. The data channels to be
displayed on the CRT are preset in the predefined pages. The display station executes the
display pages on demand. The mechanism of the proposed low cost decoder system will
be detailed, showing the block diagram and timing of AFS and channel selector. For the
display station, the block diagram of PC interface is presented and explained and the

software for implementing the conversion algorithm and display functions will also be
explained in detail.
I. INTRODUCTION
In airborne flight test systems, microcomputer (uC) is usually incorporated to process the
measured data. In Part 1, we described an approach to imbedding the nonsynchronous
digital data, generated from the airborne uC system, which is in different clock rate and
clock phase with the main clock of PCM encoder, into the PCM data stream. The analog
data channels of this PCM telemetry system are decommutated by a PCM decommutation
system and the desired analog channels outputs are recorded on pen recorders. In this
part, a low cost decoder to decommutate the digital data channels from the PCM data
stream is described. In this ground station, which consists of decommutation system and
display station, it is required that the data associated with the 8-bit and 16-bit fixed point
integer data channels be displayed on the CRT for monitoring on sample-basis and/or be
converted into analog signals for pen recording, and the 32-bit and 64-bit floating data
channels be converted into decimal numbers in engineering unit and then displayed on
CRT of display station on sample-basis.
Due to different clock rate of the CPU and PCM encoder, the decommutation of the
digital telemetry data is different from the synchronous analog channels. First of all, the
digital data associated with the digital data channels imbedded in the PCM data stream
have to be extracted after bit synchronization and frame synchronization have been
achieved. And then an asynchronous format synchronizer has to be employed to
synchronize the extracted digital data. After synchronization, further processing such as
converting these digital data into easily understood analog form or decimal number is
usually required.
In the following sections, the telemetry system will be first described and then the
hardware of the decommutation system and display station will also be detailed, together
with the timing between the decommutation system and display station.
II. DECOMMUTATION SYSTEM AND DISPLAY STATION
In the telemetry system, the PCM encoder is running at a data rate high enough to
incorporate both analog and digital data channels. When the “READY” signal goes
“LOW”, the airborne uC sytem sends a block of 424 bytes data to interface data buffer
memory (IDBM). This block of digital data will be taken by PCM encoder at the
appropriate time slots and then imbedded into PCM data stream. The telemetry PCM
frame format has been described in Fig. 3 of Part 1. The 24-bit frame synchronization
pattern has been used. The PCM encoder takes 9 bytes of digital data from IDBM and

imbeds them into PCM data stream in each frame. For the sake of synchronizing the
digital data channels, a 6-byte starting head and a 2-byte ending head generated by the uC
system are inserted respectively at the top and bottom part of IDBM. The data formats of
the four types of digital data channels, i.e., 8-bit, 16-bit fixed point data channels and
32-bit, 64-bit floating data channels with mantissa part and biased exponent part, are
shown in Fig. 1.
The purpose of this decommutation system and display station is to process the digital
data channels imbedded in the PCM data stream. The block diagram of this ground
station is shown in Fig. 2. As the first step, the PCM data stream and its associated clock
are obtained from the PCM data stream by the bit synchronizer. After bit synchronization
is reached, the frame synchronizer is applied so that each word address and its parallel
data can be obtained. The digital data extractor picks up each data byte of the imbedded
digital data channel and also outputs its corresponding data strobe. After digital data
extractor, the signal flow is divided into two paths. In the upper path of Fig. 2, the
channel selector detects the starting head and ending head of the digital data channels to
reach synchronization and then, according to predefined channel sequence, selects the
desired channels and sends them to their corresponding D/A converters. The D/A
converters outputs are recorded on pen recorders. In the lower path, the PC interface first
stores the digital data channels in its RAM and, when the PC is ready, sends the data for
processing and finally the PC displays the results on CRT and/or sends them to line
printer.
III. HARDWARE
III-A. FRAME SYNCHRONIZER AND DIGITAL DATA EXTRACTOR
The bit synchronizer is obtained from the product available on the market. The detailed
block diagram of the frame synchronizer and digital data extractor is shown in Fig. 3.
Because the frame synchronization pattern is 24-bit long, the correlator in this block
diagram is 24-bit long. The correlator in this system allows no bit error. The sync strategy
circuit decides the conditions for the system to move among search mode, check mode
and lock mode. The sync.strategy circuit takes the correlator’s output and frame rate
from the counter. Its output, the lock indication, is used to reset the counter. The digital
data channel location block is essentially an EPROM programmed with the time slot
information of the imbedded data. When the word address from the counter matches with
the programmed address, a strobe is generated to enable the data buffer so that only the
corresponding imbedded digital data channel and its associated strobe are produced.

III-B. CHANNEL SELECTOR AND D/A CONVERTERS
The block diagram of the channel selector and D/A converters is shown in Fig 4. The
sync. pattern detector detects the starting and ending heads of the digital data channels.
After detection, the sync. strobe is generated and is used to reset the counter. The manual
set in this diagram is used to select (byswitch-programming on panel) the desired digital
data channels for output. The RAM is 2K x 8 size. It is large enough to accomodate the
424 bytes of digital data channels and can be defined as many as 64 D/A addresses.
When the counter counts to the desired addres, of the digital data channel, the RAM
reads out the corresponding address of D/A converter. The address selector in the
designated D/A converter sends an enable strobe to the D/A so that the desired channel is
converted to analog form while the other D/A’s are latched to their previous values.
III-C. PC INTERFACE
The block diagram of the PC interface and the timing between PC and interface card are
shown in Fig. 5 and Fig. 6 respectively. When in “WRITE” mode, the interface card
stores the digital data channels sequentially in its RAM. When it reaches the last byte, the
counter following the strobe inhibit block issues a “WRITE DONE” strobe to set the
system into “READ” mode. In “READ” mode, the PC reads in the data channels into its
own RAM for further processing. The data buffer between the PC and interface card is
used to prevent the digital data channels from entering the PC data bus. When the PC
finishes reading, it generates a “READ DONE” strobe to let the interface card store the
next sample block of digital data channels.
The strobe inhibit block is needed to prevent the data strobe from entering the counter so
that no false “WRITE DONE” strobe will be generated. The counter and address buffer
block increases the RAM address by up-counting the data strobes in “WRITE” mode
and loads the PC address in parallel in “READ” mode. The strobe inhibit, counter and
counter and address buffer blocks are all reset by the sync. strobe AND-gated with
“DATA READY”.
IV. SOFTWARE
The task of the software is two-fold. One is to display the 8-bit and 16-bit status channels
in hexadecimal numbers and the other is to convert the 16-bit fixed point integer channels
and floating point channels, either in 32-bit or 64-bit, into decimal numbers. The software
for processing the digital data channels is best explained by the flow chart in Fig. 7. At the
beginning, the user decides, by keystroke, one of the two output formats, i.e., 8 channels
of hexadecimal numbers and 3 channels of decimal numbers. Then the PC checks if the
digital data channels stored in interface card is ready for reading. After the digital data

channels have been read into the PC’s RAM, the PC selects the desired channels
according to the predefined channel pages in the program. Then the program checks
which kind of digital data channels it has selected and es to separate processing routine
corresponding to each channel. If the channel is an 8-bit status channel, the PC
immediately displays its hexadecimal number. If the channel is a 16-bit channel, the PC
first determines if the channel is a status or an integer channel. If the channel is a status
channel, the PC displays its hexadecimal number; and if an integer channel, the PC
multiplies the integer with appropriate scaling factor stored in the program and then
outputs the result in decimal number. If the channel is a floating point number, the
program goes to the routine of floating-to-decimal conversion. After the channel has been
processed, the program checks if any alphanumberic key has been depressed; if yes, the
computer halts its operation until the space bar is depressed. If the depressed key after
point C is ESC key, the program further checks which keystroke is followed and
calculates the necessary change of channel page parameters and goes to point B to
process the desired page. If no key has been depressed after point C, the program goes
to point D to check if the currently processed page has been finished. If the current
8-channel or 3-channel page has been finished, the program goes to point A to read in
another frame of digital data channels, if not, it goes to point B to continue the unfinished
page.
The most complicated part of this program is the floating-to-decimal conversion. As
shown in Fig. 8, to convert the floating point number into decimal one, it is required to
calculate the biased exponent and multiply the mantissa with the exponent. Because the
exponent’s base is 2, left-shift or right-shift the mantissa is equivalent to multiply or divide
the mantissa. With this in mind, we developed the conversion algorithm as shown in
Fig. 9. First, the program determines if the number is positive or negative. Then it
calculates the biased exponent. If the exponent is positive, the mantissa is left-shifted by
the number of exponent; otherwise, the mantissa is right-shifted. Up to this stage, the
floating point is in fixed point. The next step is to find the nonzero shifted mantissa and
calculate its decimal equivalent. In this step, the program first partitions the mantissa into
consecutive 8-bit bytes. And starting from the least significant byte, the program
calculates its decimal equivalent by multiplying the decimal unit, which is stored in the
table, with the number of the 8-bit byte. The result, namely the partial sum, is stored in its
proper decimal position. When all the partitioned mantissa bytes have been processed, the
program adds up the partial sums. From the total sum’sleft-most number position, the
program calculates the decimal’s corresponding decimal exponent and the result is thus
expressed in engineering unit.

V. CONCLUSIONS
The ground station described in this paper is able to decommutate the nonsynchronous
digital data channels imbedded in the PCM data stream and convert the digital data
channels into analog form or decimal numbers. In the decommutation system, an
asynchronous format synchronizer is designed to synchronize the digital data block and
the programmable channel selector sends the desired fixed point integer channels to the
D/A converters. In the display station, a efficient algorithm is developed to convert the
floating point data channels into decimal numbers.
The proposed decommutation system and display station has been found to work
satisfactorily in a real test flight. Although the display is on sample-basis, the conversion
speed of the floating point number into decimal one is fast enough for on-the-scene
monitoring. The uC interface can be modified so that every frame of digital data can be
stored in floppy disks for offline processing.
Reference
[1] Eugene N. Grant, “Problems and Solutions for Synchronous Telemetry and Data
System”, 1984 ITC Proceedings, Session III, Paper, #3, pp. 21-29
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ABSTRACT
The Boeing Commercial Airplane Company presently uses an Airborne Data Analysis and
Monitor System (ADAMS) to support extensive qualification testing on new and modified
commercial aircraft. The ADAMS system consists of subsystems controlled by
independent processors which preprocess serial PCM data, perform application-specific
processing, provide graphic display of data, and manage mass storage resources. Setup
and control information is passed between processors using the Ethernet protocol on a
fiber optic network. Tagged data is passed between processors using a data bus with
networking characteristics. During qualification tests, data are dynamically selected,
analyses performed, and results recorded. Decisions to proceed or repeat tests are made
in real time on the aircraft.
Instrumentation in present aircraft includes up to 3700 sensors, with projections for 5750
sensors in the next generation. Concurrently, data throughput rates are increasing, and
data preprocessing requirements are becoming more complex. Fairchild Weston Systems,
Inc., under contract to Boeing, has developed an Acquisition Interface Assembly (AIA)
which accepts multiple streams of PCM data, controls recording and playback on analog
tape, performs high speed data preprocessing, and distributes the data to the other
ADAMS subsystems. The AIA processes one to three streams in any of the standard
IRIG PCM formats using programmable bit, frame and subframe synchronizers. Data
from ARINC buses with embedded measurement labels, bus ID’s, and time tags may also
be processed by the AIA. Preprocessing is accomplished by two high-performance
Distributed Processing Units (DPU) operating in either pipeline or parallel environments.
The DPU’s perform concatenation functions, number system conversions, engineering
unit conversions, and data tagging for distribution to the ADAMS system. Time
information, from either a time code generator or tape playback, may be merged with data

with a 0.1 msec resolution. Control and status functions are coordinated by an embedded
processor, and are accessible to other ADAMS processors via both the Ethernet interface
and a local operator’s terminal.
Because the AIA assembly is used in aircraft, the entire functional capability has been
packaged in a 14-inch high, rack-mountable chassis with EMI shielding. The unit has been
designed for high temperature, high altitude, vibrating environments. The AIA will be a
key element in aircraft qualification testing at Boeing well into the next generation of
airframes, and specification, design, development, and implementation of the AIA has
been carried out with the significance of that fact in mind.
KEYWORDS: Pulse Code Modulation, PCM, Data Preprocessing, Real Time Analysis,
ARINC, Telemetry Data, Aircraft Qualification.
SYSTEM OVERVIEW
The Acquisition Interface Assembly (AIA), designed for the Boeing Commercial Airplane
Company, is an integral part of the Airborne Data Analysis and Monitor System
(ADAMS). ADAMS is used for real time acquisition and analysis of flight test data. As
shown in Figure 1, ADAMS is a multiple processor system with a dual bus architecture.
Within the ADAMS environment, the AIA subsystem performs the following major
functions:
1.

Data is acquired from three PCM streams simultaneously.

2.
3.

Acquired data is edited, processed and converted to a common engineering units
format.
Data processing errors are reported immediately.

4.

Time information is processed and merged into the data stream.

5.

Processed data are identified with tags and placed on the Boeing-proprietary
Measurement Number/Data Bus (MNDB) for use by other ADAMS processors.

6.

Flow of data and time to/from analog tape records is controlled.

7.

Data recorded on tape is checked for errors in a read-after-write mode. Errors are
reported immediately.

8.

Setup is programmable from a local terminal and other ADAMS processors.

AIA INFORMATION PROCESSING
Figure 2 provides an overview of the data flow through the AIA subsystem. Each of the
major operations is defined separately below.
Real Time Data Processing
Data from the acquisition system arrives in two formats simultaneously. In normal
operation, general PCM data is recorded on tape for ground station analysis, and clocked
NRZ-L data Is processed in real time on the aircraft. Data recorded on tape may be
reproduced for input to a bit synchronizer. Output of the bit synchronizer enters a frame
synchronizer for error analysis, with the option for data processing as well. The frame
synchronizer selects the source of data to be used as input for real time processing.
Specifically, either clocked NRZ-L data coming directly from the acquisition system or
playback from analog tape may be selected for serial to parallel conversion. Parallel
output from the frame synchronizer is passed to the data distributor to be merged with
other PCM data streams for hardware code conversion, and to be retagged for
processing in the Distributed Processing Unit (DPU). DPU 1 performs concatenation,
software format conversion, and segmentation for piecewise calibration. DPU 2 performs
conversion to engineering units format and prepares data for output to the rest of the
ADAMS. The MNDB output module places tagged data on the MNDB bus for use by
other processors in the system. A more detailed description of each module follows.
BIT SYNCHRONIZER. Serial PCM data, in any of several standard formats, is
electrically isolated from the acquisition system and recorded on two analog tape
recorders simultaneously. Output from either analog tape may be selected as input to the
bit synchronizer which derives a clock signal from the incoming data, converts data to a
NRZ-L format, and provides NRZ-L data and clock to a frame synchronizer. Three bit
synchronizers are provided to process three streams of data from tape simultaneously.
Input tape selection, PCM format codes and bit rates are programmable. Deviation from
center frequency and loss of synchronization may be monitored and reported in real time.
FRAME SYNCHRONIZER. The frame synchronizer performs two major functions.
First, it searches incoming serial data for a frame synchronization pattern. Input to the
synchronization portion of the module is serial NRZ-L data and clock from the bit
synchronizer. The sync pattern is found by a correlator circuit which finds the best match
to the specified bit pattern, provides error information to the AIA processor, and
provides a frame start signal for serial to parallel processing. Correlation patterns,
synchronization strategies and error reporting requirements are programmable. Loss of
frame synchronization and error statistics may be monitored and reported in real time.

The second function is serial to parallel conversion. Input to this process may be either
the output of the frame synchronizer above, or serial NRZ-L data accompanied by clock
and frame start pulses directly from the data acquisition system. The serial to parallel
converter places the resulting data word and a command word on the internal data bus.
The command word consists of the ID of the next processing module, position of the
word in the PCM stream, and a subframe count used to identify subcommutated data.
The serial to parallel conversion process is regulated by a control memory which defines
how each data word is to be converted from serial to parallel format. The bits in the word,
whether LSB or MSB, will be received first, whether the word is a subcommutation ID,
whether the word is to be deleted from further processing in the system, and whether the
word is part of an embedded tag that must be used to build a command word rather than
transmitted as data.
The serial to parallel converter supports subframe ID subcommutation, and embedded
measurement ID’s and control information from ARINC data buses. Subframe ID
synchronization strategies and embedded format definitions are programmable. Loss of
subframe ID synchronization may be monitored and reported in real time.
DATA DISTRIBUTOR. The data distributor is required to convert word number and
frame number passed from the frame synchronizer (or other modules as appropriate) to
specific commands needed to define desired data processing paths. A processing path is
defined by a command word which accompanies data to the next processing module.
Contents of control tables are programmable, and may be changed while data is being
processing by the data distributor.
DISTRIBUTED PROCESSING UNIT (DPU). The DPU is a high speed arithmetic
processor which can perform an assortment of processing functions on data. Functions
include concatenation, number conversion, segmentation for piecewise calibration, and
conversion to engineering unit formats.
In the initial AIA configuration, two DPU’s will function in a pipelined environment.
DPU I will perform concatenation, number conversion, and segmentation functions. The
data will be passed to DPU 2 for engineering unit conversions. Both DPU’s may be active
at the same time.
Algorithms for each DPU must be selected and loaded before processing begins. The
parameter block entries specifying processing for individual sensors may be added,
deleted, and modified while the DPU is active. Parameters being processed may be
selected and displayed on the local terminal. Reserve memory and processing capabilities
may also be reported in real time.

MEASUREMENT NUMBER/DATA BUS (MNDB) OUTPUT. The output card
places incoming 32-bit data on the MNDB as one or two 16-bit half words. A tag
identifying data is available in the incoming command word. Tagged data on the MNDB is
accessible to all other processors in the ADAMS system. The MNDB output module may
be dynamically changed to delete data associated with any combination of tags from the
data stream placed on the MNDB.
Time Processing
The AIA subsystem accepts serial IRIG A or B time from both a high accuracy time code
generator and from either of two analog tapes. The two sources of time are processed
independently. Incoming time is converted to a 32-bit binary count equivalent to 0.1 msec
elapsed time from midnight. Each time this count changes, the Time Code Interface
module may place time and a user specified command on the AIA data bus (shown in
Figure 3). Two modes of processing time information are supported.
TIME INTERVAL MARKERS. Each time the 0.1 msec count changes, the new time
value will be sent to the Data Distributor module and merged with the data stream. Time
may be passed intact through all modules and placed on the MNDB with a unique tag,
denoting a time interval marker in the data to the other processors in the ADAMS system.
TIME TAGS FOR SELECTED DATA WORDS. An algorithm is available in each
DPU module to place time in a global memory location, as shown in Figure 4. Data that
must be time tagged is processed by another algorithm that reads the most recent time
from global memory, attaches the appropriate command word to it, and places it on the
AIA data bus immediately following the data word. Data and time words will pass through
the AIA modules as a linked pair, and will be placed on the MNDB as consecutive values.
Ancillary Functions
Several ancillary functions are supported by the AIA subsystem.
STATUS LIGHTS. Eight relays are provided to control remote status lamps. Operation
of the lamps is defined under program control, and may be changed by the user. Initially,
AIA will use status lamps to denote loss of synchronization, loss of data and input source
selection.
SENSE LINES. Sixteen sense lines are provided to monitor activity external to the AIA
subsystem. The lines may be interrogated under program control, or used to generate
interrupts to the internal AIA processor. Response to sense lines are defined under

program control, and may be changed by the user. Initially, AIA will use sense lines to
monitor the activity of the analog tapes.
UNIT IDENTIFICATION. The Boeing ten-character inventory control ID will be
permanently stored in a ROM on a Boeing-supplied interface card. At system reset the
AIA reads the ID and makes it available as a system resource when needed for reports or
communication in the ADAMS.
FLIGHT NUMBER/TEST ID. A 15-character flight number/test ID may be specified
by the user prior to a test. The AIA encodes the characters to be embedded in the
incoming IRIG time-of-day information. The information may then be retrieved from time
coming from the time code generator or from analog tape. This provides a method of
identifying tapes for archival purposes.
PCM TELEMETRY DATA. Clocked NRZ-L data coming to the frame synchronizer
directly from the data acquisition system is reformatted to NRZ-S code for real time
telemetry transmission to a ground station.
REGENERATION OF SERIAL IRIG TIME CODE. The AIA system accepts time
code simultaneously from a time code generator and from an analog tape. Either input
may be selected for distribution as the time source for devices external to the AIA
subsystem. The time code being distributed is regenerated in a serial IRIG A format.
INPUT POWER MONITOR. Input power comes from an external 48 VDC power
supply. When power is lost a battery backup is switched in and the AIA receives
notification on a dedicated control line which interrupts the local AIA processor. This
initiates a power-down procedure.
AIA SYSTEM MANAGEMENT
Setup, control, monitor and diagnostic functions are performed by commercially available
computer modules operating on the AIA VME computer bus. Specific modules required
for the AIA include a control processor, an Ethernet controller and a VME bus controller.
Control Processor
The control processor contains a MC68010 microprocessor which performs the setup,
control, monitor and diagnostic functions. On board memory includes 512 Kbyte RAM
and 128 Kbyte ROM. Interrupt processing is supported, and a programmable time is
available. The board may function as VME bus master, reading and writing 16-bit data
words into a 24-bit address space. Cache memory is used.

Ethernet Controller
The controller supports network communication compatible with the Ethernet Version 2
standard. The board contains a dedicated MC68000 processor, 128 Kbytes of RAM
buffer memory, and up to 32Kbytes of ROM memory for special processing. Data
transfer rates of 300,000 bytes/second are supported.
System Controller
The system controller provides a time of day clock, two RS-232 serial I/O ports, a
four-level priority bus arbiter, and additional RAM and ROM memory.
AIA SUBSYSTEM SETUP
The AIA Subsystem has no mass storage capability. For this reason setup processing is
normally done in an external system. The AIA subsystem is normally set up via the
Boeing Command and Control Bus (CCB). Incoming setup information is stored in buffer
memory in the AIA Ethernet controller, with an interrupt passed to the AIA control
processor. The processor decodes header information in the setup record and moves
data to the appropriate memory locations. Memory and setup registers on the telemetry
modules are accessible to both local logic on the card and to processors on the VME
bus. Simultaneous requests for memory access will be arbitrated by a dual memory
access controller on each card.
Software Download
At system reset the AIA subsystem has only a basic subset of ROM resident software
suitable for limited, off-line operation via the local terminal. At the conclusion of the
system reset sequence, the AIA automatically requests additional software from a host
processor. Software to be loaded is controlled by the user, and normally includes a
memory resident operating system, and algorithm code used by DPU’s.
Table Download
Data processing in the AIA subsystem is table driven. Control tables are loaded from the
host computer through the CCB interface and/or the local terminal. The control processor
interprets the table and loads control memories in each processing module with
information specific to the processing desired. Full control of the AIA subsystem may be
exercised both by the host computer and by the local terminal.

CONTROL FUNCTIONS
Each telemetry module has an eight-bit status register which may be read by the AIA
control processor, normally as a result of timer scheduled polling. Conditions to be
monitored may be selected by the user. In addition, each status bit may be enabled to
cause a vectored interrupt in the control processor, so that immediate response may be
given to critical conditions.
Registers and memory on all telemetry modules are accessible to internal AIA software,
and to both host computer and local terminal.
DIAGNOSTIC PROCESSING
Internal diagnostics of telemetry modules fall into two primary categories: memory and
functional testing.
Memory Diagnostics
Memory and registers in telemetry cards are accessible to the AIA control processor via
the VME bus. Memory diagnostics consist of writing and reading test patterns and
checking the results. ROM’s are verified against embedded checksum patterns. The data
path used for testing memories and registers is shown in Figure 5.
Functional Diagnostics
The Time Code Interface card provides a path for the control processor to send and
receive data on the high speed data bus. Thus, a functional test consists of making table
entries in the module to be tested, sending test data and commands through the Time
Code Interface and verifying that the processed results returned to the Time Code
Interface are correct. The process used, first for setting up the registers and memories,
and second for placing data on the high speed data bus for functional testing, is shown in
Figure 6.
CONCLUSIONS
The Acquisition Interface Assembly (AIA) is the next generation real time data
preprocessor to be used for qualification testing of new and modified aircraft. it provides
state-of-the-art processing capability for PCM data and for ARINC formats, fully
programmable control from a local terminal or from any of several processors on an
Ethernet network, extensive error checking capabilities, immediate notification of
processing errors, and very effective user interfaces. The AIA was developed by Fairchild
Weston Systems, Inc. under contract to, and in close cooperation with, the Boeing
Commercial Airplane Company.
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Abstract: Availability of low cost microcomputers, LSI devices have made it necessary
to recast the architecture of aerospace telemetry system to realize all the attendant
benefits. System constraints and the resultant hardware design are described in this paper.
Introduction: Motivation behind the evolution of any avionics hardware is to achieve
reduction in operational support and life cycle costs. From an architectural standpoint,
these requirements translate to the use of low-power/off-the-shelf LSI, reduced device
diversity and built-in-test capability. A detailed description of the architecture of an
onboard telemetry system with supporting ground based hardware based on the above
principles is the subject of this paper.
Part I develops the architecture of the onboard system based on system requirements. It
shows that a distributed system meets all the operational constraints of a multistage launch
vehicle. In addition to standard components such as multiplexers and encoders use is
made of a microcomputer at each data acquisition node for relaxed sampling, data
buffering, packetization and to provide adequate self test capabilities.
Part II describes the ground based decommutator. It is seen that the function of a
decommutator can be split into five independent sub-functions. Each of these is built
around a microcomputer nucleus which performs the functions of initialization and
realtime computing. Some of the functions performed in LSI are clock synchronization,
pattern correlation and data packet identification.
Part III describes the low cost tools realized for supporting the development.
Part I. ONBOARD SYSTEM
Present day launch vehicles are configured as multistage rockets to maximise the payload
boost capability of the launcher. It becomes logical to configure the onboard telemetry
system as a distributed data acquisiton system. A data acquisition node will be located in
each stage and the encoded information is sent to the upper stage as a serial digital bit
stream for final multiplexing and tagging with identification data.

The most important problem to be overcome is related timing accuracy. Hardwired
telemetry system provide precisely timed sequences for collecting telemetry data.
Particular measurements are sampled at specific times in the commutation cycle, and the
timing cannot change. Commutation cyclces in processor based systems are software
controlled and as such, are subject to timing variations caused by such things as servicing
interrupts, updating program parameters, and execution of subroutines.
Onboard telemetry information can be put into two classes - analog and digital. Analog
signals are quantized and buffered before multiplexing whereas digital signals are directly
buffered. Aliasing considerations require that analog data be sampled 3-4 times the signal
bandwidth and digital data be sampled at least 2 times the buffer fill rate to prevent
overflow.
Each data acquisition node consists of an analog multiplexer-encoder and FIFO to buffer
analog and digital data respectively in addition to a microcomputer with 2 M bps SDLC
capability. (Such as Intel 8744). The master microcomputer system located in the upper
most stage sends an address packet to each slave station on a cyclic basis. A slave station
responds by emptying its buffer over the common serial line as a SDLC data packet.
Simultaeously the slave station is initialised to sample and buffer the analog and digital
data. Then every frame period the entire process is repeated. It should be noted however
that super-commutated signals undergo some distortion due to uneven sampling. (This is
true of most present day telemetry systems).
The primary station receives and buffers serial data, strips the header and adds format
words such as sync. code, ID number and ensures a constant rate of transmission on the
downlink.
The major difference between the existing and the new data acquisition can be described
as follows: In the existing system primary station sends a channel address on the serial
bus which is decoded uniquely by a slave station and the quantized signal is sent back
serially as the reply. The major disadvantage of this method is the small time available in
completing this procedure resulting in the need for relatively high speed analog circuits. In
the proposed system, quantization of the local group of signal proceeds independently of
the serial bus actively and needs to be completed only within the buffer fill period which is
almost equal to the frame period. This results in per channel quantization time being
decreased 5-10 times. Super and subcommutations are implemented under software
control at each slave microcomputer. This requires the current frame number being
available at each secondary site. This information is communicated to each secondary
station as part of data transfer initiation procedure. Primary/Secondary communication
will take place over an optical fibre link.

Part II. DECOMMUTATOR
Telemetry information after passing through the space link gets received and
demodulated. It will be a noisy and distorted version of the onboard signal. It is taken
through regenerating and synchronising decommutator subsystems before acceptance by
data processor. A telemetry ground station incorporating the above elements has to be
versatile in order to give mission support over its intended lifetime. Availability of LSI has
had a significant impact on the physical design and functionality of decommutators. Pre
LSI implementation had a device count of 8000 and had used 200 different types of
devices. Decommutator consists of bit synchroniser, frame synchronizer, digital to analog
converter and demultiplexer/data processor interface.
Bit synchronizer (BS) consists of an integrate and dump circuit (matched filter) PLL Bit
rate generator, signal conditioning circuits and sync. monitors. All functions have been
implemented as digital functions. The major difficulty faced was in the implementation of
the integrate and dump filter. Bit periods can be as low as 500 nS. System analysis
indicates a requirement of 4 bit quantization and 16 point sampling of the signal during a
bit period. This translates to encoding speed of 32 Megsamples/Sec. at 4 bit accuracy
and subsequent accumulation at this rate. To keep the front end simple the antialiasing
filter has not been made tunable. This results in a variable length accumulator since the
number of samples accumulated is inversely proportional to the bit rate. Thus a scaling
network is needed so that only normalized result is passed on from the accumulator for
further processing.
A unique alogirthm has been developed for the bit sync. acuqisition process. Acquisition
is possible at any offset of gain, level, frequency (less than 10%) and phase between the
incoming signal and the local estimation. A novel successive approximation technique has
been developed for robustness in estimation procedure. The procedure has been
simulated and verified for robust performance under expected conditions. With this
algorithm BS acuqisition is completed within 100 bits in the worst case.
Frame synchronisation consists of a correlator, counters and status monitoring circuits.
The local microcomputer does parameter set up and participates in subframe sync.
acquisition and tracking. A special buffer memory is provided which can store a complete
frame and which can be readout in a burst mode under polled conditions. This feature is
useful for combining different telemetry bit streams into a single data stream. A typical
ISRO launcher has 2-3 telemetry data streams. During checkout as well as for in-flight
recording purposes a combined telemetry data stream is very convenient for data
handling.

Digital to analog converter is useful in providing a hard copy output of a selected for
quick look purposes. DAC consists of a content addressable memory (CAM) and
individual analog converters. CAM is realised using available RAMs and the channel
selection information is written into the RAM by the local micromputer. During
initialization a token is put at the memory location corresponding to the location in the
frame of the selected word. During demultiplexing the RAM address counters are driven
by the rate pulses and generate word/frame addresses in real time. The memory output is
directly used for latching data prior to analog conversion.
The Microcomputer chosen for decommutator has been Z8 made by Zilog. In order to
reduce cost and improve reliability the production model would have a ROM version of
Z8. To customize each Z8 for its application, Z8 reads a pattern of 1’s and 0’s stored at
the input of a local shift register during power-on initialization.
Trouble shooting will be done by replacing resident microcomputer with an emulator and
running a diagnostic program. These programs have been written as part of the
development process. Development of sub-system starts with a minimal microcomputer
configuration and incrementally adding hardware and the corresponding software drivers.
It has not been possible to include detailed hardware/software description for each
subsystem. However the design approach toward simulator implementation is given as an
example. PCM Simulator consists of a pattern generator and format rate pulse generators.
These functions are realized roughly in microcomputer and LSI resident programmable
counters respectively.
Pattern generator is a 16 bit feedback shift register which can be loaded by Z8 under
external timer control. Normally the shift register will be outputting pseudo random data
sequence. When unique words such as frame sync. pattern, Identification word, special
word are loaded into the shift register automatic serialization takes place. The location of
these words is determined by the overflow of the counters which are fed to a PROM base
address table and which in turn interrupts Z8 with an address. Z8 in turn loads the data
pointed by the interrupt into its I/O pins. 16 bits later this pattern is loaded into the shift
register. This technique avoids the variable delay in the data generation normally
associated with microprocessor based system.
Part III. DEVELOPMENT TOOLS
At the start of the development program only Z8 was commercially available and work
was concentrated on decommutation elements where interprocessor communication
requirements are not demanding. Z8 has a plug in socket for loading PROM. During initial
stages it was expected that PROM would have to be removed and reprogramme several

times. An elegant alternative was developed using a static RAM configured as a dual port
RAM which could be written through an interface form a terminal and which would be
read by Z8 in normal operation. Since the terminal to RAM interface can support only
Hex and a few control characters all programming had to be done in HEX. This did not
prove to be an efficiency bottleneck in practice mainly because programs are short in
length (typically 500 bytes).
PRESENT STATUS AND CONCLUSIONS
Breadboard models of frame sync., DAC, Simulator have been realised. Computer
verification of BS performance has also been completed. Onboard system realization will
be taken up after Intel 8744 becomes available (end of 1986). Proto models of ground
based decommutator are scheduled for completion this year.
A cost effective way of realizing 1 Mbps PCM telemetry system has been described. It is
seen that although data rates are high, it is possible to realize a workable system by a
combination of microcomputer, special purpose LSI, and programmable array logic.
Device count and diversity have been reduced by a factor of 50 compared to earlier
realizations. The proto model of decommutator is proposed to be realized as a plug-in
card for standard PCs thereby realizing low cost desk top decommutator/telemetry
checkout systems. Onboard system will reach flight usage status after highrel version of
8744 becomes available.
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ABSTRACT:
This paper will address various applications and methods used for the acquisition,
recording, and telemetering of data from the MIL-STD-1553 avionic multiplexer data bus
installations in aircraft, missiles, and other vehicles. Discussions of the problems
encountered and hardware utilized in current applications are reviewed. The innovative
techniques used to optimize system performance, and future trends for program
requirements are also discussed.
INTRODUCTION:
In recent years it has become increasingly apparent that the telemetry data acquisition
industry is being required to interface with existing Avionic data busses. These bus types
extend from the commercial standard ARINC 429 bus to the military 1553 multiplex bus.
This requirement has caused some concern for the Test Range Stations due to the
expense of modifying existing equipment, therefore it has become the responsibility of the
supplier to design and produce data acquisition equipment that is compatible with
IRIG-106 standards.
The data bus monitor will soon be required to be capable of performing such functions as
system error detection and correction functions, system reconfiguration for degraded
modes of operation, and may also be required to have the capability to perform
secondary bus controller functions. The bus monitor is the ideal bus terminal selection to
incorporate these types of features to perform these types of functions.

VARYING APPLICATION REQUIREMENTS:
Input requirements;
The requirement to interface data acquisition monitors to avionic systems has extended
beyond MIL-STD-1553A and MIL-STD-1553B busses. Prior to the development of the
Aircraft Internal Time Division Command/Response Multiplex Data Bus specification
(MIL-STD-1553), the military aircraft industry had designed, developed, and implemented
numerous different multiplex data bus system schemes. Fortunately the majority of these
bussing schemes have exhibited similarities in their performance characteristics and
electrical parameters. Some of these bus types include but are by no means limited to the
following:
a. MIL-STD-1553A
b. MIL-STD-1553B
c. MIL-STD-1553B / USAF Notice 1
d. DEF-STAN 00-18
c. 81-1057 GRMK.5
f. MACAIR 3818
g. F-18 Armament bus
h. H009
Some of the data busses that have required data acquisition interfacing in the past and
must continue to be supported include:
a. ARINC 429
b. RS-422
c. RS-232C
Data processing requirements;
Since the telemetry industry acceptance of MIL-STD-1553, the system applications have
become more demanding and the design approaches have been required to stay abreast of
the fast moving technological advancements. The methods of processing the received
input data has as many, if not more, application dependent requirements as there are input
and output types. Hence, the design approachs that can be utilized to accomplish the task
requirements is directly proportional to the number of design engineers in the data
acquisition field. Recent system specifications have required data processing approaches
to satisfy some of the following applications:
a. all data to be retrieved from the input data bus
b. selected data messages to be retrieved from the input data bus
c. selected data words to be retrieved from the input data bus

d.
e.
f.
g.
h.
i.
j.
k.

interfacing with up to as many as six (6) input busses
interfacing with different types of input/output data busses simultaneously
increased data storage capacity and faster access times
electrically eraseable programable memory features
on board data reduction, manipulation, and/or calculations
increased data through-put and operating speeds
lower operating power requirements and heat dissipation
slaved and/or standalone bus monitor systems

Output requirements;
Just as the input requirements are application dependent but remain similar, in
performance, so have the output requirements become application dependent, but similar,
in performance. This similarity is due in most part to the acceptance of the Inter-Range
Instrumentation Group Standard (IRIG-106). Although the majority of the applications for
data acquisition bus monitors require IRIG-106 compatibility, the broad scope and
flexibility of the standard allows the end user to specify a wide range of output
requirements. Some of the more recent output requirements include:
a.
b.
c.
d.

up to four (4) output ports of selected data for split track recording
a single output port of all data for in-flight recording
premodulated output data for transmission
single or multiple output ports for interfacing with instrumentation data
acquisition systems
e. parallel data output ports
In addition to the application variations listed above all of the serial data streams can also
be specified in a variety of standard formats such as:
a.
b.
c.
d.
e.
f.
g.

NRZ-L data
premodulated NRZ-L data
DM-M coded data
premodulated DM-M data
Randomized NRZ- L data
premodulated randomized NRZ-L data
computer backplane interface, etc.

Environmental requirements;
Typically, the flight test industry has not been required to meet the full military operating
environment, however, this relaxation is rapidly being updated to reflect the standards
presently in use by the avionic industry. This is not to imply that existing flight-test
equipment cannot meet or exceed these environmental requirements, but the level of

confidence to successfully demonstrate compliance to these types of avionic
environments is extremely low in some equipments. Consequently, to insure continued
equipment usage and failure free operation many of these environmental requirements are
being invoked in new procurement specifications. The environmental requirements being
invoked are still application dependent, but are dictated by the vehicle platform and
mission profile. The existing vehicle platforms and respective environments are well
documented and merely listed here to illustrate the broad range of application dependent
test levels that are available.
a.
b.
c.
d.
e.
f.

airborne inhibited environment
airborne uninhabited environment
manned space environment
unmanned space environment
rocket/missle mounted
etc.

Equipment packaging requirements;
The variations that effect packaging are, once again, directly influenced by the system
application and in particular the vehicle platform. The telemetry test group has, in most
cases, been tasked with instrumenting the test vehicle with a minimal amount of available
“real estate”. This restriction has dictated the use of innovative mechanical packaging
approaches to reduce the overall size and weight of the system. The successfully proven
techniques used in the past have included such ideas as the following:
a.
b.
c.
d.
e.
f.

stackable printed circuit boards
hybridization of discrete circuits
stackable hybrids
leadless chip carriers
multi-layer printed circuit boards
flexible-circuit boards

FLEXIBLE APPLICATION SOLUTIONS:
The nonrecurring expenses incurred during the development of a product can be
minimized by insuring sufficient flexibility in the circuit designs.
Input requirements;
In the case of the input requirements the circuits which lend themselves to flexable designs
can best be visualized by first creating a matrix of the data bus requirements to identify
any similarities. Once a matrix has been completed the designer can then begin to group
the data busses by electrical parameter similarity, and identify those input characteristics

that will require little or no circuit modifications to meet. These modifications may be as
simple as a capacitor, resistor, or IC part number change.
Example 1:
Xfmr input level

T/R response voltage range
no response range

application

0.86-14.0V, p-p, 1-1

0.0-0.2V, p-p, 1-1

1553B, notice 1

0.0-20.0V, p-p, 1-1

0.0-0.7V, p-p, 1-1

1553A, F-18

0.0-0.7V, p-p, 1-1
0.0-0.28V, p-p, 1-1

F-18, 1553A
1553B
notice 1

direct coupled input
1.0-20.0V, p-p, 1-1
1.2-20.0V, p-p, 1-1
not allowed
output levels
18.0-27.0V, p-p, 1-1
6.0-20.0V, p-p, 1-1
28.0-36.0V, p-p, 1-1

RL
70 ohms
unspecified
140 ohms

1553B, notice 1
1553A
F-18

Results;
The bus monitor terminal does not normally require transmit functions therefore, for this
example it will be ignored.
To design a flexible circuit that would require little modification to meet the above
parameters and eliminate design costs now becomes a simple matter. Instead of using
vendor supplied transceivers the input receiver can be designed to offer P.C. board
jumper options at the input transformer coupler to comply with either transformer or
direct coupling bus requirements. The secondary of the transformer is input to an LM-106
device or equivalent with its threshold resistors accessable, so that response and no
response levels can be adjusted/modified with a simple resistor change.
Data processing requirements
This same technique can be used for determining similarities in the processing
requirements of the various specifications. First, generate a systems requirements matrix,
highlight similarities, and identify compatibilities.

Example 2:
Interface Requirements
input type
1. MIL-STD-1553 A/B
2.
2. MIL-STD-1553 A/B
DEF-STAN 00-18

# of busses
1 dual redundant

output type
NRZ-L to PCM unit

comments
slaved unit

single channel
no redundancy

premodulated PCM

standalone

3. MIL-STD-1553 A/B
GRMK.5

2 dual redundant

VMEbus

computer
hosted

4. MIL-STD-1553 A/B

2 dual redundant
flight recorder

single track

standalone

5. MIL-STD-1553 A/B

2 dual redundant

NRZ-L to PCM unit

slaved unit

6. MIL-STD-1553 A/B

1 dual redundant

4 tracks
flight recorder

standalone

7. MIL-STD-1553 A/B

1 dual redundant

single track
video recorder

standalone

8. MIL-STD-1553 A/B

4 dual redundant

premodulated PCM

standalone

9. MIL-STD-1553 A/B
H009

2 dual redundant

4 tracks
flight recorder

standalone

Results;
With the aid of example 1 it is becomes easy to visualize that there is only one input
circuit that will be required to be designed to satisfy all of the applicaions listed in
example 2. However, it is just as apparent that the output requirements vary significantly
enough to warrant the design of 3 possibly 4 different output sections. These sections can
be listed as;
1. data track spliting for up to 4 recorder tracks
2. NRZ-L data
a. with premodulater
b. without premodulater
3. computer interface (VMEbus)

In addition to this, the matrix also illustrated that the input decoding and output encoding
requirements will differ for the applications but may have some common circuits. The
only input Manchester decoding variation will be for the H009 application will require the
design of a different circuit, therefore, the next step is to generate a matrix of these
functional/control requirements. (NOTE: ARINC-429, RS-422 would also require unique
input designs; the RS-422 and the RS-232 requirements could be grouped together.)
Example 3:
Encoding/Decoding Requirements
memory capacity

time tagging

output format

programmability

1. 8 K x 20 bits
RAM

16 bit internal
w/external reset

2. 10 bit words

input/output
selectable

2. 16 x 20 bits
FIFO

not required
real time TX

3. 32K x 16 bits
RAM

128/256 20 bit words
with filler words
IRIG-106

not
required

16 bit internal
w/external reset

processor selection

not
required

4. 2, 1K x 20 bit
RAM

16 bit internal
w/external reset

2 words/bus word
IRIG-106

input words
selectable

5. 2, 1K x 8 bits
RAM per bus

16 bit internal
w/external reset

2 words/bus word

input/output
format select

6. 1024 x 23 bits
FIFO per track

external 32 bit

1 word/bus word

data select
or all data

7. 16 x 20 bits
FIFO

16 bit internal
w/external reset

first in first out
IRIG-106

8. 4, 16 x 20 bits
FIFO per bus

16 bit internal
w/external reset

IRIG-106

data select
or all data

9. 8K x 20 bits
RAM

16 bit internal
32 bit external

IRIG-106

select data
per track
or all data

not
required

Results;
This matrix clearly illustrates the compatibility and differences of the various applications.
Memory requirements can be grouped into two major sections RAM and FIFO; other
than this the main difference, is of course the size of data buffering for the particular
requirement. The time tag requirements can be accomplished with a single circuit design.
The output format/control sections illustrate that a variety of “core” circuit designs can be
utilized, with minor modifications to satisfy the requirements listed above. The key to the
output formatters is to design the format memory with sufficient flexibility to allow
repeated use for varying applications. This can be accomplished in two ways, the first is
to design the memory large enough to hold numerous formats, the second method is to
design the format memory with EEPROM’s.
Environmental flexibility;
To insure compliance to specifications requireing operation in full military environments
obviously begins with the proper parts selection, unfortunately some designers will stop at
this step. To properly design equipment for a full military environment only begins with
the selection of parts.
A proper design will include that the components within the circuits be derated in
accordance to their circuit use, this is in addition to the derating that is placed on the
components by the manufacturing and testing specifications.
In addition to the proper parts selection and derating criteriaa complete timing and circuit
analysis should be performed to insure adaquete error margins have been designed into
the design. A complete circuit/worst case analysis will increase the users confidence that
the equipment will operate without degradation over the full temperature range and will not
fail due to component aging.
A thermal analysis is always a good practice, the results of this analysis is helpful not only
to the reliability engineers but also to the mechanical engineers in the packaging of the
equipment. This analysis will identify any thermal concerns at the beginning of a program
before it becomes a severe and expensive problem.
Another analysis report that is extremely helpful to mechanical and design engineers is the
EMI/EMC analysis. This analysis should be performed early in the design phase.
After these types of (minimal) analyses is completed the parts can be selected for the
application and a single design will be testable to any environmental specifications and will
exhibit a high MTBF calculation and long life. It should also be noted that these types of
analyses should be updated throughout the design/development/production program to
reflect all incorporated changes.

Packaging flexibility
As illustrated in the matrixes above the circuits which exhibit similarity in function can also
be partitioned by similarity. In this way as new applications evolve the new designs of PC
boards remains minimal, this not only reduces delivery lead time but also reduces the
NRE cost for development.
With proper partitioning of the circuits a backplane bussing scheme can be used that
eliminates the need for wire-wrapping of most signals. By maximizing the use of “core”
designs and a bussed backplane scheme, the system can be configured for most any
application by simply adding or removing the required PC boards. The majority of the
time spent and expense incurred for a new development now becomes primarily a
mechanical repackaging NRE.
In some applications the dimensional specifications will require that the circuitry and/or
the unit must be hybidized. Once again a proper circuit design lends itself to this type of
packaging, and the expense remains primarily a mechanical one.
FUTURE TRENDS FOR MONITORS
As the 1553 system applications mature the bus terminals are being required to
perform/transfer system bus control functions, this is defined as a non-stationary master.
These types of requirements have also introduced new areas of concern that the monitor
is being required to flag and correct. The types of concerns that must be monitored are:
1. Bus Control Handover Failures;
This type of failure can leave the system with no active controller, or with
multiple active controllers. This type of failure will cause the system to halt.
2. Failure to Pass Bus Control;
This type of causes the system to revert to a stationary master. The problem
with this is that the active bus controller only has limited bus control information
so the system is forced to operate in a degraded mode.
3. Failure to Control;
This failure occurs when a terminal does not request or accept bus control when
it should. The discrepency with this type of failure is that the subsystems under
its control can not pass or acquire data and appear to have failed.
4. Incorrect Selection of Next BUS Controller;
This means the selection of the bus controller allocation has been violated, the
result is that time-critical data is not serviced.
Each of these types of errors must be detected and identified, the perfect choice to
perform these error detection and correction functions is the bus monitor.

Handover failures occur when the bus controller completes its assigned priority message
and fails to transfer control. This failure can be detected by a lack of bus traffic. The
distinctive feature of the non-stationary master is the almost constant bus activity. Even
when no data is being transferred the controller is polling potential controllers to determine
if a bus request has been posted. If a long period of bus inactivity (15.625 to 50msec.)
exists on the bus, there may have been a handover failure and the bus lacks a controller.
The monitor could be designed to pursue recovery procedures by transmitting an
asynchronous message to the bus controller causing it to relinquish control. If the monitor
is successful the control would be offered back to the same terminal for a second time, if
control is accepted then recovery is complete, otherwise, the monitor would reconfigure
the system. If after a predetermined amount of time the same terminal again gains control
of the bus and fails to transmit or transfer control, the monitor would reconfigure the
terminal out of the system.
Bus control failures resulting in a bus controller retaining control of the bus indefinitely is
another area of concern. The monitor, once again, is capable of detecting this error
because it is monitoring the system. Once a bus request is posted, bus failure during this
period indicates either an ineffective or dominant bus controller. When the monitor
detects this condition, it can wait for the next polling sequence and set its priority level to
gain control. If the monitor requests control and this fails, the monitor must obtain direct
control (i.e. using a discrete or alternate bus and re-configuring). If the monitor succeeds,
control is offered to the highest priority bus controller. If an ineffective controller gains
control of the bus and fails to relinquish it, the monitor reconfigures the terminal out of the
system.
Subsystem or terminal failures can be detected without the use of the terminal or
subsystem flags, for example; repeated message completion failures, bad data or nonvarying data from a subsystem may be interpreted as a subsystem failure. System
software, as opposed to bus control software, should be used to detect these and other
failures.
The monitor must be capable of gaining control of the bus. To achieve this goal, each bus
controller should gain bus control at least once each major frame for synchronous
transmissions. For those applications where a bus controller has no synchronous
requirements, the monitor must examine the health of the system via mode control
commands to determine if system operation is satisfactory.

ON-BOARD DATA ACQUISITION AND PROCESSING SYSTEM
MICHAEL DAHAN
INSTRUMENTATION SYSTEMS MANAGER
IAI, FLIGHT TEST ENGINEERING
LOD ISRAEL

ABSTRACT
This paper describes an on-board PCM data acquisition and processing system using
standard PCM units and commercial micro-computer equipments.
A special interface, which was developed in order to allow a direct connection to PCM
encoders, is also presented. It performs data buffering and decommutation prior to the
data acquisition process.
This approach facilitated the independent conduction of flight tests away from the users’
ground stations using a minimal investment. It helped to provide test results in flight or
immediately after flights, thus shortening the flight test processing turn around time and
contributing to expedite the overall flight test program.
2– INTRODUCTION
In most flight test applications, measurement data from an airborne instrumentation
system is telemetred to ground stations for analysis, either using real-time or post-flight
processing techniques.
However, situations exist where specific tests have to be carried out faraway from the
ground station site and no data can be acquired using a telemetry channel.
In this case data can be recorded on an analog tape recorder and processed after the
flights. The turn around time for test results can then be days to weeks according to the
ground station location and priority given to the flight data reduction.
In order to expedite data analysis and shorten the flight test program, Israel Aircraft
Industries Flight Test Engineering Department used an on-board data acquisition system
for icing and external noise flight tests of the 1125 ASTRA Aircraft.

The main criteria which guided the system design were
S
S
S
S

Cost optimization because of budgetary limitations
Use of existing standard units
Minimal development works
Volume optimization

In this paper we give a functional description of this system and provide an overview of
the hardware and the software aspects, with an emphasis on the problems encountered
and the way they were solved.
3– HARDWARE-DESCRIPTION
Block diagram in Fig. 1 shows the different subsystems hardware.
3.1 The PCM Subsystem
The PCM subsystem includes:
S
S
S
S

S

Various transducers selected in accordance with the list of parameters to be
measured.
Analog conditioners for amplification and filtering.
Digital transducers for status monitoring and accurate parameters measurements.
A standard PCM encoder where the following features can be programmed:
S The output bit rate
S The PCM frame length and subframe depth
S The output PCM format, including the individual location of each output parameter.
A universal instrumentation analog tape recorder recording the Miller code output of
the PCM encoder for raw data backup storage.

3.2 The Data Processing Section
3.2.1 Equipment Selection
So far the described equipment is composed of standard proven airborne units, either
supplied by Telemetry equipment manufacturers or built in house.
Data processing equipment for airborne applications is more difficult to select. There are
a few manufacturers of ruggedized military micro-computers, but their products suffer
from two principle drawbacks :

– The equipment is relatively expensive
– The user application software are difficult to find or to develop.
In IAI Flight Test Engineering, a standard Micro PDP 11/23 from DIGITAL was used.
The main reasons for this selection were the knowledge accumulated in house with DEC
Micro-computers in various applications and the compact size of the computer (a
rackmount unit is 5 inch high). However, some doubts existed about the ability of the
computer electronics and disk drive to stand and provide reliable data in flight conditions.
The computer and its peripherals were tested in several flights and a problem occured
with some computer cards, causing random data losses during the acquisition process.
No particular disk I/O problems were observed as far as acquisition on disk was not
activated at landing, to avoid magnetic head failures.
The Micro PDP internal Q BUS cards were tightly fastened to the card frame, using plain
fixtures and screws. This modification proved sufficient since in the following flights no
significant problem of data loss was observed.
3.2.2 Equipment description
The data processing section includes:
– The Micro PDP 11/23 micro-computer equipped with
– a floating point processor board, for computation performance improvement
– 0.5 MB (megabyte) of semiconductor memory
– a 10 MB (megabyte) Winchester Disk
– a dual 0.4 MB (megabyte) diskette drive
– the PCM encoder interface (described further)
S A TV 910 Televideo alphanumerical terminal which serves as the system console and
as a real-time display.
– A FX80 EPPSON Printer for table printout.
3.3 The Computer Interface
Using standard PCM bit synchronizers and decommutators was prohibitive because of
volume and budgetary limitations.
Also, in order to simplify the data acquisition process and unburden the micro-computer
from the decommutation task, a special PCM interface was developed.

The main features of this interface are:
– Internal dual buffer of 2000 PCM words
– Direct connection to serial PCM signals from the PCM encoder
– Channel by channel random addressing by the Micro-computer
– Package using a plug-in card into the Micro-computer Q BUS.
3.4 The Power Supply Section
The standard airborne units were powered using the A/C 28V DC source. A static inverter
was used in order to power the computer and its peripherals :
– 1 AMP for the Micro-computer
– 120 MA for the printer
– 200 MA for the terminal
This gives a total of 300 Walts approximately.
4– SYSTEM SOFTWARE
The software was written in FORTRAN 77 language, under the TSX+ operating system.
The system setup can be loaded using two different methods :
– Host computer setup down loading, through a standard RS232C communication line.
The down loaded data file includes for each one of 4 PCM formats :
– parameters description
– parameters PCM location in the output pattern
– calibration coefficients for each parameter
– real-time displays setup for each page
– Manual setup through the local keyboard.
Using the above setup files, the system allows the following tasks to be carried out :
4.1 Preflight Monitoring
Two modes are available:
– In PCM setup mode a binary PCM setup format is built and aPROM is programmed
with this format.

This allows new formats to be installed in the PCM encoder unit.
– In preflight check mode frames of data are collected, ambient values are compared to
expected values and results are displayed on the CRT display or printed, including out
of limit indication. A binary raw data display of all parameters is also accessible.
Using these reults, the instrumentation engineer can test at a glimpse the airborne
instrumentation system for bad measurements.
Fig. 2 shows an example of the preflight report printout.
4.2 Real-time Display
For in flight data monitoring, the system allows the user to define up to 100 parameters
for alphanumerical display and disk storage. One from up to 8 display pages can be
selected. Each display page can include 1 to 20 parameters, with engineering unit results
and alarms indication.
Fig. 3 shows an example of such a page.
All selected parameters are stored on disk for further processing. Calibrated results can
also be printed out together with the annotation from the airborne time code generator
(See Fig.4)
5– FLIGHT TESTS CONDUCTION
The data acquisition and processing equipment was installed in the aircraft (See Fig. 5).
Icing and external noise tests were conducted and acceptable results were obtained.
6– CONCLUSION
In order to reduce the data processing turn around time from flight tests conducted in
remote sites, a commercial micro-computer system was installed on-board and connected
tp the airborne instrumentation through a simple buffered data interface. This approach
allowed cheap and reliable in flight data reduction for optimizing the flight test schedule
and the overall tests program cost.
With the constant improvement in the micro-computer technology, together with a
significant decrease in equipment size, powerful data reduction systems can now be
assembled in relatively small ruggedized packages. This will make the on-board
processing approach particularly attractive in aircraft flight testing.
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MEANINGFUL FM TRANSMITTER
MODULATION LINEARITY MEASUREMENTS*
Harold O. Jeske
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ABSTRACT
In Frequency Division Multiplex (FDM) systems, nonlinearities in the modulation and
demodulation processes of the transmission system produce intermodulation (IM)
products which are effectively added to the desired modulation. The effect of these added
products is the degradation of data accuracy in the form of noise on the subcarrier data.
Currently there are no standard test procedures or specifications that permit the prediction
of the level of these IM products during system design. The characterization of transmitter
modulation linearity by the measurement of IM, or cross-products, produced by
simultaneous modulation by two tones, is considered ideal. This is because the test
conditions can closely simulate the highest modulation level subcarriers used and the
necessary demodulation equipment can he readily calibrated using common frequency
modulated sources. The modulation tones used are both in the upper portion of the
transmission system’s baseband and at a modulation level near the level of intended use.
Measurement of only the difference frequency IM component, (f2!f1 ), is considered
adequate for the determination of 2nd order nonlinearities. The 3rd order IM components
are measured only at (2f1!f2) and (2f2!f1) and are normally found to be of equal
amplitudes with FM transmitters. All higher order products, as well as direct harmonics,
are ignored. From the three IM level measurements, and the two desired tones, the 2nd
and 3rd order modulation intercept points (IP2 and IP3) are determined in essentially the
same manner as the intercept point, or IP, that is common in specifying the linearity of
broadband RF amplifiers. When the amplitude of the various signal and IM components
are plotted on log-log scales, the desired signals have a slope of one while the 2nd and
3rd order products have slopes of two and three respectively. On log-log plots the
intercept point is the modulation level at which extensions of the low level values of the
IM components meet the extension of the desired modulation level. Once the IP values
are determined, they may be readily used for system IM calculations. Measured IM levels
in a sixteen channel FDM system compared very favorably with predicted levels using the
*
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IP values obtained from two-tone tests. The nonlinearities of the demodulator employed
in the test system may be evaluated by the use of the “beat” frequency of two
independently modulated FM signal sources as the required input to the demodulator. The
IM products in the demodulator output in this case are due only to the demodulator’s
transfer characteristics. IM product levels of the test system greater than 60 dB below the
simultaneous modulation level of ±300 kHz each by 400 and 450 kHz tones are obtained
at Sandia Laboratories. The use of two-tone IM tests for the evaluation and specification
of FM transmitter modulation linearity is strongly recommended.
INTRODUCTION
Currently the only indicator for the modulation linearity of a transmitter is harmonic
distortion. Modulation linearity is a characteristic that requires a demodulator for
evaluation, and the isolation of the demodulator’s nonlinearity from that of the unit under
test is normally very difficult. For simplicity in both the required measurements and
specifications, all harmonic components are normally summed as “Total Harmonic
Distortion” or “THD” and liberally specified for both measurement and contractual
purposes. Test equipment for the measurement of transmitter THD frequently employs
receivers whose THD has been measured with a high quality signal generator. The THD
measured with the signal generator is considered to be that of the test system and may be
subtracted from the THD values measured with the transmitter under test. To permit the
harmonics to remain in the baseband of the system, the modulation frequency should be a
small fraction of the highest level subcarrier employed or the harmonics may fall outside
the measurement system’s baseband. Modulation linearity measurements obtained under
these conditions are considered of no value for the prediction of system performance.
The use of the telemetry system’s entire multiplex as the modulation source in transmitter
linearity testing sounds ideal, but would present a tremendous task in measuring and
recording all of the IM products in most systems. For example, if only the 2nd and 3rd
order nonlinearities exist, a six channel multiplex would produce over 200 IM products.
Even if only the IM products below the upper subcarrier were of concern, the results
could not justify the effort.
The two-tone test method not only permits the test frequencies and levels to be essentially
equal to those of the largest subcarriers in the multiplex, but also facilitates the evaluation
of the demodulator linearity independent of the modulation linearity of a reference
generator.

IM CHARACTERISTICS
The proposed two-tone test procedure requires the measurement of five voltage levels
with a spectrum or wave analyzer. Two of the measurements represent the deviation level
produced by the input tones. One measurement, whose amplitude varies as the square of
the transmitter modulation voltage or deviation, is at the difference frequency of the
modulation signals and is caused by the second order term in the modulation transfer
function. The other two IM products are caused by the third order term of the transfer
function which varies as the cube of the modulation voltage or deviation. One of these
third order products is located below the lowest input tone by the frequency difference in
the two modulation tones and the other is above the upper modulation tone by the
difference frequency. A complete expression of the products produced by the application
of two sine waves to a device whose transfer characteristics include only second and third
order terms is given in Appendix A. For convenience and simplicity, equal level
modulation tones are used in testing.
INTERCEPT POINT - IP
If the various output components of a device whose transfer function is
eout=k1ein+k2ein2+k3ein3 are plotted on a log-log scale (eoutvs ein), the desired signal
components due to k1ein, have a slope of one; the components due to the second term
k2ein2, have a slope of two, while the components due to the third term k3ein3, have a slope
of three. The definition of the intercept point, or IP, is the output level at which the line
representing a higher order IM product intersects the line representing the linear, or
desired term k1ein. Figures 1 and 2 provide a graphical representation of the relationship
between these terms. Included on the figures are the mathematical relations between the
intercept points, the signal, and the IM levels.
A plot of the measured values of the desired signal and IM products will not follow
straight lines to their intersection because of saturation or limiting effects that occur. With
practical “linear” devices, however, the low level or small signal portion of the plots
possess the slopes as described. By projecting lines of the proper slope through the
appropriate measured IM levels, the intercept points can be readily found. Once the
intercept points are determined, they can be used for specifications and to predict IM
product levels for any practical set of modulation conditions without further qualification.
TEST SYSTEM
Figure 3 is a block diagram of the two-tone test system. Compared to conventional
distortion measuring systems, it employs an additional modulation source and requires the
use of a spectrum or wave analyzer as opposed to a total distortion meter. There are two

quality checks that should be made on the test system. One is to determine that
appreciable IM is not occurring in the modulation sources due to the output of one source
feeding into the output of the other. This is easily done by viewing the combined
modulation signals with the spectrum analyzer. The other quality check is the
determination of the linearity of the demodulator which is done with the arrangement
shown in Figure 4. In this setup, the two modulation sources individually modulate two
separate FM generators. The outputs of the FM generators are applied to the inputs of a
double balanced mixer. The output of the mixer is fed to the input of the demodulator.
This arrangement requires that the frequencies of the FM generators produce a sum or
difference frequency which is the frequency required by the demodulator. One or both of
the FM generators may be an FM transmitter of the proper frequency and level to feed the
double balanced mixer. In this test arrangement, the demodulator sees the modulation of
both generators that has been summed in the double balanced mixer, as opposed to the
summed modulation signals that are applied to a transmitter under test. The modulation
addition by this method does not produce IM products of the modulating signals;
therefore, any IM products observed will be due to the demodulator. In the test
arrangement employed at Sandia, a 10 MHz center frequency wide band demodulator is
used.
The use of band pass filtering on the input of the demodulator is avoided because of the
possible effects of phase nonlinearities on the signal. Measured 3rd order IM products of
the demodulator employed are typically greater than 60 dB below a ±300 kHz per tone
deviation level. Second order IM products are even lower, as they should be if the
demodulator transfer characteristic has image symmetry.
TEST RESULTS
The system with which the two-tone test procedure was to be initially used employed a
total of sixteen subcarriers ranging in frequency from the 16±2 kHz channel to the 384±16
kHz channel with a total of 20 dB pre-emphasis. The calculated peak deviation (sum of
the peak deviations produced by each of the subcarriers) exceeded ±1 MHz. By the use
of IP data determined from the transmitter tests, calculated system IM component levels
produced by the two largest subcarriers, compared within ±2 dB of the measured IM
levels when the full subcarrier multiplex was modulating the transmitter. The test tones
were chosen to be 400 kHz and 450 kHz with peak deviations of ±200 kHz each. In more
recent tests, the test conditions have been increased to ±500 kHz deviation per tone and
modulation tones of 800 and 900 kHz. In over approximately four years of IM testing IP2
has been found to vary over a range from approximately 5 to 500 MHz while IP3 varied
from approximately 1 to 15 MHz. The nominal values were in the region of 40 and 4 MHz
for IP2 and IP3 respectively.

DISCUSSION
Most frequently the group of subcarriers forming the multiplex in FDM systems employs
pre-emphasis such that the higher subcarrier channels modulate the transmitter more than
the lower channels. This is desired because the noise density on the output of FM
systems above threshold increases with frequency in the baseband. By the use of preemphasis the signal-to-noise ratio of the various subcarrier channels can be made equal if
desired. For equal bandwidth subcarrier channels that cover a decade frequency range the
theoretical pre-emphasis is 20 dB. In cases where the multiplex exceeds a decade
frequency range, the pre-emphasis taper is frequently removed from the lower subcarriers
because of the excessive noise on their data caused by the difference frequency products
of the higher frequency channels.
The quality of frequency division multiplexed data is bounded on one side by thermal
noise due to the limited received power and on the other side by the amount of cross-talk,
or self-generated interference, that is present in the system. The improvement of system
modulation linearity will not only provide less noise on subcarrier data under strong signal
conditions but also, with some increase in the modulation level, improve the data quality
under weak signal conditions.
CONCLUSIONS
The use of the two-tone tests for the evaluation of FM transmitter modulation linearity has
proven to be easier and more valuable than anticipated. The testing method will: 1. Permit
test conditions to be representative of intended use in FDM systems; 2. Provide test data
and specifications that can be easily extrapolated to other modulation levels; 3. Provide
necessary data for the prediction of intermodulation noise in FDM systems; and 4.
Virtually eliminate sources of errors in the measuring system.
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ABSTRACT
A millimeter wave radio responder was evaluated as a remote sensor of surface
conductivity and laser light intensity. A 10 mm CdSe photocell was illuminated by a 1/4
mW, 632.8 nm He-Ne laser light. The photocell was not connected to anywhere. The
terminals were left open. The photocell was interrogated by a remotely placed millimeter
wave radio responder operated with the frequency of 69.6 GHz and the transmitter power
of 3 mW. The millimeter wave radio responder was able to sense the radio echo from the
surface of the photocell. The laser illuminated area on the photocell was only 2.86% of the
entire active area, yet the radio responder output showed up to 15 dB difference between
the laser spot on and off from the target. The minimum reflected signal change observed
was 0.002 dB by tilting the target 20 degrees from the normal incidence of the millimeterwave beam. This was translated to be 0.025% of surface conductance change on the
target. This remote sensing was done using an instrumentation of the sensitivity of
!40 dBm. Thus, the usefulness and advantage of employing a millimeter wave radio
responder for remote sensing of minute change in the surface conductivity and/or the laser
light intensity have been demonstrated in this research.
INTRODUCTION
When a target is irradiated by electromagnetic waves, the waves scatter and reflect. The
reflected and scattered waves contain information of the target. The irradiator-transmitter
send out irradiating electromagnetic waves to the target to be interrogated and a receiver
or receivers collect informations of the target by receiving reflected or scattered
electromagnetic waves from the target. This is the principle of bistatic radars(1). If the
transmitter and the receiver use a common antenna or both antennas are located adjacent
to each other with close proximity, it is called the monostatic radar(2). If the target
contains a responding transmitter, it is known as the transponder(2). If the target is totally
passive, then it is the radio responder(3). The microwave radio responder has been

demonstrated in the past(3). This time, by the use of the microwave radio responder
technique operated in millimeter wavelengths, variation of a surface conductivity and laser
light intensity illuminating on a surface were remotely sensed and monitored in noninvasive fashion. This millimeter wave radio responder is operated and evaluated this time
for non-invasive, non-contact and remote sensing of a surface conductivity and laser light
intensity on that laser spot. The millimeter wave radio responder was operated at 69.69
GHz and the interogating transmitter power of 3 mW. The target was a 10 mm CdSe
photocell and a 1/4 mW, 632.8 nm He-Ne laser was used as a light source. The
performance of this millimeter wave radio responder as a non-invasive sensor was
investigated and evaluated in this paper. This system is basically a monostatic rader when
used to tele-monitor the conductivity of the target. But if the conductivity is varied
coherently with the laser light and when the system is used to tele-monitor the laser light
intensity, it is now the millimeter wave radio responder(3). This approach is useful for
various industrial applications involving non-contact remote surface condition sensing.
This approach is new due to non-invasive reflection type approaches used as well as the
material of the device employed.
EXPERIMENTAL SET UP
A detailed sketch of a CdSe photo-conductive device(4) used as the target of this
millimeter wave interrogation is shown in Figure 1. A schematic diagram of an
experimental setup of this millimeter wave radio responder is shown in Figure 2.
In Figure 1, the entire area of 78.54 mm2 of the photo-conductive device was irradiated by
millimeter waves and only an area of 4.9 mm was illuminated by the laser light when the
device surface was perpendicular to the laser beam as shown in Figure 1. The majority of
the device area was covered by metallization and the photo-conductive CdSe was
exposed only between the gaps of metallized fingers. The exposed area to the laser light
was 2.25 mm2. This area was only 2.86% of the entire device area. The energy of the
632.8 nm He-Ne laser light, 1.96 eV was sufficient to excite the excess electrons in the
conduction band of this n-type CdSe device. The excitation of the excess electrons was
remotely sensed by a non-contact millimeter wave responder. The surface of the device
was irradiated by millimeter waves as shown in Figure 2.
As seen in Figure 2, millimeter waves of 69.6 GHz was generated by a reflex klystron
VA-250. The millimeter wave output was radiated out from a horn antenna of 15 dB gain
through an impedance matching E-H waveguide tuner, a ferrite isolator, an attenuator, a
waveguide twist, an E-plane circulator, and another waveguide twist. These two
waveguide twists were needed to produce vertical polarization of the electric field vector
of interrogating millimeter waves at the horn. The entire area of the 10-mm CdSe
photoconductive device was irradiated by the millimeter waves. The millimeter-wave

reflection from the surface of the device was picked up by the same horn antenna and
detected through an E-H waveguide turner and a circulator. The relative level of the
detected output was displayed on an SWR meter employed as a relative signal level
monitor. The relative change in the reflected signals of the millimeter-waves when the laser
beam was on and off was recorded for various orientations of the target device. The laser
employed was 1/4 mW, 632.8 run He-Ne laser.
EXPERIMENTAL PROCEDURE
With both the millimeter wave irradiation and He-Ne laser light illumination on the target,
the relative reflectron level of millimeter waves from the target was indicated on the SWR
meter in Figure 2. When the laser light was turned off the conductivity where there was a
spot of the laser light changes. This change in the resistance in a small area of laser spot
produces a change in the amount of the millimeter wave reflections. Therefore the SWR
meter output display in Figure 2 changes the amount of the display. The difference in the
reading of the SWR meter in dB is the ratio of reflected millimeter wave electric fields in
dB with the laser light on and the laser light off.
The difference in dB reading of the SWR meter with the laser light on and off were
recorded for the cases with various target orientation in respect to the incident laser light
direction as seen from Figure 2. The target orientation influences not only the sensitivity of
this responder system to the laserlight detecting capability, but also it influences the level
of reflected millimeter waves itself. Therefore, with the laser light off, the relative reflected
millimeter wave electric field strengths as indicated by the SWR meter output display
under various target orientation were also recorded.
EXPERIMENTAL RESULTS
An example of the experimental results is shown in Figure 3. In this figure, the reflection
level change is plotted against the orientation angle of the target. The zero degree
orientation angle means that the millimeter wave beam is hitting perpendicular to the device
surface and the laser beam is 5 degrees from the perpendicular axis to the device surface.
For example, at 10 degree orientation of the device, the relative change in the conductivity
observed at the observation point can be theoretically calculated. The change at the
millimeter wave frequency 69.6 GHz was found to be 3.5%. A corresponding change in
the millimeter wave reflected signal level was 0.3 dB, which was the maximum millimeter
wave modulation observed at this orientation. This change was easily detected by this
!40 dBm sensitivity instrumentation. The minimum reflected signal change observed was
0.002 dB at 22 degree orientation. This was translated to the 0.025% conductance change
at the observation point due to the target.

The orientation characteristics of detection sensitivity was calcuated theoretically based
on the principles of radar cross sections and ray optics. The theoretical equation was
found to be

where ErdB is the relative reflected field strength level in dB and 2 is the orientational angle
which is pictorially defined in Figure 2. W is the aperature width of the millimeter-wave
horn antenna with a square aperture assumption. L is the distance between the horn
antenna aperture and the CdSe device. Theoretical results of this equation are plotted in
Figure 4 together with the measured results. In this case, W =1 cm and L = 1 cm.
Comparing the theoretical results with the measured results the theory then explains the
observed results well. The orientational characteristics were studied for industrial sensor
applications. In some industrial applications, the sensor orientation is not often
conditioned by either millimeter-wave, or optical choice. Polarization effects were also
investigated. Optical polarization did not produce any effect but the horizontal polarization
of millimeter waves, where the electric field vector is parallel to the split cut of the device
and the device is positioned at the minimum reflection location, the highest modulation
sensitivity was obtained.
REMARKS ON EXPERIMENTAL RESULTS
In this millimeter wave radio responder, reflected signal power level change )PrdB is
related to the change in voltage reflection coefficient by

(1)
where

Prl is the reflected power with laser off,
Pr is the reflected power with laser on,
Dl is the voltage reflection coefficient with laser off,

and

D is the voltage reflection coefficient with laser on.

It is well known that the voltage reflection coefficient
admittance

is related to the normalized load

by
(2)

Then

(3)

(4)
For small )

if the load is pure conductive

(5)
Therefore, if )DdB = 0.3 dB or )D = 0.07 from D = 1, then
0.002 dB or )D = 0.0005 from D = 1, then
= 0.00025.

= 0.035. If )DdB =

As far as the target orientational characteristics of detection sensitivity of this millimeter
wave radio responder is concerned, at the tilt angle 2, the linear receiver horn width which
intercepts reflected beam is reduced to (W!2L) as seen from Figure 2. Due to the tilting
the effective strength of reflected wave will be reduced to cos2. Therefore, actual
effective area of aperture of the receiving horn antenna is proportional to the area of the
antenna aperture (W!2L). Therefore, the received field strength response from the case
where 2 = 0, can be said that (W!2L)2cos22/W2. Therefore

(6)

CONCLUSIONS
In this research a relationship between the observed reflected power level and the effective
target conductivity change were formulated. Responder response for target orientational
angle was also formulated. Experimentally, it is demonstrated that this millimeter wave
radio responder technique is a useful instrumentation to monitor minute surface
conductivity change in non-invasive fashion. It is also found that this technique is useful
for monitoring the laser light intensity remotely and wirelessly.
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Fig. 1. Laser Spot Placement on the Photoconductive Device’s Front Surface.

Fig. 2. Experimental Set-up for the Measurement of the Reflected Power.

Fig. 3. Relative reflection level change at millimeter-waves.

Fig. 4. Millimeter-wave relative reflected signal voltage level at the responder
detector.
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ABSTRACT
The advent of the D-1 cassette standard will have a profound impact upon the
instrumentation tape recording industry starting in about 1990. Under the auspices of the
Society of Motion Picture and Television Engineers (SMPTE) and the European
Broadcast Union (EBU), broadcasters, media manufacturers and television recorder
manufacturers have developed a series of standards governing digital recording of
television signals using a set of standard, high-quality cassettes. To support television
applications, two specific formats are necessary to cover the marketplace; a “component”
format, which is independent of the television standard and compatible with a digital
studio, and a “composite” format which is dependent upon the national format and is
compatible with analog studios found today. Standards are in place covering 4:2:2 digital
component recording. Proposals covering composite digital recording formats are now
being discussed in the industry. As the only U.S. recorder manufacturer with a declared
intent to manufacture hardware for the television industry to these standards, Ampex has
participated in the generation of these standards. This paper will discuss the cassette and
data standards which have been created for the television industry. Where deficiencies
and limitations in those standards exist for data recording, these will be pointed out.
BACKGROUND
Interest in developing video recording systems based upon digital recording technology
for broadcast quality television applications began in the early 1970’s. It was not until
1979 that the Society of Motion Picture and Television Engineers (SMPTE) established a
technology study group on this subject, and at about the same time, the European
Broadcast Union (EBU) also established a specialties group. By mid-1983, the efforts of
these study groups had progressed to the point where it became practical to proceed with
an effort to establish a component television standard. Key players for the component
standardization effort were drawn from the broadcasters, recording manufacturers, and
the media manufacturers. The result of these efforts has been the establishment of a series

of 4:2:2 component digital standards to which Ampex Corporation, Sony Corporation
and Bosch Fernseh are now developing hardware to be sold and delivered to the
professional broadcast industry.
The specific standards developed are:
SMPTE 224 --

Tape Record

SMPTE 225 --

Principal Properties of Magnetic Tape

SMPTE 226 --

Dimensions of Tape Cassettes

SMPTE 227 --

Signal Content of the Helical Data Records and of Associated
Control Records

SMPTE 228 --

Signal Content of Q and Time Code Longitudinal Records

In addition, there are two Engineering Guides;
EG-10 --

Tape Transport Geometry Parameters

EG-11 --

D-1 Format Nomenclature

At the 1986 NAB show in Dallas, Sony Corporation introduced their D-1 product to the
public for the first time.
The approach taken by the standardization committees and the various ad hoc working
groups was to establish a media interchange standard. Three physical cassette sizes were
defined and are summarized in Table I A summary of the key parameters describing the
actual tape format selected is shown in Table II. Of particular note is the track pitch of
45 Fm and in-track density of 56 kbit/in.
The actual machine implementation to achieve this interchange standard is left up to the
individual manufacturers. This approach permits any scanner and head configuration
which is capable of providing the required tape format to be implemented. For example,
Ampex has chosen to implement a scanner of approximately 96 mm in diameter
containing three head-pairs located at 120E from one another, while Sony Corporation has
chosen to implement a 75 mm diameter scanner with two head-pairs located 180E from
one another in conjunction with an appropriately larger mechanical tape wrap around the
scanner. The third manufacturer, Bosch Fernseh, is implementing a scanner also of
approximately 75 mm in diameter which has four single head positions located 90E apart

around the scanner. Each of these technical approaches suits the technical objectives of
the corporation involved and provides a consistent tape format. Many other examples in
the selected approaches exist in terms of implementation approach.
Table I
D-1 Cassette Summary
Small
ANS D-1.S

Medium
ANS D-1.M

Large
ANS D-1.L

1.3x4.29x6.77

1.3x5.91x10.0

1.3x8.11x14.40

Volume, in3

37.76

76.83

152

Weight, lb

0.69

1.40 (est)

2.78 (est)

Specification
Size, in.

Tape Thickness, Fm
Tape Length, ft.
Search Time (at 300 IPS)
seconds
(minutes)
Tape Pack Diameter
Ratio, I.D. to O.D.
Record Time, minutes
(4:2:2 / 16 Fm)

16

13 (fut)

620

733

24.8
(0.41)

29.6
(0.49)

16

13 (fut)

1918

2313

76.7
(1.29)

92.5
(1.54)

16

13 (fut)

4288

5300

171.6 212
(1.86) (3.53)

1.7 to 1

2.6 to 1

3.0 to 1

11

34

76

STANDARDS
The existence of these standards and the commitment on the part of these three recorder
manufacturers has now opened up the possibility of creating a data recorder which shares
much of the hardware being developed for the broadcast industry. Two efforts within the
government community are currently underway to establish standards to which data
recorders should be designed. The Navy is attempting to establish a military standard
based on efforts spearheaded by Borys Umyn of NADC. ANSI, under the auspices of
the X3B.6 Committee, has formed an effort, led by Al Montgomery and Jim Keeler of
DoD. The purpose of the NADC effort is to provide a clear interchange standard which
will be applicable to a large number of major, upcoming military programs across all the
Armed Services. The format so selected must be sufficiently robust as to operate in a
harsh environment. The ANSI effort is aimed much more at general laboratory
applications and is not addressing environmental considerations. The ANSI effort is
highly interactive with the industry in that strawman standards were requested and

Table II
Format Parameters for D-1 Component (4:2:2)
Cassette

D-1.S, M & L

Tape

Metal Oxide (13 Fm & 16 Fm) (Will probably
include but benefit little from metal particle)

Track Angle

5.4E

Helix Angle

Manufacturer’s Option

Wavelength

0.9 Fm (50 kbit/in)

Track Pitch

45 Fm

Effective Width

35 Fm

Density

49 Gbit/m2

Azimuth

0E

Editing

No Compromise

Play Time
Channel Code

11, 34, 76 minutes
R-NRZ

Error Correction

60 x 30 Product Code
Single x Double Correction

Interleave/Shuffle

50 TV Lines

Audio:
Data Rate

4 x 48 k samples/s x 20 bits

Location

Center of Track

Error Correction

Product Code + Duplication
(Extremely Powerful)

Market

Upper

Acceptance

Slow

presented by interested recorder companies, and ad hoc working groups are being
formed to work on various aspects of the standard with a goal to have an agreed-to
standard during mid to fate 1987. The NADC effort is under tremendous time pressure,
and the industry’s involvement has been one of in-private, one-on-one forums, providing
comments and feedback to the government. The Navy’s intent is to have a final draft
standard available by the time this paper is published. In the case of both the ANSI and
NADC efforts, the track pitch, in-track density and track length of 4:2:2 component have
been held inviolate so as to maximize the use of existing mechanical hardware.
There are several motivating factors for driving the government user to consider 19 mm
technology First, there is a wide variety of hardware currently becoming available in the
high density, high data rate rotary digital recording area. None of the resulting tape is
interchangeable between Manufacturers’ hardware. Second, the bandwidth required for
television recording at the head-to-tape interface is approximately 225 Mbit/s for
component recording. This is well above most data recording needs. Third, the existence
of standard, easy-to-use cassettes which will be produced in high volume and at low cost
by many manufacturers provides a great attraction.
DATA RECORDING REQUIREMENTS
The performance requirements of a data recorder differ substantially from those of a
television recorder. The first and most obvious difference is in the need to record a wide
variety of user data rates. Present multi-channel longitudinal machines work over many
octaves in order to satisfy the wide variety of applications in this community. Television
signals have no such requirement. In order to successfully modify a video tape recorder
to provide variable data rate recording capability, significant modification’s to the system
are required. The specific approach chosen is dependent upon the total data rate range
which one wishes to cover, as well as the precision or granularity to which one plans to
accept variable input data rates. For example, accepting specific, binarily-related input
rates as opposed to continuously variable input rates significantly reduces the complexity
of the implementation but may limit the applicability of a machine to selected programs.
There are several potential solutions to the variable data rate recording problem, one of
which must be chosen by each manufacturer to adapt standard hardware. One technique
for performing variable data rate record is speed scaling, where the head-to-tape speed,
capstan speed, and clock frequency for the record data electronics are scaled
proportionately. Datatape Corporation claims to have successfully implemented this kind
of a scheme on their Mallard recorder, a one-inch, reel-to-reel system using a modified
Bosch Fenseh B-Format scanner. Extending this approach beyond 8:1 is complex, due to
significant differences in the characteristics of the head-to-tape interface. A second
approach, used by Ampex Corporation on its SHBR recorder, is ASTTM head position

tracking servo as implemented on the ADR-300 product. Using this technique, one can
maintain constant head-to-tape velocity and adjust for required helix angle changes as the
tape speed slows down through use of the servo-controlled scan tracking device. This
approach is more complicated in terms of hardware but is not limited in the same way
speed scaling is. A third technique is incremental motion, whereby a very large digital
buffer is used in the electronics to mask start-stop and rewind times of the tape transport.
This technique is presently being implemented on Ampex’s DCRS 310 product, and
provides for continuously variable data rates. Its main limitation is the cost of memory,
which is declining rapidly in the marketplace as larger chips become available. This
implementation is more difficult, but not impossible, on a helical scan device, due the
large mechanical wraps involved. The final technique which could be applied is one of
using variable tape path geometry. In this type of solution, which in many respects is the
inverse of the ASTTM technique, required changes in helix angle are made by adjusting
transport guiding elements as opposed to adjusting head position. Although never
implemented and delivered in a practical helical system, these techniques have been
studied in several companies over the last few years and are still under investigation.
The next major problem which must be solved for data recorders is that of bit error rate
performance. In television recorders, heavy reliance on error concealment techniques is
possible. The 4:2:2 system does use a powerful Reed-Solomon product code consisting
of an inner code of R-S (64,60) and an outer code of R-S (32,30) For many applications,
this code will probably be adequate. However, at the time of this paper, insufficient
knowledge existed to clearly define what consistent bit error rate performance can be
achieved at the SMPTE densities under all tape interchange conditions. It is estimated that
the answer is somewhere between a BER of 10-8 and 10-9. For applications requiring a
BER performance of 10-9 or better, more powerful ECC systems will be required. Both
the NADC and ANSI efforts are attacking this issue head-on.
The choice of channel code is also a very interesting subject. The 4:2:2 component digital
VTR standard has selected randomized NRZ. There are many people in the data
recording business who would like to see the code selection changed. Codes such as
various block codes and Miller-Squared are under investigation. Those who want the
code selection changed are particularly concerned about the DC aspects of randomized
NRZ, which can be easily handled in the playback system by use of decision feedback
equalization or by use of Class IV partial response signal processing. Both of these signal
processing techniques are more complex and costly than traditional flat equalized
playback channels, but do not carry the additional overhead of block codes. Although
Miller-Squared carries an inherent 3 dB penalty in SNR, it is DC-free and lends itself to
very straightforward playback processing. In most cases, the preference of one
manufacturer for a particular code as opposed to another manufacturer is based upon his
internal expertise and invested base in current designs, or the manufacturer’s approach to

solving some other recorder problem such as speed scaling. Ad hoc working group
activities as planned by ANSI should be quite useful in sorting out and selling these
problems.
COMPOSITE DIGITAL VIDEO
A major wrinkle in what otherwise seemed to be a clear-cut movement into data recording
based on the D-1 component standard occurred with the announcement earlier this year
by Ampex Corporation that it would introduce a composite digital video tape recorder
system based upon the use of the same three standard 19 mm cassettes as used in the D-1
standard. Since that announcement, Sony Corporation has announced that it will support
the Ampex-proposed tape format for 4Fsc composite recording applications. It is felt that
the D-1 component system will satisfy the top-end, quality conscious user, but that the
number of such customers is quite limited. The objective of the emerging composite
product is to provide the user approximately three times as much record time per cassette
as he would achieve using the component format. Secondly, a composite machine,
competitively priced, would be a logical evolution path for those customers now using
composite analog machines such as B-Format and C-Format equipment. Although all
details of the format have not been finalized at the time of this paper, certain
characteristics can be described as highly probable. In particular, a composite equipment
will probably use 13 Fm thick, 1500 Oe metal particle tape and azimuth gap heads. MillerSquared code, in conjunction with an adequate error detection and correction system, will
provide a very robust tape format at track densities considerably higher than those on the
4:2:2 component system. Table III summarizes a preliminary set of parameters now under
investigation for use on that format. It is anticipated that some of these parameters could
change.
Ampex introduced its first digital video product at the 1986 NAB show in Dallas. The
product shown was an automatic tape library system called the ACR-225, which is based
on the proposed component recording format and uses 256 small-size D-1 cassettes, for
use as a studio spot player.
If the efforts on generating a mutually-acceptable composite format continue to fruition in
the near term, the data recording community will discover that this format will be
particularly attractive from the standpoint of tracking robustness and its higher volumetric
packing density. Direct data recording derivatives of this hardware will operate in the
114 Mbit/s region, as opposed to the 172 Mbit/s region available using an unmodified D-1
recorder. The inherent cost advantage of this product over the 4:2:2 system should result
broad acceptance of this hardware as a data recorder in an appropriate configuration.

Table III
Ampex Digital Format Parameters for Composite 4Fsc
Cassette
Tape

D-1.S, M & L
Metal Particle (1 3 Fm)
(Oxide a Fall-Back Position)

Track Angle

5.425E NTSC

Helix Angle

Matches D-1

Wavelength

0.96 Fm

Track Pitch

35 Fm NTSC

Effective Width

35 Fm NTSC

Density

59 Gb it/M2

Azimuth

15E

Editing

Possible First & Last Track Degradation

Play Time
Channel Code

32, 94, 208 minutes
Miller-Squared

Error Correction

64 x 8 Product Code
Detect x Single Correct

Interleave/Shuffle

2 TV Lines

Audio:
Data Rate
Location
Error Correction
Market
Acceptance

4 x 48 k samples/s x 16 bits
Each End of Track
Concatenated Code + Duplication
(Extremely Powerful)
Middle to Upper
Rapid

SUMMARY
By the early 1990’s, the data recording industry will see dramatic effects based upon
instrumentation recorder products derived from 19 mm cassette-based video recorder
products. Recorders based both upon D-1 component technology and 4Fsc composite
technology will find their application in the government community. Current D-1
standardization efforts are being conducted by NADC and ANSI.
The broadcast industry currently believes that a much larger market exists for composite
recorders than exists for component recorders, but each of the major manufacturers will
produce systems based on both formats. The advantages to the data recording industry
of taking advantage of the significant investments made by broadcast recorder
manufacturers should be obvious. Improved performance, reliability, and reduced costs
should result. Finally, by standardizing on two or three data formats (preferably one), the
data recording user community will find it much easier to share databases than in the past.
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Space Applications Centre
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ABSTRACT
Spread Spectrum Systems have the potential of sharing the frequency spectrum with
broadcasting, telephony and data communications services due to their low power density
signalling. The study of feasibility of co-existence of Direct Sequence Spread Spectrum
ranging signal with TV or SCPC carriers in a common satellite transponder is presented in
this paper. The suitability of this type of ranging for Indian National Satellite-IB
(INSAT-IB) system from Master Control Facility (MCF), Hassan, India has been
examined. The mutual interference effects between spread spectrum ranging signal and
TV or SCPC services through various sizes of earth stations in INSAT network have
been calculated. The study indicates that simultaneous accurate range measurement by
spread spectrum technique from control earth station is possible without any significant
degradation in signal quality of TV or SCPC services.
INTRODUCTION
There has been a considerable increase in interest in the use of Spread Spectrum (SS)
techniques to meet some specific requirements in communications and navigations. SS
systems have the potential of sharing spectrum with the broadcast or communication
channels because of their low power density signalling characteristics. Co-channel
interference of high levels is rejected in SS receiver by the auto correlation process
employed. Studies have been carried out by some research organisations and educational
institutions to find out the feasibility of co-existence of SS with other users on a mutually
non-interference basis. (1)-(5) FCC, USA has examined the condition under which SS
land mobile communication channel and TV can share the spectrum. NASA/GSFC, USA
has conducted Spread Spectrum Multiple Access (SSMA) experiment thorugh a satellite
and experimental results show that simultaneous transmission of acceptable SS and TV
are feasible. University of Bath, UK has studied the conditions which would allow land
mobile radio systems using SS technique to share certain RF allocations on a mutually

noninterference basis with the existing TV channel. Carleton University, Canada has
conducted the study for the use of SS modulation to facilitate the insertion of data signal
into the standard TV signal. Space Applications Centre (SAC), ISRO, India has
developed a 4 MHz spread spectrum voice communication system and experimented for
its co-existence with FM signal via APPLE (Ariane Passenger Payload Experiment), the
first Indian experimental communication satellite.(6), (7) This system is later modified for
ranging function. The ranging experiment with INSAT-1B has been carried out from
ISRO’s earth station at Delhi and the results obtained are satisfactory.
The objective of the study presented in this paper is to theoretically examine the feasibility
of co-existence of wideband Direct Sequence (DS) type SS ranging signal with FMTV or
narrow band SCPC signal in overlapping mode through a C-band transponder of Indian
National Satellite-1B (INSAT-1B). INSAT-1B is a multipurpose geostationary satellite
system for domestic telecommunications and meteorology with capability for nationwide
direct TV broadcasting to rural communities in India. (8) The major characteristics of
C-band transponder, earth stations planned in INSAT- network for various services and
systems under study have been described in this paper in brief. The mutual interference
effects in the performance of systems for the above cases in study have been calculated.
The study indicates that simultaneous SS ranging along with TV or SCPC service is
possible through a satellite transponder without any significant degradation in TV or
SCPC system performance.
RANGING SYSTEM DESCRIPTION
Fig. 1 shows the simplified block diagram of spread spectrum ranging system. In this
system, data at 10 kb/sec is modulo-2 added to a Pseudo Noise (PN) code at 20.47
Mb/sec and is then used for Bi-Phase Shift Keying (BPSK) 70 MHz IF carrier which is
filtered over 36 MHz bandwidth before transmission. At the receiver, 70 MHz IF signal is
filtered over a bandwidth of 36 MHz and is given to the heterodyne correlator. After
perfect code synchronization, data at 10 kb/sec modulated over 10 MHz carrier is
obtained from the correlator which is fed to the BPSK demodulator for recovery of data.
Table-I gives the specifications of SS ranging system.
The high bit rate PN code of length 2047 bits employed for spreading is generated by
using 11 stage feedback shift register and a 20.47 MHz clock. The low bit rate PN code
of length 8191 bits employed for range ambiguity resolution is generated by using a
13-stage feedback shift register and a 10 KHz clock. The initial pattern pulse of spread
PN code and that of range ambiguity PN code of the transmit section are gated to
generate the start pulse for the time interval counter and the same initial pattern of the
received spread PN code and that of ambiguity PN code are gated to generate the stop
pulse for the time interval counter. From the time delay thus measured, the range value can

be calculated. The accuracy of range is determined primarily by spread PN code rate,
code jitter and resolution time of time interval counter.
SYSTEM CONSIDERATION
For ranging, C-band transponders have been considered. INSAT-IB has 12 transponders
operating in C-band out of which one is used for TV distribution and the rest for various
telecommunication services. Each transponder has a bandwidth of 36 MHz, EIRP of
32 dBw and G/T of -4.5 dB/EK over the primary coverage.(9)
Master Control Facility (MCF), Hassan is a control earth station which provides
telecommand, telemetry and ranging operations on INSAT-IB. The services offered by
the earth stations and the main characteristics of all the earth stations in INSAT-IB
network are given in Table-II.
Three types of services considered for the purpose of study are TV, SCPC, and SS. The
major characteristics of these systems are indicated below briefly.
TV System: TV broadcast service is also being provided using C-band transponder
besides normal S-band transponders. For single TV transmission, 20 MHz FM bandwidth
is used. Two FMTV carriers with 16 MHz bandwidth each have also been considered in
INSAT-IB network for providing increased number of TV channels. The minimum C/N
required in service at type A earth station is 14 dB and that for a type New-1 earth station
is 11 dB for TV reception of desired quality.
SCPC System: SCPC service is provided to cater to the needs of subscriber using
various earth stations (Table-II). Each SCPC carrier has a channel spacing of 45 KHz and
different channels are allotted to various users. For SCPC transmission, FM or
DM/QPSK modulation is used for base band voice signal. The minimum C/N required in
SCPC service at any type of earth station is 12 dB to provide satisfactory audio signal
quality.
SS ranging System: SS system is considered for ranging from MCF. For ranging signal,
BPSK modulation is used and has a spread bandwidth of 36 MHz. Higher PN code used
provides range resolution and lower PN code used provides unambiguous range. The
minimum C/N required for ranging signal in MCF is kept at -20 dB to provide a bit error
probability of 1x10-6 or better so that the range resolution obtained is within specified
value.

MUTUAL INTERFERENCE
Considering the types of services in INSAT network, three combinations of services have
been examined for coexistence in a single C-band transponder.
Case-I
Case-II
Case-III

Spread spectrum ranging and single FM TV carrier
Spread spectrum ranging and two FM TV carrier
Spread spectrum ranging and single channel per carrier (SCPC)

The entire available satellite power is assumed to be consumed by the simultaneous users
in the mutual interference calculations as worst case consideration.
The processing gain Gp of DS SS receiver is given by
----Where (S/N)out
(S/N)in

=
=

output signal to noise power ratio
input signal to noise power ratio

2BSin

=

RF bandwidth of input signal

Ts

=

information bit time duration.

[1]

This expression for processing gain is modified when interfering signal is present. For the
case in which the bandwidth of the input interfering signal is less than or equal to the
bandwidth of the input desired signal, the processing gain Gp is given by (10)

-----

Where (S/I)out

[2]

=

output signal to interference power ratio

(S/I)in

=

input signal to interference power ratio and

)W

=

the radian frequency difference between the desired signal
and interfering signal.

When the bandwidth of interference is greater than the desired signal, Gp is given by

-----

[3]

Where BIin
=
bandwidth of input interfering signal.
This expression indicates that the system gain is proportional to bandwidth filtering ratio.
Eqn. [2] gives FM TV interference on SS signal when there is frequency offset between
the two carriers. Eqn. [3] gives SS interference on TV or SCPC with or without offset in
frequency between SS and TV or SCPC carrier. Table-III shows the receive C/N
degradation in performance of the systems in mutual interference conditions. The values
in bracket indicate the C/N values obtained in the absence of interference.
Case I: C/N value for single FM TV carrier reduces from 22.7 dB to 19.7 dB at type A
station and from 14.7 dB to 14.06 dB at type New 1 station when there is no frequency
separation between ranging carrier and TV carrier. With frequency offset of 12 MHz, C/N
of TV carrier is degraded by 1 dB and by 0.18 dB at Type A station and New 1 station
respectively. The final C/N value obtained is still above the desired objective of 14 dB and
hence there is no degradation in system performance.
C/N of ranging carrier is reduced to -20.02 dB and -14.67 dB at MCF with no frequency
offset and with 12 MHz frequency offset respectively between ranging carrier and TV
carrier. The final C/N of about -20 dB obtained is within the correlator performance limit
and so ranging accuracy is not affected significantly.
Case II: C/N of FM TV is reduced from 19 dB to 17.8 dB and from 11 dB to 10.79 dB at
type A station and type New 1 station respectively with SS carrier at the centre of the
band and TV carriers spaced at 10 MHz on either side of SS carrier. The reduction of
C/N at New 1 station by 0.21 dB from desired value of 11 dB should not cause any
significant degradation in system performance.
C/N of ranging carrier is reduced to -16.17 dB at MCF, Hassan under the above situation
and the final C/N obtained is well above the minimum C/N requirement of -20 dB in SS
receiver for the desired performance.
Case III: C/N has been reduced from 14 dB to 12.3 dB at the major type A earth station
and from 14 dB to 13.97 dB at the smallest type New 1 earth station in the network. Since

the final receive C/N values are found to be above the desired value of 12 dB, the SCPC
system peprformance is not degraded.
At MCF, C/N of ranging carrier is reduced to -20.05 dB. This reduced C/N value is less
by only 0.05 dB as compared to the desired value of -20 dB and this does not cause any
significant degradation in ranging system performance.
Thus the above calculations show that SS ranging signal and TV or SCPC can coexist in
a single transponder without affecting significantly the performance of any of the systems.
CONCLUSION
The study indicates that accurate range measurement by spread spectrum technique with
ranging signal sharing TV or SCPC channels in an overlapping mode in a single
transponder is possible. Acceptable quality of TV or SCPC signal is obtained under
simultaneous transmission condition. The accuracy of range obtained better than that can
be achieved by other conventional methods and hence it seems to be a very useful
method for ranging of communication satellites.
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FIG. 1 SPREAD SPECTRUM RANGING SYSTEM

Table-I
SPECIFICATIONS OF SS RANGING SYSTEM
Spread PN code clock

20.47 MHz

Spread PN code length

2047 bits

Ambiguity PN code clock

10 KHz

Ambiquigy PN code length

8191 bits

Transmit/Receive IF

70 MHz

IF Modulation

BPSK

IF Bandwidth

36 MHz

Receive correlation

Heterodyne

Min Input C/N

-22 dB

BER

1x10-4

Max. code jitter

±10%

Resolution of Time interval counter

±10 nsec.

Table-II
SUMMARY OF EARTH STATIONS IN INSAT-IB NETWORK
Type

Antenna
diameter

G/T
dB/EK

Primary Service

MCF

14.0

34.5

Network control

Type A

11.8

31.7

TV, SCPC, FDM-FM

Type B

7.5

25.7

SCPC, FDM-FM

Type C

4.5

19.7

SCPC

New 1

6.1

23.7

TV

New 2

3.0

16.7

SCPC

New 3

2.0

13.2

SCPC

Table-III
RECEIVE C/N IN MUTUAL INTERFERENCE CONDITIONS

Study

Case I

Case II

Case III

Receive C/N
Type A

Type B

Type C

New 1

New 2

New 3

MCF

19.7

14.06

-20.02

(22.7)

(14.7)

(3.0)

21.7*

14.52*

-14.67*

(22.7)

(14.7)

(3.0)

17.8

10.79

-16.17

(19.0)

(11.0)

(-1.30

12.3

13.5

13.8

13.6

13.93

13.97

-20.05

(14.0)

(14.0)

(14.0)

(14.0)

(14.0)

(14.0)

(-1.0)

* 12 MHz frequency separation between SS and TV carrier.
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ABSTRACT
A digital frequency discriminator (DFD) of the delay-correlator type is described. The
device is shown to have an instantaneous frequency measurement capability on very short
pulses. The theoretical performance of the DFD in a noisy background is derived and
shown to compare favorably with measured results. Key Words: digital frequency
discriminator, delay-correlator, instantaneous frequency measurement.
INTRODUCTION
The digital frequency discriminator is a very high speed, wide-bandwidth microwave
device with capability to detect and acquire input pulse frequencies on a monopulse basis.
Although its primary application has been in radar warning receivers it can also be utilized
in telecommunications as a component of a surveillance receiver for acquisition and
analysis of pulsed communications signals in dense pulse environments.
A simplified schematic of the DFD is shown in Figure 1. Input signals are restricted to the
RF pass bands *#f#! fc* # W/2 and the output video band is #f# # B/2. The lowest input
frequency fc ! W/2 is also well removed from the video band.
The ratio of output to input SNR will be shown to vary directly with W/B, but a minimum
B value is dictated by the requirement for reliable detection and frequency estimation of
very narrow pulses. For radar warning applications, for example, pulse widths of 100
nanoseconds must be passed by the video filter. Even in extreme cases, however, W/B
can be assumed to be on the order of hundreds.
THEORY OF OPERATION
The input signal is divided between two paths. The upper path inserts a known delay T.
Both delayed and undelayed signals are further divided/phase shifted via 90 degree hybrid

couplers. For the frequency range of interest the hybrids may be modeled as perfect
Hilbert transformers (with 3dB power loss). Thus, the signals at ports A, B, C, D are:

where
denotes the Hilbert transform of v(t) (note:
= -v(t)). The signal pairs
(A,B) and (C,D) are squared by the nonlinear elements and differenced to produce the
prefiltered quadrature signals Q(t), I(t). The output quadrature signals are:
i(t)= +I(t), ,

q(t)= +Q(t),

where + , designates the video filtering operation performed by the Ideal Lowpass Filter
(ILPF) with transfer function
H(f)=1, #f# # B/2
The filtered quadrature signals can be written
i(t) = +D2!C2, = Re +(D+jC)2, ,

q(t) = +B2!A2, = Re +(B+jA)2,

It will prove convenient to express these in terms of the pre-envelope (analytic signal) a(t)
associated with v(t);

Then one finds
i(t) = -Re +[a(t)!a*(t-T)]2, /2,

q(t) = Re +[ja*(t)+a(t!T)]2, /2

For convenience, the properties of a(t) are reviewed in the Appendix, where it is shown
that a(t) has frequency components only in the band #f-fc# #W/2 and a*(t) has frequency
components only in the negative image band. Squares of these terms will therefore consist
of doubled frequencies well outside the video passband. Deleting these yields
i(t) = Re +a(t)a*(t-T), ,

q(t) = Im +a(t)a*(t-T),

or, combining into a single complex output signal
z(t) = i(t)+jq(t) = +a(t)a*(t-T),

(1)

For example, consider a carrier modulated rectangular pulse of amplitude A and duration
To;
v(t) = A p(t) cos(To+2), p(t)=1, 0# t#To
The associated analytic signal is

Assuming B is wide enough to pass the pulse undistorted, the complex DFD output is,
from (1)

Thus, at any time t in the range (T, To) the pulse frequency and amplitude may be derived
from the instantaneous quadrature samples i(t), q(t):

(2)
For further insight to the operation of the DFD, we can approximate the ILPF impulse
response h(t) as an integrating window of duration 2D=2/B, i.e.,

Then (1) shows

which approaches the time-average autocorrelation of a(t) as D grows. If a(t) is a
correlation-ergodic random process, this in turn approaches the statistical (ensembleaverage) autocorrelation Ez(t) = Ea(t)a*(t-T) = Raa(T).
PERFORMANCE IN NOISE
The foregoing example is an idealized illustration that ignores receiver noise effects. The
DFD is a wideband device and, as a consequence of the nonlinear (square law)
processing, thermal noise throughout the entire band will contribute to the output z(t). For
a sinusoidal pulse input the frequency, and amplitude estimates (2) will therefore be noisecorrupted random variables. Here we examine the statistical properties of these estimates
by deriving the probability density function of z(t).

Let w(t) denote the receiver input noise. We assume w(t) is a zero-mean, stationary
gaussian process with wideband spectrum Sww(f) as illustrated in Figure 2a. A sinusoidal
signal s(t)=Acos(ToT+2) arrives causing the total input v(t)=s(t)+w(t). The pre-envelope
of v(t) is therefore the complex gaussian process
(3)

where n(t) is the pre-envelope of w(t). The spectrum Snn(f) is a shifted replica of Sww(f) as
shown in Figure 2b. From (1) we find

The first bracketed term is clearly gaussian. Representing n(t) as a sum of components
ni(t) having individual spectra Sii(f) (Figure 2c), we observe that since these spectra are
non-overlapping, the components are independent gaussian variables. The second term
can be expressed as

since only terms with i.j will pass the LPF. Since this sum consists of a very large
number (approximately W/B) of independent random variables we can justifiably invoke
the Central Limit Theorem to deem it gaussian.
We conclude z(t) is gaussian and to specify its pdf we need only determine its mean and
covariance statistics. From the expansion above
(4)

or, in terms of the real quadrature components,
(5)

(6)

are the Re, Im parts of (4). The variances
Cii = E[i(t)!Mi]2 ,

Cqq = E[q(t)!Mq]2

and covariance
Cqi = E[q(t)!Mq][i(t)!Mq]2
can be derived by application of the properties:
En(t)n(t!J) = 0 for all J
where n(t) is any analytic process (see Appendix); and
Euiuiuk = 0,
Eu1u2u3u4 = Eu1u2Eu3u4 + Eu1u3Eu2u4 + Eu1u4Eu2u3
when the ui are any zero mean gaussian variates. The result is
(7)

(8)

(9)
where
(10)

and

is the spectrum of the noise envelope; i.e.,

is the upper sideband of Sww(f) shifted left by fc (see Figure 2d). We thus have the pdf of
the vector z=[i(t) q(t)]', viz.,
(11)

where (z-M)* is the conjugate transpose of z-M and

The signal frequency and amplitude estimates

,

in normalized form are, from (2);

This transformation has Jacobian equal to V. Applying these to (11) obtains the joint pdf
of (2,V);

We are primarily interested in the accuracy of the frequency estimate

hence we integrate f(2,V) on V to obtain the pdf of 2;
12)

where:

g2(2) = Cqq cos22 ! 2Cqi sin2 + Cii sin22
g1(2) = Cqq Mi cos2 +Cii Mq sin2 ! Cqi (Mq sin2 + Mi sin2
g0 = Cqq Mi2 !2Cqi Mi Mq + Cii Mq2

and erf*(x) is the gaussian error function:

MEASUREMENT RESULTS
The results above apply for any stationary noise spectrum Sww(f). For ease of comparison
with experimental data, however, a relatively flat spectrum
(13)
was generated and signals at various frequencies f0 were input. Using the special case (13)
in equation (10), we find

where P=A2/2NoW is the input SNR, and r=B/W is the bandwidth ratio.
To confirm the theoretical performance, an Anaren 2-4.1 GHz band (W = 2.1 GHz) DFD
was instrumented for test measurements. Various combinations of SNR (P), video
bandwidth (B), delay (T) and signal frequency (fo) were tested. In all test cases r<< 1 and
WT>> 1. Hence, ignoring r/4 and WT terms above and normalizing the overall gain, the
predicted gaussian statistics are:
mean:
Mi = Pcos(2o)

Mq = Psin(2o)

(14)

variance:
(15)
covariance:
Cqi = rsPsin(22o)
where a = sinc(BT) and 2o = ToT is the ideal DFD phase.

(16)

The variances Cii, Cqq were confirmed by selecting fo in the input band (for each T) such
that cos(22o) = 1. With a CW input signal the measured noise fluctuation power in the I,Q
channels should then be
(17)

The results are summarized below:

Overall the theoretical vs. experimental results agree to approximately 10%. This is a fairly
reasonable agreement when one considers that aggregate errors in measuring P, B, W and
the flat-spectrum approximation (13) may very well be of this order.
A somewhat novel approach was taken to confirm the accuracies of mean values and
cross-correlation (Cqi) as well as the Central Limit Theorem approximation. The gaussian
pdf (11), if valid, has the property that randomly selected samples z will fall outside the
ellipse

with probability exp (!C2/2). This ellipse has semi-majpr and semi-minor axes given by

where

are the minimum and maximum eigenvalues of the covariance matrix
. This ellipse is
centered at (Mi,Mq) and the angle of inclination of the major axis (measured
counterclockwise from the i(t) axis) is
Q = tan-1 [(Cqq-Vmin)/Cqi]

Using (15) and (16), one finds the axes length ratio should be

(18)
and
(19)
Thus, the major axis should point through the origin if s=sinc(BT)>0 and the minor axis
should point through the origin if s <0. (If s=0 the ellipse degenerates to a circle and Q is
meaningless). The axis reversal predicted by (19) is observed in Figure 3 which was
obtained by polar display of numerous DFD reads as input frequency was cycled through
eight discrete settings. The reasonableness of the axis length ratio (18) is also apparent
from the ellipse dimensions.
SUMMARY AND CONCLUSIONS
This paper has described the basic properties of a one channel DFD with gaussian noise
input. A general theory has been developed which applies to an arbitrary form of the noise
spectrum. The development is an extension of the theory in Ref. [1].
Measurements have been performed with a relatively flat noise spectrum and low input
signal to noise ratio. Different video bandwidths and delay times have been tested. As can
be seen the agreement between theory and measurements is very good.
The DFD described in this paper is a basic building block in a full-up unit. A typical
receiver has 4 of these building blocks with delay times of WT=1,4,16,64. This insures
good accuracy and wide bandwidth (usually 3 MHz resolution and 10 GHz bandwidth).
To increase the sensitivity and the dynamic range a high gain limiting amplifier precedes
the basic building blocks (typically -60 dBm sensitivity and 70 dB dynamic range are
thereby achieved). By this approach the sensitivity is determined by amplifier noise rather
than the 1/f noise in the detector diodes.
Because the receiver can detect and process the frequency on a monopulse basis the data
rate is high (typically 5 MHz). Weak signal suppression within the limiting amplifier
provides for more reliable detection with simultaneous signals (the strongest signal is
detected and processed).
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APPENDIX: BANDPASS PROCESS REPRESENTATIONS
Let w(t) be a real, zero-mean, stationary, bandpass (but wideband) random process with
autocorrelation Rww(J) and power spectrum Sww(f). The spectrum Sww(f) is an even
function of f with sidebands ‘centered’ (not necessarily symmetrically) about a carrier
frequency fc. Figure 2a illustrates a typical spectrum.
The Hilbert transform
is a time invariant, linear transformation of w(t) described
either by the impulse response hH(t)=1/(Bt) i.e.
(A1)
or the transfer function HH(f)=!j sgn(f). It follows from (A1) that
mean with cross- and auto-correlations given by

is also real, zero-

(A2)
Thus,
and w(t) are jointly stationary. The analytic signal or pre-envelope associated
with w(t) is the complex signal
(A3)

From the above definitions it is easy to show that n(t) is a zero-mean, stationary process
with autocorrelation
(A4)
i.e., the analytic signal associated with Rww(J). Using (A1)-(A3), one also finds that
conjugate complex processes n(t), n*(t) are jointly stationary and uncorrelated, i.e., for all
J;
En(t)n(t!J) = 0
(A5)
The conveyance of analyticity from process n(t) to its autocorrelation Rnn(J) gives rise to
single sideband structure of the spectrum Snn(f). Transforming (A4) and using the Hilbert
transfer function, one finds
Snn(f) = U(f) Sww(f)
(A6)
where U(f) is the unit-step function, Thus, Snn(f) is a one-sided (upper sideband)
spectrum, as illustrated in Figure 2b. This is clearly representative of a carrier modulated
signal ñ(t) , i.e.,
(A7)
where

is termed the complex envelope associated with w(t). Since
(A8)

the autocorrelation

is given by
(A9)

comparing (A8), (A9) we see this is the complex envelope associated with Rww(J).
Transforming (A9) yields the spectrum of the complex envelope;
(10)
which represents a frequency translation (demodulation) by amount fc as illustrated in
Figure 2d. For processes w(t) strictly bandlimited to *#f#!fc* # W/2, it is apparent that
ñ(t) is strictly low-pass bandlimited to #f# # W/2. Properties (A5), (A8) show that the
conjugate envelope processes ñ(t),ñ*(t) are also uncorrelated, i.e., for all J ;
Eñ(t)ñ(t!J) = 0

FIGURE 1 DFD Simplified Schematic

FIGURE 2 Spectral relation of signal, analytic signal, and envelope processes.

A) P = 3.1
(4.0dB)
B = 20 MHz T = 4.8 nsec
(SINCBT = .985)
FIGURE 3

B) P = 8.5
(9.3 dB)
B = 20 MHz T = 65 nsec
(SINCBT = !.2)

ERROR CONCENTRATION ELLIPSES FOR DFD MEASUREMENTS
AT 8 FREQUENCIES, AND WITH NO SIGNAL (CENTRAL ELLIPSE)
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ABSTRACT
DPSK modulation and demodulation are usually based on logical selection of the
difference phase before modulation and the recovery sum phase after detection. Here, we
describe an analogue procedure done directly on the PSK’d I-F. BAW delay elements are
used in arrangements of feed-forward for difference modulation and of feedback for
demodulation.
Characteristics are described, and results of laboratory implementation tests for data rate
and carrier frequency variations are given. An I-F of 60 MHz and a bit rate of 200 kHz
were used as nominal values. Robust performance is indicated.
INTRODUCTION
We discuss here a conceptual approach to generating DPSK and recovering the PSK
using bulk acoustic wave (BAW) delay elements. Performance evaluation of DPSK versus
other modulation methods is not intended, being, of itself, an extensive subject. DPSK
error rates for certain constraints are found in References (1) and (2). These references
also depict particular forms of DPSK modulators and demodulators for systems analysis,
which are based on digital logic approaches. Such approaches use data differencing and
summing logic, respectively, before and after carrier phase modulation and demodulation.
To set a basis for comparison to our approach, we show a usual procedure in symbolic
form in Figures 1 and 2. In a sense, the differencing modulation is offset by a following
summing process after detection. Should differentially coherent DPSK be desired, phase

synchronous timing of the data and carriers would be required, as by use of a common
generating clock or frequency synthesizer.
An alternate to the demodulator shown in Figure 2 employs baseband quadrature circuits,
so that the I and Q components of each received bit are obtained.(1) The bit value decision
results from the scalar product with the prior bit components. In either case, the
differential demodulation occurs after detection. The approach we describe uses BAW
delay elements operating at I-F, 60 MHz, to produce the differential modulation and
demodulation.
We first describe the modulation and demodulation processes using binary data. A
laboratory circuit implementation for experimental evaluation is then described.
DPSK MODULATION AND DEMODULATION
The primary modulation is binary PSK. Modulation is conversion of the PSK to DPSK,
and demodulation is the recovery of the PSK. A feed-forward circuit is used for
modulation; a feedback circuit is used for demodulation.
Modulation
A feed-forward circuit is used as shown in Figure 3. Parameters in Figure 3 are defined as
follows:
To = carrier radian frequency
Nm = PSK phase for mth bit
J1 = delay of feed-forward branch
Jb = 1 PSK bit duration
G1 = gain (or loss) of feed-forward branch
"1 = Mixing loss of the I-F converter
2m = Nm + Nm-1 ! ToJ1

(1)

Nm = N (t ! mJb)

(2)

Nm-1 = N (t ! (m - 1)Jb)

(3)

The PSK input is
V1 (t) = cos(Tot + Nm)

(4)

V2 (t) = "1G1 cos(2Tot + 2m)

(5)

The DPSK’d output is

Note the doubling of the I-F. The DPSK phase modulation is (Nm + Nm-1) mod2B for our
example.
If the delay J1 does not match the bit period Jb, then some intersymbol interference
occurs as well as a loss of modulation efficiency. The phase transitions of the delayed bit
train are no longer coincident with the undelayed train.
We can represent the differential phase durations by

(6)

where
) = Jb ! J1

(7)

and
(8)
These two rect functions are contiguous in delay and disjoint. Intersymbol interference
would occur on modulation when Nm-1 and Nm+1 differ. We do not include an analysis of
this loss. Now, we consider demodulation.
Demodulation
The demodulation circuit uses feedback as shown in Figure 4.

The output solution for V3(t), after substituting for 2m from (1) is
(9)
where we have substituted an “assumed” solution in the feedback loop.

(10)

Only the difference frequency of the conversion process passes back through the loop.
The result, Equation (10), checks our assumed solution (after delay through the BAW).
For PSK bit detection, we can now use the detection scheme of Figure 2, except now our
input is the recovered PSK’d carrier, and the data bits are used directly out of the phase
detector. The remaining fixed phase term in Equation (10) is removed by use of this selfsynchronous detection method. Alternatively, we can use the “I-Q” baseband component
process.(1)
Frequency shifts caused by local oscillators, Doppler, and the like do not affect
performance as long as they remain in the loop passband. Doppler frequency shifts are
caused by time-scale expansion and contraction, and so induce a slight change in the
duration of the data bit, which is ordinarily insignificant. The time scale expansion ratio is
v/fo, where v is the Doppler and fo is the un-Dopplered carrier. Hence, an original data bit
of duration Jb would extend to
Since
V is relative velocity or
Doppler inducing velocity and c is velocity of light, the bit duration change will be
insignificant; a small change in bit duration has nil effect, in any event.
LABORATORY CIRCUIT IMPLEMENTATION
A simple arrangement was used for initial laboratory experiments, particularly to eliminate
data recovery circuitry. By using a single, matched RF source, we could provide scope
observable data “detection” by adding phase coherent prime source I-F to the output
from the DPSK demodulator. That is, bit synchronous amplitude modulation results,
permitting direct observation of the 60 MHz bit structure. This arrangement is shown in
Figure 5.
The BAW elements have a nominal 1-bit delay of 5 µsec, corresponding to a bit rate of
200,000 bps. By our previous notation, J1 = J2 = 5 µsec. Variations of >±20 percent in
bit rate were essentially unobservable in performance effect.

As mentioned earlier, the BAW delay elements also act as bandpass filters. A measured
response is shown in Figure 6. The response width will accept I-F shifts of 10 to 20 MHz
while providing excellent rejection at twice I-F.
An example of observed DPSK’d I-F from the DPSK modulator appears in Figure 7. The
data rate was 200 kHz. The lower word generator trace corroborates the DPSK’d data.
The demodulated DPSK of Figure 7 is shown in Figure 8. A 1-bit delay in the recovered
data results because the data were taken from the BAW filtered output of Figure 4. An
alternating data sequence of two “1’s” and three “0’s” is shown in Figure 9, as recovered
from the filtered BAW output of the DPSK demodulator.
CONCLUDING REMARKS
We have described an experimental arrangement for using BAW delay elements for
differential modulation and demodulation of the PSK’d I-F. An I-F of 60 MHz and a bit
rate of 200 kHz were used. A BAW delay of 5 µsec corresponds with the bit rate.
Laboratory operation was robustly insensitive to carrier frequency and data rate
variations.
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Figure 1. Symbolic Binary Differential Modulator;
Extendable to M-ary. Difference Logic
Occurs Before Carrier Phase Modulation.

Figure 2. Symbolic Binary Differential Demodulator; Use of Data Period
Gating on the Detector Integrator Reduces Intersymbol
Interference. Sum Logic Occurs After Carrier Phase
Demodulation.

Figure 3. Feedforward DPSK Modulator; the Delay Element Has Delay J1,
Gain (or Loss) G1; Ideally, J1 = Jb. Only Frequencies
About To Are Passed in the Feed-Forward Branch.

Figure 4. Feedback DPSK Demodulator; the Delay Element Has Delay J2,
and Gain (or Loss) G2. The Delay Element Passes Frequencies
About T Only. Ideally J2 = Jb.

Figure 5. Experimental Laboratory Circuit Arrangement; Direct Observation
of the Recovered PSK’d I-F Results From Adding Synchronous I-F to
Yield Amplitude Modulation.

Figure 6. Bandpass Characteristic of a BAW Delay Element.

Figure 7. Observed DPSK’d I-F From the DPSK Modulator. The Lower Trace Is
the 200 kHz Word. Differential Phase Transitions Occur After
Rise and Fall of the “1”-bit.

Figure 8. Observed, Recovered PSK’d I-F From the DPSK Demodulator,
Taken at the 1-bit Delayed BAW Filter Output

Figure 9. Observed, Recovered PSK’d I-F From the DPSK Demodulator
Taken at the 1-bit Delayed BAW Filtered Output. Alternating
Two “1’s”, Three “0’s” Word
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ABSTRACT
Significant advances in processing power and hardware miniaturization for aerospace
applications has led to new distributed avionics architectures. These architectures have
driven system data transmission requirements to the point where current data
communications and interconnect technologies are marginal or inadequate. Advanced
spacecraft including Space Station and SDI platforms have identified the need for
distributed processing and real time control, requiring large and complex data
communications networks with bus data rates in the 100 to 500 MBPS range.
To address this need a new communications protocol has been developed to provide high
data rate and very short transport delay performance. The protocol is implemented using
a star topology fiber optic data bus. During the design of this system for spacecraft data
bus applications, particular attention was paid to system robustness, redundancy, fault
tolerance, autonomy, and error control.
The salient system design, hardware configuration, and performance of an eight node
demonstration network jointly developed by NASA Goddard and Sperry Corporation are
presented in this paper.
INTRODUCTION
This paper describes a Local Area Network (LAN) that was developed to demonstrate the
feasibility of 100 MBPS bus data rates, in a 32-node network, that incorporates the major
features required for spacecraft operation. Over 2 years of design and development was
required to define system specifications, develop a new media access protocol, and
brassboard an eight Network Interface Unit (NIU) implementation of the network. The
network topology, media access protocol, and network interface unit were designed to
demonstrate a network with a high degree of robustness, media efficiency, and fault
tolerance. The network implements distributed control concepts that provide for network

self-configuration (self-start), restart, automatic adjustment to changing network loading,
and automatic redundancy.
The media access protocol developed for the network incorporates the most attractive
aspects of token passing and contention protocols. The protocol provides the selfstarting features and low transport delays at light network loading of Ethernet like
protocols, and for the bounded transport delays at high network loading provided by
fixed or demand assignment protocols. Performance evaluation of the eight node system
was accomplished using a system exerciser/analyzer capable of stimulating the network at
high data loading. Exerciser capabilities allowed for the full evaluation of protocol features
and direct monitoring of network performance. Verification of proper network behavior
was performed at bus data rates of up to 97 MBPS, and NIU-to-NIU data throughput
rates of up to 20 MBPS.
This star bus demonstration network was developed under a NASA Goddard Space
Flight Center contract and is called the Fiber Optic Demonstration System (FODS) or
STARBUS network. During the program, primary emphasis was placed on the high speed
physical and data link layers of the network. The STARBUS network layers are consistent
with the International Standards Organization (ISO) reference model for Open Systems
Interconnect.
NETWORK DESCRIPTION
The STARBUS system derives its name from the passive star topology that implements
the nodal interconnect scheme. The star topology was selected for the spacecraft data
bus application over ring and linear bus topologies on the basis of providing flexibility of
protocol design, ease of system configuration management and network growth, as well
as yielding the lowest input power requirements for a given network size and data rate.
The star topology enjoys these advantages primarily due to its broadcast property, the
ability of any node to communicate with all other nodes on the network without repeating
the message, and the transmissive star coupler implementation providing the lowest loss
of all fiber optic distribution systems. With only 2 to 3 dB excess loss, the power splitting
loss of the coupler predominates the system distribution loss, and that loss increases
logarithmically with the number of network nodes. The maximum size of a passive
STARBUS network is set by the level of source and detector technology employed. For
a 100 MBPS bus data rate, high-radiance light emitting diodes (LEDs) and PIN
photodiodes can support networks of between 20 and 32 nodes, while injection laser
diodes (ILDs) and avalanche photodiodes (APDs) can support networks of 100 and 200
nodes.

The STARBUS demonstration system was scaled to provide for up to 32-node operation
using LED sources, PIN photodiodes, and radiation hardened 200 micron core 400
MHz/Km fiber optic media. 20X20 and 32X32 port passive star couplers with a maximum
excess loss of 3 dB were fabricated out of the same radiation hardened fiber to ensure
optimal media performance. Figure 1 illustrates the STARBUS network configuration.
Each network interface unit is connected to the star coupler through 25 meters of fiber
optic cable, yielding a maximum extent of 50 meters for the demonstration system. A
network extent of several hundred meters is possible with minor protocol parameter
adjustments. The NIU-to-NIU data throughput rate of the network was selected to be
20 MBPS to accommodate high rate data sources and sinks such as imaging sensors and
optical disk memories.
The network hardware elements of the demonstration system consisting of the star
coupler, fiber optic cable, and network interface unit implement the physical and data link
layers of the ISO model.
The physical layer of the network provides the mechanical, optical, and functional means
to accomplish the physical connections for data bit transmission between data link layer
entities. The functional and physical characteristics of the STARBUS demonstration
system physical layer include the following:
!
!
!
!
!
!
!
!
!
!
!

Bi-phase bit encoding/decoding
Electrical to optical conversions
Clock recovery and NRZ bit conversion
Carrier sense and collision detection to support broadcast bus and contention
access protocols
Collision control: Collision signal transmitted to contending NIUs to affect
transition to time slot protocol mode
Redundancy: Dual NIU transmission and reception, with channel selection
BITE: Permit test of backup bus, automatic primary/backup NIU redundancy, and
blabbermouth shutdown
Coupler: Passive star, central or distributed
Medium: Radiation hardened multimode fiber optic-cable
Mechanical: FSMA connectors
Optical: LED at 815 nm

The data link layer provides the functional and procedural means to implement data link
connections for data packet transfer between network entities. The data link layer
performs three major functions: media access control, packet formatting, and connection
control. The media access control protocol is selectable within the system by a hardware
strap in each NIU and includes the primary contention protocol, and the secondary time

slot protocol. Both of these protocols provide for collision avoidance, collision detection,
and contention resolution. Both access protocols are decentralized, self-starting, and
insensitive to failed or unpowered nodes.
The STARBUS packet format illustrated in Figure 2 includes fields that provide
synchronization, identifiers, addressing, supervisory command and control , user data,
and error detection. The command control field provides network control versatility by
allowing for remote diagnostic tests, configuration control, and system statistical trend
data acquisition.
The network supports point-to-point message transactions and broadcast messages.
Broadcast transmission addresses all NIUs, while point-to-point transmission addresses a
specific node.
Point-to-point messages are verified by an acknowledge flag. Broadcast messages are
verified by the successful reception of the message by the sending NIU. This is possible
because with a star topology, the transmitting node knows that the message was
successfully passed to the output side of the star coupler, if that node has received the
broadcast message. The network can support connection retry, in the event a connection
was not confirmed through an acknowledge transmission or source reception of a
broadcast.
MEDIA ACCESS PROTOCOL
The STARBUS demonstration network utilizes a dual mode protocol that combines the
best features of both contention and fixed (or demand) access schemes. Figure 3
illustrates the CSMA/CD/TS state diagram and time line. The protocol features a primary
contention mode using Carrier Sensing with Multiple Access and Collision Detection, and
Time Slot contention resolution. The CSMA/CD/TS protocol dynamically adjusts to
varying network loading and optimizes the network transport efficiency and transport
delay parameters. Under relatively light network loading of less than 60 MBPS, the
primary CSMA/CD protocol mode is in effect for nearly 100 percent of all bus
transmissions. In this mode, an NIU with data to transmit monitors the bus activity and
transmits a data packet only when the bus is free. If, however, two or more NIUs with
data to transmit determine that the bus is available at the same time, a collision will occur
on the bus. In the event of a collision, all NIUs involved sense an invalid bit coding
pattern. Data packet transmission is terminated, and a collision detected (jamming) signal
is transmitted. All NIUs hold off bus access and switch to the time slot mode protocol for
contention resolution. The network then affects an ordered time slot bus access scheme
allowing each NIU to transmit a single data packet. The time slot width is the time needed
for an NIU with data ready to access the media, and/or Tgap microseconds wide. If an

NIU has no data to transmit or is not active, no transmission is required for continuation
of the ordered access protocol mode. After all NIUs have been given access to the bus
(one cycle of the time slot mode), the network re-enters the random access mode. During
the transition from the time slot to the random access mode, a random time delay is
inserted to reduce the possibility of the network immediately generating a collision due to
pent up demand incurred while in the time slot mode.
The CSMA/CD/TS protocol performance is similar to other random access protocols.
However as network loading increases, the CSMA/CD/TS protocol does not experience
excessive transfer delays generated by the retry algorithms of CSMA/CD protocols. Even
under very high network loading the transport delay is bounded, and the performance is
almost identical to a similar sized token passing ring.
REDUNDANCY
Node failures in some systems can have catastrophic effects on the operation of the
network, preventing the operation of unfailed nodes. The most susceptible component of
the STARBUS network is the star coupler. Although the coupler is passive and therefore
presents an extremely reliable design, it is still a susceptible component to a single point
failure. To address this possibility, the STARBUS demonstration network has been
designed to support distributed redundancy, including a dual-channel, cross-strapped
optical bus. Figure 4 shows the redundant configuration of the STARBUS. Thirty-two
NIUs configured as 16 redundant pairs can be supported if two 32X32 star couplers are
used. Up to 32 redundant pairs can be used if 64X64 couplers are incorporated. Two
types of redundancy are implemented: redundant optical channels and redundant NIUs.
Both types are controlled autonomously at each node with an optional network
commanded override capability. This approach provides for distributed redundancy
management requiring no centralized system manager.
The redundant optical interface incorporates two star couplers, dual transmitters and dual
receivers. Each active NIU transmits identical information over both optical channels
using two separate transmitters. The receiving NIU autonomously selects the active
channel if a failure has occurred; it selects the primary channel if no failure has occurred
and both channels are active. In this way, without the intervention of a centralized
redundancy manager, communication is maintained, even if a transmitter, cable, coupler,
or receiver fails. Another advantage of this cross-strapped redundancy technique is that
the switchover to the backup optical channel is not necessary for all nodes if only one
node fails.
NIUs are also capable of configuration in a redundant role. The backup NIU monitors the
primary NIU’s health via a toggling signal between the two units. The toggling signal’s

presence is the result of properly executed built-in test sequences performed as a
background task. Lack of the toggle will automatically cause the primary NIU to enter
standby mode and the backup NIU to enter the active state and assume node
responsibilities.
NETWORK INTERFACE UNIT
Figure 5 shows the basic system operation. Each NIU is composed of a Front-End
Processor (FEP) and a network interface, with the network interface handling the
100 MBPS network transactions and the FEP handling the user interfaces. The FEP in the
source NIU accepts data from one of four users and will transfer the user data to the
network interface for output onto the optical bus. The network interface then encapsulates
the user data, provides bus access, bit encodes the total packet, and transmits the packet
via the passive optical coupler to the destination NIU.
The destination NIU’s network interface receives the packet. The success of this
reception is determined by three parameters: Correct NIU address, reception of an errorfree packet, and an empty receive buffer in the network interface. Assuming these three
basic conditions are met, the network interface will respond to the received packet with a
“good acknowledge” packet transmitted back to the source NIU. The network interface in
the sourced NIU then verifies the successful transmission via the received acknowledge
packet and, in conjunction with the FEP, logs a successful transmission. The destination
NIU then, under control of its FEP, routes the user data to one of four users of the
network node. Should a transmission error occur, or the receive buffer in the destination
NIU be full, an acknowledge is issued indicating that the transmission has not been
received successfully. The source NIU, under control of its FEP, will retransmit the
packet if a bad acknowledge is received. The number and frequency of these retries is
programmable within the FEP of each NIU. The packet evaluation and acknowledge
transmission is performed in NIU hardware and takes less than 3 microseconds, incurring
very little transport delay overhead time.
SYSTEM EVALUATION RESULTS
The initial STARBUS evaluation has been completed, and four basic areas of
performance have been evaluated.
Network Delay - Network delays were measured and compared to calculated results to
demonstrate proper system and protocol operation. The test setup to evaluate the network
delays is shown in Figure 6. It uses eight NIUs, a 20X20 star coupler, and the STARBUS
test exerciser. The exerciser transmits and receives data to and from the NIUs, and
subsequently measures delay and verifies data integrity. The network delays are

determined by measuring the transport delay (unloaded network delay) plus access delay
due to the bus being busy or due to the occurrence of collisions. Network delays were
measured under four different conditions.
Condition

Network Busy

1
2
3
4

No
Yes (1)
--Yes (2)

Collision
No
No
Yes
Yes (2)

(1) Due to known network loading from a single NIU.
(2) Due to random network loading from other NIUs.
Conditions 1 through 3 exercise the STARBUS network to verify basic protocol
operation. Condition 1 verifies point-to-point delay under a no-load condition, thus
verifying proper transmission frequency and NIU-to-NIU interaction. Condition 2 verifies
proper sensing of network activity (collision avoidance). Condition 3 verifies proper
collision detection and subsequent time slot operation and timing.
Condition 4 is a verification of the STARBUS network under actual working conditions.
Two tests were made: one with four NIUs transmitting, each at maximum throughput
(20 MBPS), the second with six NIUs transmitting. These tests exercise the network for
bus loads from 28 to 97.4 MBPS.
The results of the evaluation test for conditions 1 through 3 are shown in Figure 7. A
16384-bit packet was used for all tests. All measured values fall well-within the calculated
values. Also note that the additional delays as a result of a collision, at about 3
microseconds (171 microseconds minus 168 microseconds), add very minimally to the
network delay.
The results of condition 4 tests are shown in Figures 8 and 9. Figure 8 shows the results
with four NlUs transmitting. Figure 9 shows the results with six NIUs transmitting. The
actual measured delays correlate well with the predicted math model results. The
differences between actual and predicted results are attributed mainly to the fact that the
exerciser currently does not accurately simulate a Poisson distribution for packet
interarrival times. The Poisson distribution gives longer delays than the fixed interval rates
provided by the exerciser.
NIU/Network Throughput - Throughput was evaluated under two different conditions:
Condition 1 - point-to-point using a 16384-bit packet with no other network loading and

condition 2 - point-to-point using 16384-bit packets with an attempted network overload.
Condition 1 verifies that the NIU is capable of > 20 MBPS throughput. Condition 2
verifies the network robustness and the associated NIU throughput under an attempted
overload condition.
Condition
1
2

NIU Throughput
20.28 MBPS
16 MBPS (average)

Network Loading
20.6 MBPS
97.4 MBPS

Autonomous Redundancy Operation - The test setup for the redundancy evaluation is
shown in Figure 10. Both types of redundancy were evaluated. Autonomous optical bus
switching was tested by putting NIU 0 into self-test, transmitting onto the optical network,
and receiving and verifying its own transmissions. Transmitter A was disconnected and
no change in operation was observed. Transmitter A was reconnected and transmitter B
was disconnected. Again no change in operation was observed, proving the feasibility of
the STARBUS dual-optical bus technique.
Autonomous primary/backup NIU switchover was demonstrated by artificially inducing a
failure in the primary NIU. Upon failure, the primary NIU entered standby mode (receiving
power only) and the backup NIU powered up and initialized. This was observed via the
status monitor and the primary/backup console activity.
Optical System Evaluation - The measure performance of the optical system has been
adequate for the present system using a 20X20 star coupler. The performance, however,
was limited by 1984 component technology. Today’s technology offers improved LED
emitters and receivers. Figure 11 shows the measured power loss budget for the present
system and the predicted power/loss budget for the upgraded system using current
technology. Note that the present system works well over all but the very worst-case
paths. The upgraded system goes a step further, providing at least a 7.3-dB margin using
a 32X32 star coupler. With this much margin, larger couplers (64X64) could be used
while still maintaining greater than 4 dB margin over the worst-case path.
In addition to the power loss measurements, environmental tests were conducted on a
20X20 coupler. The coupler was subjected to both vibration and radiation without any
adverse affects. The coupler was subsequently run successfully in the STARBUS
demonstration system.

UPGRADE TO FLIGHT HARDWARE
Substantial efforts are underway to continue the development of the STARBUS data link
layer toward a flight qualifiable system. A second generation physical layer and Media
Access Controller (MAC) design is in process. The goal of this refinement effort is to
develop an implementation, with sufficient optical communications loop margin, to
accommodate worst-case condition in low earth orbit environments for long duration
missions. In conjunction with the hardware design effort, a portion of the high speed (and
high power dissipation) ECL circuitry is being implemented in a lower power GaAs gate
array. The application of this new GaAs semiconductor technology will allow the physical
and data link functions to be implemented by six VLSI circuits, consuming approximately
10 watts, and residing on a single circuit card. It is anticipated that the use of the lower
power GaAs VLSI circuits will allow for optical bus data rates of between 300 and 500
MBPS, and NIU-to-NIU throughputs of greater than 50 MBPS. No change in the media
access protocol will be required to accommodate these higher data rates.
SUMMARY
The STARBUS local area network employing the CSMA/CD/TS protocol has
successfully demonstrated network performance and system characteristics that are
required for advanced spacecraft data bus applications. The network provides for fully
autonomous network initiation and configuration management, without a centralized
controller. Both the media access protocol and hardware configuration provide for fault
tolerance through robust data transfer, error control, and failure management. Hardware
evaluations of the eight node network have verified the transfer delay performance over a
wide range of data loading conditions. The STARBUS system attributes and
demonstrated performance characteristics make it an excellent candidate for high
performance spaceborne local area network applications.
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STARBUS Network Configuration
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STARBUS Protocol Data Packet Format
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CSMA/CD/TS State Diagram and Time Line
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Network Redundancy Configuration

Figure 5
Basic NIU-to-NIU Communication

Figure 6
Network Delay Test Setup
NETWORK DELAY (MICROSECONDS)

GOOD DATA
RECEIVED

CALCULATED

MEASURED(AVERAGE)

YES

167.7 ± 0.5

167.55

NIU 0 TO NIU 1
(START AT t = 0)

YES

167.7 ± 0.5

167.5

NIU 2 TO NIU 3
(START AT t = 10
MICROSECONDS)

YES

325.4 ± 6

328.05

NIU 0 TO NIU 1
(START AT t = 0)

YES

171.3 ± 0.5

171.05

NIU 2 TO NIU 3
(START AT t = 0)

YES

343.2 ± 6

343.95

CONDITION 1
NIU 0TO NIU 1
CONDITION 2

CONDITION 3
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Figure 7
Network Delay Test Conditions

Figure 8
Network Delay (4 NIUs)

Figure 9
Network Delay (6 BIUs)

Figure 10
Redundancy Evaluation Test Setup
PARAMETER

PRESENT SYSTEM
(W/20 x 20)

UPGRADED SYSTEM
(W/32 x 32)

LAUNCHED
POWER

!1.6 dbm

+0.6 dbm

CONNECTOR
LOSSES

2.2 db

2.2 db

FIBER LOSS

1.5 db

1.0 db

15.5/18.5 db

17.5/19.1 db

1 db

1 db

!24.6 dbm

!30 dbm

+2.8 db/ !.2 db

+8.9 db/ +7.3 db

STAR COUPLER
(AVG/WORSTCASE)
DETECTOR
COUPLING LOSS
RECEIVER
SENSITIVITY
MARGIN
(AVG/WORSTCASE)
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Figure 11
Optical Performance Data
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1.

ABSTRACT

Modernizing labor intensive Remote Tracking Stations (RTS), increasing individual
station capacity, and providing interoperable links between three separate Air Force
satellite networks are the objectives of the Automated RTS (ARTS) program now half
way to completion.
2.

INTRODUCTION

The Air Force has operated a multi-satellite control facility (AFSCF) for over twenty-five
years. In 1980, IBM was contracted to modernize the data systems of the AFSCF. The
DSM contract is due for completion in 1987. In 1984, the Air Force contracted with Ford
Aerospace to modernize the AFSCF tracking stations to complement the projected DSM
capability and to make the RTS interoperable with the Global Positioning System (GPS)
and the Defense Meteorological Satellite Program (DMSP) networks. The first phase of
ARTS is due for completion in 1988. This paper provides a technical description of
ARTS and a status of the project at the half way mark. (Viewgraph #2, ARTS Program
Organization)
The ARTS program has been assigned to Ford Aerospace’s Sunnyvale Operations
(SVO). The SVO was selected because of its knowledge of multi-user, multi-satellite
operations, and its experience in servicing the current AFSCF network. SVO is basically a
systems engineering, integration, and services facility. Early on trade studies selected
companies with state-of-the art, off-the-shelf products and technologies applicable to
ARTS. ARTS team comprises:
Antenna and Antenna Control System - Datron Systems, Inc.
SGLS Downlink & Uplink System - Stanford Telecommunications, Inc.
Solid State High Power Amplifier System - Loral Data Systems

GPS Enhancement System - HRB Singer
(Viewgraph #3, Ford Aerospace Team)
3.

BACKGROUND

a)

Air Force Satellite Control Network: The USAF is not only modernizing the AFSCF
but expanding it to incorporate other, single user networks. ARTS is the contractual
bridge to combining multiple and single user facilities into a single network: the
AFSCN. A major new capability is the addition of a second control center in
Colorado Springs, the Consolidated Space Operations Center (CSOC), which with
the AFSCF’s Satellite Test Center (STC), shares the control of the AFSCN. ARTS,
as a replacement for an RTS, must be interchangeably operable by either the STC or
CSOC.
(Viewgraph #4, Creating A Network)

b)

ARTS Requirements:
A primary system requirement is to reduce the labor intensity at current SCF stations.
At the Vandenberg Tracking Station (VTS) the current staff for 24 hours per day,
seven day week manning is 121 people for all station functions: operations,
maintenance, logistics, communications, etc. This is a two-sided RTS, i.e., two
separate satellite support operations may run simultaneously. VTS currently has it’s
own data processing capability. If the data processing functions are moved to the
STC, as will be the case in DSM, the VTS manning is reduced to 77. (The net
savings of such a move depends on DSM staffing needed to pick up those DP
functions.) Under ARTS, the staffing is further reduced to a station need of
approximately 30 people through automation where a single operator console is all
that is required to configure the station for a pass.
(Viewgraph #5, ARTS Benefits)
ARTS upgrades station capability by increasing commanding and telemetry data
rates to the DSM level, and by increasing station availability. Currently, RTS’s reconfigure a station in approximately fifteen minutes. The ARTS will reduce turn
around times between passes to five minutes or less. Where passes are fifteen
minutes or less in duration, this represents an almost two-fold increase in pass
support. The third requirement to increase capacity involves two new stations
(Colorado Springs (CTS), and the Northern European Station (NES)), and upgrading
one station at Thule, Greenland.
(Viewgraph #6, Added Network Capacity)

ARTS is scheduled for implementation in two phases. The first comprises the CTS,
NES, TTS-A and an ARTS Development and Maintenance Facility (ADMF) in
Sunnyvale, California. All four sites will be installed and operational by June 1989.
The second phase, also competitive, will start in 1987 with a planned replacement of
the remaining RTS’s. This should be completed in the early to mid 1990’s.
Interoperability between networks has long been a DoD goal. In Phase I of ARTS
the CTS may be automatically configured to respond like a GA station to the GPS
control center. Likewise the TTS-B station may be configurable to respond as a
DMSP remote station. In both cases it is incumbent on ARTS to require no special
hardware or software interface at the other network’s control centers.
Finally, ARTS will operate in one of three modes: Remote automatic, Local
automatic or Manual. Remote means the Mission Control Center is sending
configuration commands from STC, CSOC, DMSP or the GPS and there is no
operator intervention. Local automatic means configuration instructions are relayed
by voice from STC, CSOC, GPS or DMSP to the ARTS operator. Normally, the
operator will use a pre-recorded disk to input the bulk of the data, which will then be
modified by voice input. In manual mode the individual subsystems may be operated
by front panels or their equivalent.
(Viewgraph #7, System Schematic)
4.

ARTS System Description

a)

Operations: The corresponding number of operators required to run a Remote
Tracking Station is reduced from nine in a Pre-DSM RTS to two in a Post-DSM
ARTS. Replacing the labor intensive RTS positions is automation with an effective
Man Machine Interface (MMI). ARTS presents its equipment status and
configuration data through a hierarchical display organization to a single operator
position. This position in fact is intended as a passive, monitoring position when
ARTS is in its prime mode: Automatic Remote. The only active position on site
during ARM is the tape handler: a position dictated by the requirement to store four
separate data streams of 5 Mbps, each.
(Viewgraph #8, ARTS Workstation)
The Automatic Local Mode (ALM) will be the normal mode, initially, as DSM will
not yet have the ARM capability. The ARTS operator will rely on the efficiency of
automatic re-configuration, and readiness testing as modified by him under voice
control from the STC or CSOC.

Configuration data on floppy disks will be updated, as necessary, for that pass, and
in less than five minutes the system will be ready. The display framework common to
all displays with which the operator communicates with the system is divided into six
sections:
Title:
the name of the display
ALARM:
a scrolled listing of prioritized by color system problem messages.
PASS:
specific data on the next level of displays
MENU:
the key to the next level of displays
Graphics:
a sketch or list of system status/data
Dialogue:
a scrolled listing of operator messages
(Viewgraph #9, Display Framework)
A sample display would be the system summary, a top-level status display. The
current status of ARTS is divided into six functional areas showing in tabular or
graphics form the specifics of each function. On this display the Estimated Time of
Arrival and other pass data is listed along with playback mode, the selected speed of
the recorders, the status of the control & status subsystem and current power on the
uplink. The downlink pool assignments are color coded, while the current antenna
parameters (azimuth, elevation, range rate, etc.) and whether or not AMBA is being
used is listed. The menu gives the operator a list of other displays that are selected
via cursor control. The color coding is as expected: green = on-line, red = faulted,
and the background color = off-line. The control of parameters or menu selection
may be by cursor control, function keys, or straight keyboard entry. With the system
having access to equipment status down to the line replaceable unit (LRU) and the
operator having flexible, fast access to the system the maintenance of a 30 minute
MTTR has proven eminently feasible.
(Viewgraph #10, System Summary)
b)

Testing the ARTS basic design incorporates sufficient switches to facilitate through
loop tests isolation down to the LRU to again guarantee a 30 minute MTTR. There is
no redundancy, per se, but common equipment (bit synch’s, demod’s, etc.) are
pooled such that switches can select or deselect an individual device for a given
pass. If the pass requires all of the pooled components, then any failed components
makes the system unavailable. It is, fortunately, more normal for a pass to require
less that the full pool. In this case failed components may be configured out, and like
components may be used to verify failure. It is a case of effective redundancy, fully
utilized by ARTS testing library. This library comprises:
Readiness Test
Performance Tests

Fault Isolation
Calibration Tests
Self Diagnosing Equipments
Again, interconnecting switches are the facilitators of much of the automated testing.
An example is the AMBA loop test which is one of a series of loop tests used in fault
isolation. The Automatic Mainbeam Acquisition software design is Ford Aerospace
proprietary, and the loop test of its primary function is displayed in the
accompanying viewgraph. This schematic shows the controlled exercise of the
AMBA function, exclusive of actual antenna, or satellite signals. This is one of a
series of test loops available to diagnose TT&C failures. They comprise:
Vertex probe loop
LNA loop
AMBA loop
DeMod loop
Bit Synch loop
BERT/Encoder loop
SGLS CMD loop
Non SGLS CMD loop
(Viewgraph #11 AMBA Test Loop)
c)

Antenna Subsystem: The ARTS antenna is a standard 8400 pedestal with 33 foot
reflector from Datron. It is a single channel, monopulse design with SGLS uplink and
downlink capability. It is an elevation over azimuth configuration with dual opposed
drives and dual-speed position transducers for zero backlash and high accuracy. The
shaped reflector has a resolution capable of Ku with a proven corrogated horn feed.
A distinguishing characteristic of the ARTS antenna subsystem is its in line auxiliary
antenna to facilitate automatic mainbeam acquisition. This antenna is 78 inches with a
prime focus feed and a 90 degree flare corrugated horn. The purpose of the smaller
antenna is to keep the main reflector from locking on a sidelobe by providing an
alternate, broader signal source upon command from the TT&C subsystem. The
microprocessor based antenna control unit is Datron’s standard Series 3100 with
both on-line and off-line BITE and a remote control unit located in the ARTS
operator console providing manual antenna control if required.
(Viewgraph #12 ARTS Antenna Subsystem)

d)

TT&C Subsystem: The uplink modulated carrier has both SGLS and non-SGLS
capability. The SGLS ternary commands with a carrier mod index of 0.3 or 1.0
radians has a 1, 2 or 10 Kbps commanding capability. M22 data at 1.25 or 1.7 MHz
has rates of 250 BPs to 256 Kbps. Non-SGLS carrier generation has rates of

100 Bps to 100 Kbps. Carrier performance is 1.76 to 1.84 GHz with +0.001%
stability. Uplink power is up to 2250 WATTS output power, remotely (computer)
selectable in steps of 200 WATTS.
Downlink signals are in the 2.2 to 2.3 GHz range and may be acquired and tracked
with signal uncertainty up to ±200 KHz. FM and PM modulated carrier may be
acquired at any mod index within the range with spectral bandwidths of up to
50 MHz and 10 MHz respectively. In support of automatic mainbeam acquisition the
TT&C subsystem provides frequency sweeping and signal presence detection. Upon
apparent detection the TT&C may automatically perform power measurements of the
main and the in line auxiliary antenna LNA’s. In terms of range measurements 30 bit
range numbers are provided to the Control & Status computer once per second,
synchronized to the C&S, 1 PPS timing signal.
Telemetry processing for up to 5 simultaneous bit streams: two from SGLS Carrier I,
one each from carrier II, X, and Y. Four of the bit streams may be 5 Mbps each. All
data may be recorded for later playback, with the highest data rates having a 15
minute recording capacity. There are fourteen possible recording channels and
simultaneous playback while recording is possible. Recording speed is variable under
computer control. Nominally, eight channels are available for digital recording and
four for analog.
To enhance reliability and flexibility the following connectivity is possible under
computer control:
C
C
C
C
C

any receiver output to any demodulator input
any demodulator output to any pertinent recorder track
any demodulator output to any bit synchronizer
any bit synchronizer output to any pertinent recorder track
any bit synchronizer or pertinent recorder track to any Comm CI channel (5)
including B side and GPSE.
(Viewgraph #13 ARTS TT&C Block Diagram)
e)

Control & Status Subsystem: With the exception of mounting and dismounting reels
of magnetic tape ARTS may be operated remotely from the STC or CSOC. That is,
the computer system in ARTS can automatically perform the remote tracking
function. This includes mode selection, insertion of IRON data (i.e. pass
configuration), set up of the station for that specific satellite (high flyer, low, geosynch, etc.), readiness test of the selected equipment with substitution where
necessary, acquisition (AMBA or slave) of the satellite, performance of the pass with
requisite data transmission , fade and post pass wrap up. All of this without operator,

intervention at the RTS. The computer system that performs these functions is a set
of nine Intel processors in a functionally distributed configuration. Functional
distribution offers downstream flexibility in terms of growth, but in terms of
development it has reduced checkout bottlenecks, forced a heavy reliance on
software as well as hardware ICD’s, and reduced development impact of adding
functions when an ECP could be satisfied by adding a processor.
(Viewgraph #14 C&S Functional Diagram)
The C&S comprises four major hardware groups: The Processing Element, the
Control Console, the Timing Element, and the Telemetry Simulation Element. The
processing element uses two Intel 286-12’s and seven Intel 88/45’s. The 286-12’s
are 370 KIP to 750 KIP 16 bit processors, depending on instruction mix, and are in
the Command Chassis and the Main Chassis. The Command Chassis 286-12
performs the command function software while the Main Chassis 286-12 handles the
AMBA function. The 88/45’s are spread through those two chassis and the
Peripheral Chassis and are assigned Comm-processing functions one through seven
for their 70 to 150 KIP processors. All nine processors have access to disks and
megabyte RAM’s through General Purpose Interface Buses (GPIB’s) or Local Area
Nets (LAN) to facilitate data I/O.
Timing in ARTS is provided by a separate C&S subsystem. Time is synchronized to
AFSCN system time to ±100 microseconds of UT-2 over a period of 180 days by a
redundant rubidium standard. This time is provided to C&S, TT&C, Comm, the
antenna subsystem and the GPS Enhancement. A primary purpose of the timing
subsystem is to provide data to the STC and CSOC that is time tagged to an
accuracy of ±100 MS. Internal ARTS time is held to an accuracy of ±10
microseconds of the frequency standard. The rubidium standard in ARTS is updated
by the GPS time every second, and battery back-up for the frequency standard is
good for seven hours.
The Control Console is a simplistic arrangement of two racks connected by a work
surface on which is mounted the terminal and keyboard. Placed next to it is the
printer for output of hard copies of operator selected displays. The terminal is a
Tektronix 4107 color monitor, and the keyboard is a standard QWERTY typewriter
keyboard with a 12 key numeric keypad, eight programmable function keys and a
cursor control device. The display screen is a 13-inch color raster scan CRT with a
60 Hz non-interlaced refresh for flicker free displays in normal ambient lighting
conditions. Eight colors are selectable in a 480 x 640 pixel resolution. In graphics
mode there are 4,096 x 4096 addressable points, but the ARTS displays are static
graph-type charts which are well within the 4107’s capabilities. The C&S processors
store the background for their displays in the one megabyte RAM memory of the

4107 and makes extensive use of its selectable blinking, and scrolling capabilities to
enhance MMI.
(Viewgraph #15 Typical ARTS Display)
The rack to the immediate right of the operator has the manual devices he will need to
operate the antenna, should the need arise. At the top of the rack is the Tektronix
2430 Oscilloscope allowing remote control and status by an IEEE 488 bus. It has a
sampling rate of 120M/second and a bandwidth of (-3dB). It has an input impedance
of 50 OHMS, cursor controlled time & frequency measurements, waveform
averaging and enveloping and four waveform memories as well as other capabilities.
Beneath it is the Tektronix 492P Spectrum analyzer, which also employs an IEEE488 port. In support of the previously mentioned ARTS testing capability (i.e.
calibration, performance and fault isolation) it has a 50 KHz to 21 GHz frequency
range, and an amplitude comparison in .25 dB steps. The Antenna Control Unit, a
standard Datron product has the control and readout for azimuth and elevation
manual rotation of the 33' reflector. It is located at the same height and is directly
adjacent to the operator’s CRT and keyboard control. The antenna movement is via
two control knobs where antenna rotation speed is proportional to knob rotation
speed up to a limit check of 15E per second acceleration. Below the ACU is space
for a GFE intercom, and then the audio alarm. The audio alarm is controlled by the
286-12 in the Main Chassis. It provides an alarm in the range of 70-90 dBA to
augment the 4107’s beeper. It has two alarm modes: continuous tone for support
alarms and a pulsing tone for safety alarms. Recognition of the alarm condition by
the operator to the Main Chassis processor will cancel the alarm. The red alarm
message on the screen however will remain there until the condition is satisfied. The
left hand rack is primarily for growth but does contain the Noise figure meter, which
also has a 488 bus interface. It has a tunable frequency (10 to 1800 MHz) with a
resolution of 0.1 MHz. It is an Eaton 2075 with a range of 0 to 30 dB and a
resolution of 0.01 dB.
The final major grouping of equipment in the Control & Status CI is the telemetry
simulation element. The PCM simulator and the Frequency Synthesizer are in the
center rack of these C&S racks. The Synthesizer is a Wavetek Model 23 and is
available to the C&S processor over the General Purpose Interface Bus. It is a fully
tunable bit rate from the telemetry simulator in 10 MHz to 12 MHz. It is TTL
compatible and outputs to the PCM simulator. The PCM simulator is the Aydin 82211-901 which will generate any pattern in the ARTS 001 specification. It is accessed
for control & status by an RS-232 serial link, while its balanced outputs are RS-422
compatible. It is tunable up to 5Mbps by the frequency synthesizer, and has a full
range of data codes (NRZL, BIOL, RZ, etc.). It produces word lengths up to 32 bits
in frames up to 1024 words. It is both DSM and GPS directives compatible.

f)

GPS Enhancement: The GPS Master Control Station (MCS) will access the ARTS
station at Colorado Springs as if it were another one of the GPS ground antenna
(GA) sites. The design to accomplish this is progressing well enough to move this
installation forward one year. It essentially involves installing a GA front end
processor (an IBM Series 1) and then multiplexing the I/O ports of the Series 1 to an
Intel processor where a “memory map” translates the output to that of ARTS, such
that directives, for example, to the GA antenna become directives to the ARTS
antenna. As all GA functions are a subset of ARTS function (the GPS network
supports a single satellite family with relatively modest ground station needs, while
ARTS is an AFSCN ground station supporting every possible type of satellite, first
rev, supports, etc.), their is no capacity/capability problem on the part of ARTS.
From a GPS perspective, therefore, operations are unattended, as with GA’s.
GPSE comprises four and a half racks of equipment including the IBM Series 1, the
IBM Comm Controller, the 3705, and the Crypto gear required to support GPS. The
Intel interface to the ARTS is actually just one chassis of equipment. A line printer
and a display station to support the IBM processors are located on a side table.
Avoidance of software configuration control problems has been by strict use of the
application code in both processors without reprogramming. One of the problems
met during development was the requirement to use new crypto devices (KG61 and
81). The solution was to overlay only the I/O of the Series 1 and control the KG’s by
external microprocessors. HRB-Singer modified their GPSE subsystem to
accommodate this change, and are currently on schedule in meeting the accelerated
CTS installation.
(Viewgraph #16, GPSE Intra CI Diagram)

g)

Defense Meteorological Satellite Program: The DMSP Enhancement to a basic
ARTS core comprises two primary devices: a multiplexer/ demultiplexer provided
GFE to ARTS and identical to the Mux/Demux in DMSP; and an interface
microcomputer which maps data and commands to ARTS using an Intel 88/45
processor. The DMSPE System Diagram shows a fairly simplistic interface between
the GFE Mux/Demux and the ARTS core. The input 230.4K link with the DMSP
SOC is demultiplexed and routed to the ARTS interface processor. The interface
processor may be thought of as another of the seven Comm-processors in the C&S
system wherein it enjoys the same flexibility communication as the other seven, It
receives data from the Demultiplexer in CCITTX.25 packets and must convert and
route the DMSP messages to ARTS.
The DMSPE Interface processor has the same operating system as the other ARTS
Intel processors. It performs all operating system functions such as initialization, inter
CPCI communication and timing/scheduling. After the X.25 messages have been

received, processed, and acknowledged the Interface processor routes the messages
to C&S. In return it receives in part the data for the site status message which it
formats into the X.25 packets and transmits to the DMSP’s SOC. The NORAD
Element Data Set (NEDS) sent to the C&S processor where it is converted to
antenna pointing angles. This software stores the NEDS, initiates acknowledgement
to the DMSP SOC and uses the input acquisition time and IRON identification to
retrieve, compute and route antenna pointing angles to the antenna subsystem at the
appropriate time. Telemetry data received from DMSP is transmitted directly to the
GFE wideband interface at 3.072 Mbps.
The only remaining complexity is to enable the “other side” of the Thule Remote
Tracking Site, which will be converted to ARTS at a later date, to support DMSP
also. The diagram shows the “B” side can support DMSP in parallel with an AFSCN
support by ARTS via a simple switch arrangement computer controlled by ARTS.
(Viewgraph #17 DMSPE System Diagram)
h.

The Communication Subsystem: As an operational network, the AFSCF has a
primary (WB) and a backup (NB) communications system. The upgrade and
modernization of this system is the subject of another contract with Space-Comm
Inc. ARTS assumes the existence of a Communications, system, and an interface to
it that is compatible with the current communication system. The compatible
interface permits the two projects to proceed independently of each other at Thule,
where there is an installed Comm-system. The only pertinent difference being the
capacity of the system where the current system has a 1.5 Mbps capacity per ARTS,
while the upgraded system will have a DSM compatible 5.0 Mbps capacity.
At CTS there is a current Comm-system, and the Comm-system installation will,
apparently lag the CTS installation by a year. Moving CTS forward a year further
exacerbates the problem. ARTS has been directed to solve the problem by installing
an interim wideband system, such that CTS will have the same WB capacity as
Thule, including an M22 interface. In all four ARTS the WB interface is taken to a
single panel for redistribution to the Comm-network. A sample ARTS Comminterface is shown in the accompanying viewgraph showing the CTS
Communications Block Diagram.
(Viewgraph #18 CTS Block Diagram)

i.

Control & Status Software: The Control & Status software is the logical heart of
ARTS. It must operate the hardware, and report on its status, reroute data flow
around failed components, and isolate failures to the LRU level. The “housekeeping”
chores themselves are considerable, but C&S must also flexibily accommodate the
wide variety of the AFSCN common user community. This section will briefly review

the data and control requirements; the functionally distributed design, and finally
review current status.
1) Requirements: C&S must buffer and route STC/CSOC command data at 1,2, or
10Kbps. On failed command echo checks an alarm is sounded local or displays
generated, and STC/CSOC notified. Non-STC/CSOC users will generate
commands at 2.4 or 4.8 Kbps which are converted to ternary and sent on to
TT&C. Line interrupts will result in C&S generating filler “S” pulses. Non-SGLS
commanding will be at 100bps to 100Kbps.
As a prepass function, C&S will set up the configuration for the next support,
perform a readiness check, update any of the previously stored pass data, and
reroute around failed components. The primary or WB link with MCC’s operates
at 9.6, 56, 96 or 256Kbps. The secondary or backup link operates at 4.8, 7.2 or
9.6Kbps. Loss of WB link causes the system to automatically look to the
narrowband. Through all this ARTS maintains a status message flow to the STC.
2) Design: The C&S CPCI is functionally spread over nine processors and
comprises fifteen CPC’s. The software design is one of transaction driven
independent tasks which are capable of interacting, as needed, by bus and shared
memory structure geared to meet the timing needs, while minimizing data
movement. As such, there is no true master-slave relationship between processors
or tasks. This reduces queuing and more closely utilizes the confirguration’s
multi-processing capacity. Tasks are, therefore, interrupt driven by exterior
events, or internal timing, or table driven by another task’s actions; yielding lower
system overhead.
(Viewgraph #19 C&S CPCI Data Flow)
The C&S CPCI data flow can be roughly viewed as having three driving modes:
TT&C, the Operator’s Console, and the exterior interface. Individual CI’s
(antenna, receiver, etc.) have their own microprocessors with their firmware to
control their own further distributed functions. These accept commands and send
status which causes a ripple effect of other tasks until status is sent to DSM, a
fault is fixed, etc. A second exterior driving node is the operator’s console, which
requests displays, forces assignments, takes equipment off-line, etc. Again, an
action by the operator has a ripple effect of tasks being handled by the various
CPC’s. The third driven in this simplistic overview is that which arrives from the
Comm-subsystem. An MCC in the STC may generate a command for its vehicle
and sends it to an ARTS site. The command arrives, is error checked, translated,
echo checked, etc. The software organization in effect lets the data generate it’s
own processing route and work queues. It is an extremely efficient design, which
will prove flexible in handling the inevitable downstream changes.

3) Status: At this writing first article hardware generation is behind us, and software
has entered the final phase of systems integration. To facilitate a smooth final
integration we have gone through a systematic building block of interface control
and checkout: hardware and software. A software development system was
created wherein programmers entered code from their desks into the VAX for
compilation, automatically downloaded the Intel target code to one of 12 Intel
processors and then automatically reviewed the results of a unit test. An Intel
processor was sent to the receiver manufacturer’s facility to check out in detail
the software interface and timing of the receiver while it was still at the
manufacturer. Despite all of this the economics of the program did not permit
setting up an antenna prior to moving to site. As this will be the first test of
AMBA, and as our first site is in Thule, Greenland, Ford Aerospace supported an
idea to move up the CTS installation by one year. The proof of AMBA will now
take place in Colorado Springs in the Summer of 1987.
4) Summary: ARTS is on schedule, and meeting performance requirements. The
schedule shows the effect of our study to move CTS installation forward by one
year, and we believe the concomittant reduction in risk will result in an on time
completion of a successful project.
(Viewgraph #20 The ARTS Schedule)
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MULTI-KILOWATT SOLID STATE TRANSMITTERS
FOR SGLS APPLICATIONS
Kurtis Lee Kurisu
Radar and Microwave Department
Aerospace Corporation
El Segundo, California

ABSTRACT
The Space-Ground-Link-Subsystem (SGLS) has been providing Telemetry, Tracking,
and Commanding (TT&C) services to the Air Force Satellite Control Facility (SCF) since
the late 1960’s. The current transmitter system is comprised of a 10 kW travelling wave
tube (TWT) and associated equipment. As solid state technology matures, it is now
appropriate to consider alternative approaches. Solid state offers the potential advantages
of improved reliability, graceful degradation, high efficiency, and lower life cycle costs.
This paper addresses the current status of solid state multi-kilowatt systems development.
The present state of solid state power transistors and low loss power combiners are at a
stage where high power S-band CW transmitters are possible. The advantages and
disadvantages of the state of the technology are discussed as are the practical
considerations for integration into SGLS systems applications.

Manuscript not available at time of printing.

THE UNMANNED GPS/GA GROUND TERMINAL
Richard A. Bustelo
Harris Corporation
P.O. Box 91000
Melbourne, Florida

The Global Positioning System Ground Antenna is an unmanned earth terminal providing
TT&C functions for the constellation of GPS satellites. This paper describes the design
of the GPS/GA, with emphasis on those design issues unique to unmanned terminals. The
primary contribution of trained operators is contingency management and mission
flexibility. The real challenge in design of an unmanned terminal is not automating the
processes, but providing the ability to handle off-nominal situations, equipment failures,
and new mission scenarios. Design philosophy of the architectural, communications and
contingency management features of the GPS/GA are discussed. System performance
and mission flexibility in off-nominal situations are related to operational aspects of a
typical manned terminal. Operational experience with the GPS/GA provides further insight
into the critical design issues of unmanned terminals.

CALIBRATION ISSUES FOR MILLIMETER WAVE EARTH TERMINALS

D. F. Wait, R. C. Baird, W. C. Daywitt, A. C. Newell, S. Perera, A. G. Repjar
National Bureau of Standards
A. J. Estin
CyberLink Corporation, Boulder, CO 80303

The National Bureau of Standards (NBS) has investigated the calibration and
measurement support requirements of millimeter wave satellite systems such as
MILSTAR. Essentially three new measurement problems arise because of operating in the
upper SHF and EHF frequency ranges. First, without adequate methods to measure the
atmospheric loss, the accuracy of EIRP measurements in the 20 GHz to 45 GHz range
can be no better than 0.5 dB to 3 dB (depending on frequency and antenna elevation
angle). The atmosphere absorbs and scatters radiation traveling through it, both reducing
the magnitude of and depolarizing a received signal. Second, standards, measurement
support services, and some measurement techniques are not presently available from NBS
and they are needed to support millimeter wave antenna gain and thermal noise
measurements. Of special concern are the effects of connectors and adapters, since they
can introduce significant errors into mm-wave measurements. Theird, if the sun and/or
moon are to be used for measuring earth terminal G/T, earth terminal antenna gain, or
satellite effective isotropic radiated power in the millimeter region, they need to be
appropriately characterized at those frequencies. The sun and moon are only useful as
measurement sources for antenna systems with gains less than about 50 dB, but most
MILSTAR systems are expected to fall in this category.

UTILIZING GPS FOR ULTRA-HIGH DYNAMIC
VEHICLE TRACKING IN SPACE
Carl E. Hoefener
Interstate Electronics Corporation
Anaheim, California

Lawrence Wells
Interstate Electronics Corporation
Anaheim, California

ABSTRACT
GPS will provide a very attractive means to track kinetic energy weapons in space for the
Strategic Defense Initiative programs for system test and evaluation. However, the small
size and very high dynamics of these vehicles complicate the use of GPS. This paper
considers these issues and suggests a solution.
INTRODUCTION
As more information becomes available on the Strategic Defense Initiative program, we
get some indications of the vehicles and weapons involved. The very high dynamics of
some of the proposed kinetic kill vehicles will require the incorporation of unique tracking
techniques for Time Space Position Information (TSPI) determination during test and
evaluation. For example, some of the kinetic kill vehicles being considered will travel at
velocities in the 10's of kilometers per second and experience acceleration of 100 g’s and
jerk of up to 100 g’s per second.
At the tracking distances required, GPS will be mandatory for TSPI. Unfortunately,
existing GPS receivers are incapable of coping with these dynamics. Not only are they
incapable of rapid target acquisition, but they also cannot maintain lock during conditions
of extremely high dynamics. Two recent developments in GPS receiver design offer
potential solutions for these two seriously limiting problems.
FAST ACQUISITION
The fast acquisition and reacquisition problem was first experienced in GPS tracking of the
TRIDENT II missile, for which positive track had to be achieved within five seconds after
the missile came into view. To solve this problem, a unique 1023-stage signal correlator
was developed by Interstate Electronics. Extensive system testing has proven the design. A
search algorithm for all 1023 C/A-code arrival states and ±1200 m/s (±5kHz) carrier
Doppler executes in 300 milliseconds (per channel).

HIGH DYNAMICS ISSUE
The extremely high dynamic tracking problem is currently solved by coupling a
multichannel GPS receiver with an inertial reference unit (IRU), the technique that is being
used on the tri-service Range Applications Program. However, even this solution will not
handle the extremely high dynamics required by the contemplated kinetic kill vehicles. To
solve the problem, the NASA Jet Propulsion Laboratory (JPL) has developed a Fast
Fourier Transform (FFT) carrier tracker. The satellite carrier Doppler is normally tracked
with a third order Costas phase locked loop. However, the received GPS satellite signalto-noise ratio is too low to operate a phase locked loop with sufficiently wide bandwidth to
handle these very high dynamics.
Figure 1 is a functional block diagram of the FFT concept. By performing an FFT process
on a sequence of correlator delays, each separated by 1/2 code chip, a “window” is
generated in carrier Doppler by the FFT and in time delay by the sequenced correlator
delays.

Figure 1. Advanced GPS Signal Processor

Accurate pseudorange and delta-range measurements can be made as long as the signal
time-of-arrival and carrier Doppler fall within this “window”. Adjustments are made to the
sine/cosine generator (carrier Doppler) and code generator to maintain correct “window”
placement for track continuity.
By contrast, conventional code and carrier tracking loops attempt to track the peak of the
correlation function. If peak track is lost from signal dynamics, the loops drop lock and the
measurements are lost.
DATA PROCESSING
Finally, a high dynamic GPS tracking system without IRU aiding must be capable of
updating the GPS state vector (Kalman filter) at a higher than normal rate, typically ten
updates per second. An IRU aided system uses coordinate transformations of the inertial
measurements to generate high-rate (ten to twenty per second) position/velocity updates.
GPS state vector updates are done much more slowly, typically one or two per second, and
are only used to maintain the drift calibration of the IRU.
TRANSLATED GPS
Using these techniques, receivers can be designed for fast acquisition and high dynamic
tracking. Unfortunately, with the added features they will be relatively large, making them
impractical for installation on small highly dynamic vehicles. However, the use of receivers
of this type is practical in GPS translator based systems.
In a GPS translator based tracking system, a frequency translator is placed on the test
vehicle instead of the GPS receiver. The translator, a relatively small unit, receives L-band
signals from the satellites, shifts the spectrum to S-band, and transmits the S-band
spectrum to the master station for processing. All signal measurements, including the fast
acquisition, FFT tracker, as well as data processing and recording, are accomplished at the
master station.
There are a significant number of advantages to GPS translator based tracking systems.
The most significant are:
•

The advantages of the fast acquisition and high dynamic tracking capability can be
achieved while placing a minimum package in the vehicle under test.

•

All computational complexity is placed in the ground station. A ten per second GPS
state vector update rate is beyond the capability of a microprocessor. A minicomputer is needed which is quite feasible in a ground installation.

•

Translated signals can be predetect recorded at the ground station eliminating nonreversable real-time signal/data processing errors in the mission replay.

There are further advantages associated with the use of a translator, the most obvious
being those associated with the weight, volume, and power consumption of the translator
compared to a GPS receiver onboard a small ultra-high dynamic vehicle.
CONCLUSION
For high dynamic vehicle tracking in space, a unique TSPI system is required. Radar
systems cannot provide the required accuracy over the extended ranges involved. While
GPS tracking can provide the accuracy, conventional GPS cannot handle the extreme
target dynamics. Techniques that can be incorporated into GPS receiver design to solve
this problem would result in a large complex GPS receiver. Therefore, the logical solution
to the problem is to use a GPS translator in the vehicle under test and have all the receiving
system complexity reside in the ground monitor station.
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ABSTRACT
The NAVSTAR Global Positioning System (GPS) allows extremely accurate global
determination of time as well as position and velocity. Currently, the DoD test and training
ranges of the United States are working towards using GPS to obtain position and velocity
information and recently attention has been given to using GPS for precise range timing.
This paper provides background information, discusses the advantages of using GPS for
range timing, and describes two timing system configurations using Tri-Service GPS range
equipment.
INTRODUCTION
Background
The test and training ranges have realtime and post-test timing requirements which can
vary from milliseconds to less than 30 nanoseconds.1 The required accuracy may be with
respect to GPS time or Coordinated Universal Time (UTC), or the requirement may be
relative timing between range tracking sites. There are several advantages of using GPS to
satisfy these range timing requirements compared to conventional time synchronization
methods.2 These are improved timing accuracy, the ability to enable all ranges and
locations on the same range to operate from this same time base, and the potential to
reduce the cost of precision time keeping. GPS timing systems can eliminate the need for
portable clocks to calibrate range timing standards and could eventually eliminate the need
for cesium standards in many range applications. With the current constellation, signals
from a GPS satellite with a good clock can be received approximately 16 to 20 hours a day
depending on the location. If a continuous and highly accurate time source is required, an
atomic standard is used. When the full GPS constellation is in place, all locations on the
earth will be able to receive signals from at least four GPS satellites 24 hours a day. With
continuous reception of GPS satellite signals, it may be possible to replace many cesium
standards with low cost rubidium or high quality crystal oscillators.

Scope
A family of modular instrumentation is being developed by the Tri-Service GPS Range
Applications Program.3 Phase I of this program will integrate prototype equipment into five
ranges. A contract for Phase I efforts was awarded to Interstate Electronics Corporation,
Anaheim, California in May 1985 and calls for delivery in late 1987 of various GPS
equipment which includes a Reference Receiver/Processor (RR/P), Low Dynamics
Instrumentation Set (LDIS) and Position Location Module (PLM). This equipment could
be used in a variety of implementation schemes for range timing applications. The paper
describes two configurations: a full capability timing system using the RR/P and a simple
timing system employing the LDIS or PLM. The full capability timing system will be
tested at the Western Space and Missile Center in early 1988.
FULL CAPABILITY GPS TIMING SYSTEM
The full capability configuration (Figure 1) uses the Reference Receiver/Processor (RR/P)
and provides a capability to continuously monitor and verify the performance of the
frequency standard. The RR/P code and carrier tracks and processes the P-code signals
from four GPS satellites on both the L1 (1.57542 GHz) and L2 (1.2276 GHz) frequencies.
The Processor, which is operated from a terminal, controls the Reference Receiver,
Precision Time Module and Test Signal Source. The Precision Time Module synthesizes a
precision local oscillator frequency for the Reference Receiver and adjusts its phase to
make the “on time” one-pulse-per-second (1 pps) receiver output coincide precisely with
GPS time or UTC time.
The Time Interval Counter measures the time intervals between the frequency standard
1 pps output and the Reference Receiver 1 pps output. These time intervals (timing errors)
can be used in realtime or post-test to correct the timing signals. The Test Signal Source
provides a capability to calibrate time delays from the antenna to the Reference Receiver
1 pps output. The resulting timing accuracy will be better than ±30 nanoseconds. With
common view satellite tracking, relative accuracies to better than ±10 nanoseconds will be
accomplished. These accuracies will be achievable when Selective Availability is in effect.
SIMPLE GPS TIMING SYSTEM
A simple GPS timing system (Figure 2) could employ a single channel GPS Receiver that
tracks the Clear/Acquisition (C/A) codes on the GPS L1 frequency. The Receiver outputs
a precision 1 pps signal to a Time Code Generator. The accuracy of this simple system will
be better than ±100 nanoseconds. By employing common view satellite tracking, better
relative accuracies could be achieved. The Low Dynamics Instrumentation Set (LDIS) or
Position Location Module (PLM) could be used in this application.

SUMMARY AND CONCLUSIONS
In summary, equipment being developed for the GPS Range Applications Program could
be configured for a variety of range timing applications. The paper described two possible
configurations, a full capability system for the most stringent requirements and a simple
configuration using the minimum hardware. Implementation of GPS range timing systems
using standardized Tri-Service equipment will be relatively simple since the required
hardware is already being developed for the GPS Range Applications Program. The
equipment will be proven and available for range applications in late 1987.
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Figure 1. Full Capability GPS Timing System Configuration

Figure 2. Simple GPS Timing System Configuration
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ABSTRACT
Predetection recording of spread-spectrum (SS) signals such as GPS transmissions is a
desirable objective for both users and developers of equipment designed to receive such
signals. (GPS user-equipment development is a lengthy process during which signal
simulators are only partially useful.) Upon playback, GPS signals are used by the same or
modified receivers so that acquisition, processing, detection and tracking loops can be
altered to optimize the receiver parameters. Development of predetect SS signal recording
systems is difficult to achieve in practice. Such systems not only must be of suitable phase
linearity to preserve the signal content to be extracted but sometimes must also preserve
the exact signal-to-noise ratio (SNR) characteristics of the recorded signals. Existing
conventional test equipment is unsuitable for deriving value judgments of the quality of a
predetect recording system’s output because the SS signal has a negative SNR. This paper
reveals that it is possible to use, for this purpose, tape recorders now available on many
test ranges in combination with auxiliary equipment similar to that designed for the U.S.
Navy’s TRIDENT Program (recording C/A-code data from in-flight missile translators).
The basic techniques are described in some detail to enable potential users to understand
the necessary equipment concepts and evaluate the author’s approach in terms of their own
applications.
KEYWORDS
Predetection Recording, FIR Filter Implementation, Phase-Reversal Modulation,
Polarization Diversity, Spread-Spectrum Signal Recording, Wideband Recording
INTRODUCTION
The Global Positioning System (GPS) uses the emissions from a number of satellites to
derive the position or velocity of a receiving site via direct measurements of range and
range rate from each satellite. The required outputs are calculated by using multilateration
processing. Usually the receiver is on the ground and the problem takes its most primitive
form. At times, an intermediate receiver on a missile or aircraft intercepts and retransmits

the received signal on another frequency, using an on-board translator. The retransmission
then is received on the ground, sometimes even on a moving platform, where the ground
receiver processes the resulting range and range-rate sums to derive the range and range
rate of the missile or aircraft, then finally its state vector. The structure of this translated
GPS signal is more complicated, but this approach is taken today on some of our test
ranges to minimize the onboard hardware. These same GPS signal processing concepts
apply to space applications and will be used more often in the future.
Predetection recording of SS signals such as GPS transmissions is desirable for both
developers and users of equipment using these signals. In particular, GPS user-equipment
development is a lengthy process during which signal simulators are only partially useful.
On the other hand, suitable satellite constellations are not always available at desired
times. When they are available, it is often desirable to record their signals for use at some
convenient time when the signals can be repetitively and accurately reproduced. Upon
playback, either the same or modified receivers use these GPS signals so that acquisition,
processing, detection, and tracking loops can be altered to optimize receiver parameters.
This paper describes the techniques for a practical predetection recording method. It
highlights a recently built and tested Predetection Recording Converter (PRC) associated
with the U.S. Navy TRIDENT program’s use of GPS to track missiles for range safety
purposes. The presented example necessarily is more complex than many users will
require, so as to describe how development complications may be handled.
HISTORICAL PERSPECTIVE
Interstate Electronics Corporation (IEC) has successfully used both analog and digital
predetection recorders for several years to record the GPS C/A- and Gold Codes from
pseudo-satellites via missile translators in an inverted range scenario where most emissions
are from fixed ground stations. Early attempts at predetection recording preserved the
signal phase but not the dynamic range. The intelligence was extracted directly from taperecorded multiple digital bitstreams. The intelligence in the GPS spectrum is contained in
the signal’s zero-crossing times within the time domain. No attempt was made to
reconstruct the time-domain signal. After downconversion to a frequency very near to
zero, only one bit of each near-baseband segment was preserved. Data were reduced in a
large mainframe computer with multiple-pass processing.
A parallel IEC development recorded the GPS spectrum in the analog domain on tape
operating in the FM mode and using rotating-head technology. The basic IF signal was
downconverted to near baseband before conversion to FM. The low-pass filtering vital to
the FM process was accomplished with analog transversal filters, which were contained in
an off-the-shelf video recorder with a tertiary time-base corrector added to improve the

normally unacceptable 100-microsecond time-base error to less than 1 nanosecond, rms.
This method of recording the GPS spectrum worked very well and was essentially
transparent to the systems we build; however, two important shortcomings emerged. The
6-MHz recorder bandwidth was only half that required for recording both right-hand
circular polarized (RHCP) and left-hand circular polarized (LHCP) signals from large
tracking antennas. Thus, either polarization but not both could be recorded, as is often
required when signals are received from a moving target in a dynamic environment. In
addition, the recorders were delicate and subject to damage from physical movement.
Component aging required constant readjustment of the large number of potentiometers
inherent in this analog implementation.
The latest IEC effort uses a combined analog and digital approach that accommodates the
best of both worlds and achieves a near-transparent record/reproduce process. This
approach records and reproduces both antenna polarizations and also results in a zero
time-base error. The technique uses no adjustments affecting data quality, and recorded
data can he reproduced with exact repeatability. This design effort, which demonstrates
application of the principles involved, will now be discussed in detail.
NATURE OF THE GPS SPECTRUM
As emitted by each GPS satellite at 1,575 MHz, three different signals — the C/A- and PCodes and the digital navigation message — are modulated upon the carrier. Phasereversal modulation results in a direct-sequence SS centered at the suppressed carrier and
Doppler-shifted because of velocity differences between the transmitting and receiving
antennas. The predetection process does not involve demodulation, but it is important to
note that phase linearity and stability must be preserved in any predetection processing of
the spectrum to permit proper detection on playback.
Note in figure 1 that the signals to be ultimately recovered are in a negative signal-tothermal-noise environment. The C/A-Code includes the navigation messages and occupies
2 MHz. The P-Code occupies a 20-MHz bandwidth to the first null and also contains the
navigation message data. These signals arrive in the direct path and typically are received
at the user’s site on an RHCP antenna. The code signals, of course, cannot be
distinguished from the noise.
Our example here applies to a translator located on a moving target. This translator moves
the C/A-Code spectrum from 1,575 MHz to 2,251.92 MHz and adds a local oscillator
signal, called the pilot carrier (PC), at 2,250 MHz. (See figure 2.) The pilot carrier is
modified by the translator-to-ground receiver Doppler while the L1 signal with the codes is
additionally modified by the satellite-to-moving-platform Doppler. Translators hard-limit
and emit a constant-power noise-like spectrum whether satellite signals are present or not.

(The code signals in this negative SNR must be observed with a correlation detector.)
Polarization diversity overcomes the differential fading in the received signal’s separate
polarizations. The RHCP and LHCP signals are isolated in predetection recording so that a
polarization diversity combiner can be exercised later before detection.
RECORDING CONCEPTS FOR THIS EXAMPLE
A digital rather than analog recording mode is preferred to minimize the time base error,
ensure repeatability, and minimize adjustments that change with time. It is also desirable to
increase the bandwidth to include signals of both polarizations. This dictates analog-todigital conversion of both signal polarizations in the processing, but it will be shown that
this is desirable because of the very nature of the information that the signal contains. At
this point, the major task is to reduce the bandwidth of the signal to be recorded and, by
doing so, reduce the sample rate of each digital word. All signal polarization processing
channels are kept the same to assure equal time delay. Because each signal is a composite,
its parts must be reduced to baseband, thus separating the PC and L1 signals. Also, since
each signal is complex, they all must be separated into in-phase (I) and quadrature (Q)
channels. The selected bandwidth for each channel must also be wide enough to
accommodate the maximum Doppler frequency shift resulting from the expected geometry
and missile dynamics.
Still another bit-rate reduction must be made in the prerecord processing path. While the
input signal’s dynamic range is great, the code information is contained only in the zerocrossing times. Since it is desirable to preserve the dynamic range to be able to exercise a
polarization diversity combiner, Automatic Gain Control (AGC) is employed. This feature
also limits the dynamic range requirements of the Analog-to-Digital Converters (ADC) and
the subsequent digital processing hardware.
As seen in figure 3, the AGC is implemented in the analog domain at IF to limit the ADCrequired number of bits. This AGC signal is then digitized and also recorded together with
the processed PC and L1 signals on the recorder. On reproduce, the AGC signals are in
digital form to control a high-speed, digitally controlled attenuator located in the playback
IF path to restore the IF signal’s original dynamic range.
Figure 4, a block diagram of the RECORD mode, shows that the antenna-received RF
signal is routed through a preamplifier and a preselector-downconverter, where separate
conversion of both RHCP and LHCP to the IF=31 MHz were used by the PRC and
receiver. Downconversion of the 31-MHz IF (figure 4) is staged in two steps to minimize
cross-modulation products and control phase linearity. The first stage reduces the PC from
31 MHz to 2.5 MHz and filters out the sum products. The baseband converters are
positioned after the ADC so that precise control of the conversion is both coherent and

exactly predictable and balanced. This is impossible to achieve in the analog domain. It is
particularly apparent when combining the I and Q signals during playback. Singlesideband mixing with analog technology can only result in 20 to 30 dB of sustained image
suppression. Exact phase and amplitude balance is inherent in digital processing because
there is no gain-drift or time-delay mismatch to cause an unbalance. The local oscillators
are synthesized from a basic 5-MHz Cesium-beam external clock, which assures precision,
coherence, and spectral purity for the frequency translation. Low-pass filters (LPF) follow
each converter to eliminate sum products and other undesired beat frequencies. These
filters, which most affect phase linearity at baseband, follow the final converters.
Requirements for these baseband filters are achieved by finite-impulse-response (FIR)
implementation. The FIR filters for this example were designed with an exactly linearphase characteristic while approximating a prescribed magnitude frequency response. This
implementation permits proper signal recombination. Because the implementation is
nonrecursive, the filters are inherently stable, repeatable, and have minimum quantization
and roundoff problems. Indeed, the major complexity of the predetection processing path
lies in the FIR filter design and implementation. Certainly most of the required hardware
goes into the FIR application.
FIR FILTERS
FIR filters are nonrecursive. That is, the output is a weighted sum of the inputs and does
not depend upon previous outputs. The FIR filter is a moving average process. In practice,
the filter’s output is obtained by direct calculation of the convolution of the filter response
and the input data. The output sequence is a weighted sum over the previous N samples of
the input sequence; this can be seen in figure 5, a simplified block diagram of a FIR filter
stage. The weights define the filter completely and are represented by the coefficient
multipliers, C1 to C7. Characteristically there are N zeros located anywhere in the z-plane
and N poles located at z = 0, but poles at z = 0 do not affect filter performance.
The actual hardware filters used were staged, as shown in figure 6, to minimize hardware.
The filters could have been built in a single stage where N is a large number, but
considerable savings were achieved by previous-stage prefiltering. Three stages (figure 7)
were used to process the PC signal and two stages were used for the L1 signal. The left
(L) and right (R) polarizations, and the I and Q components, all passed through the same
filter to preserve signal processing identity and save hardware via the multiplex. The
Remez-exchange algorithm was used to calculate each set of N coefficients which are the
sequential sample multipliers for each sample input in the convolver block. This iterative
algorithm solves the Chebyshev approximation problem, which requires that the weighted
error equioscillates on a set of abscissas.

The selected digital processing code was negative two’s-complement fractional binary to
avoid overflow. Considerable care was exercised to prevent overflow because of
hardware-limited word size; the filtering effect allows lost signal amplitude in the filter
outputs to be made up between filter stages. Also truncations introduce signal bias which,
when multiplied by subsequent gains, can become significant enough to require removal
before passing the signal to the next stage. Since convolution arithmetic is carried to an
order-of-magnitude higher precision than the sample stream, the following filter stage
inputs must be truncated. These truncated inputs are rounded to minimize pass-through
bias.
As filter staging occurs, the signals are low-passed into narrower bandwidths. Decimation,
or subsampling, reduces the output’s word rate. Since each filter is multiplexed to
sequentially process RI, RQ, LI, and LQ, this quadruple multiplex offers decimation
factors in multiples of four to be selected in the first stage. Subsequent stages are
decimated by even factors. The filter bandwidth of each filter stage was selected in these
same ratios to minimize hardware, and each first-stage filter always operated at maximum
efficiency.
The information in the resultant recorded bitstream is now limited to one half the Nyquist
rate for each component. The number of bits in each sample saved for recording depends
upon the desired SNR. For the PC this was four bits or 24 dB. For the GPS L1 spectrum,
only one bit is necessary since the SNR is negative (recall that the intelligence is carried in
the bit-crossing times of the signal). Two bits, in fact, were saved for the L1 signals
because the tape recorder’s capacity permitted the extra bits to be saved. Multiplying the
number of signals (R,L,I,Q = 4) by the number of bits per word (b/w = 2) by the sample
rate (w/s = 2M) yields 16 Mb/s for L1. A similar calculation yields 4 Mb/s for the PC for a
total of 20 Mb/s for the primary data. Certain timing and other supplementary signals were
dedicated to the remaining tape-recorder capacity of 24 Mb/s on 12 tracks. The other two
tracks were reserved for housekeeping. A conventional digital tape recorder of standard
IRIG configuration can be operated at 2 Mb/s per track. These machines accomplish this
rate at 60 ips and accommodate twice this rate at 120 ips. For this particular example, an
older machine was used that could record 2 Mb/s at 120 ips on 13 tracks.
REPRODUCE CONSIDERATIONS
Upon playback, the task was to restore the compressed form of the recorded signals and
combine them back into separate RHCP and LHCP composites at IF. This means that
sample rates must be increased to carry the increased bandwidth so that the supersamples
carry intermediate amplitudes. Fortunately this can be done in the digital domain, using an
interpolation process, by passing the word-sample streams back through the FIR filters on
reproduce. (Figure 8 shows the REPRODUCE mode.) The convolver must be configured

in a peculiar way to truncate the process, which yields several outputs earlier in the
integration. These added samples with the desired supersamples are converted to word
serial form by transposers before being used in subsequent stages. (The last FIR stage is
used first and the first stage is used last.) The sample rates are built up in the process and
the number of bits per word also increases. The I and Q signals are uptranslated to near
baseband via digital multipliers that perform the half-complex translation, then are
combined by simple binary addition after the upconversion. This exact process eliminates
the unwanted side-band, and it is the main reason for implementing the filters in the digital
domain. The signals are next converted to analog form, where the PC and L1 spectra are
recombined and uptranslated to IF. At IF, the digital AGC signal is used to restore the
dynamic range of the analog output; both RHCP and LHCP remain independent, and the
reproduce processing ends.
OTHER POSSIBILITIES
The techniques in this example can be extended to handle P-Code predetection recording.
The bandwidth required for P-Code is 10 times greater, but only one polarization (RHCP)
need he considered. the reason is that the path is direct in any P-Code usage rather than
through moving translators with ground links that include high-gain, dual-polarity receiving
antennas. For P-Code predetection recording, the minimum required recording rates would
be twice the bandwidth (20 Mw/s) for both I and Q and one bit per word for the single
polarity or 40 Mb/s. This rate is possible for today’s digital, IRIG 14-track machines using
12 tracks that can accommodate 4 Mb/s per track or 48 Mb/s at 120 ips. Currently
available digital rotary-head recorders (MIL-spec machines built for aircraft applications)
can record for 1 hour at 107 Mb/s. Other rotary-head recorders costing one-tenth of the
cost of a standard digital parallel machine can record at rates exceeding 20 Mb/s. The
single-track feature also means a zero time-base error. These recorders are small, reliable,
and offer 1-hour recording times on inexpensive cassettes for quick reload.
SUMMARY
The resulting GPS-derived data can be reduced to a minimum bit rate by properly
partitioning the analog and digital portions of predetection recording processing and by
dissecting the complex, composite wideband spectrum of GPS direct-sequence signals. By
application, predetection converters can be augmented with conventional digital IRIG tape
recorders tailored for record/reproduce functions. This can be accomplished with very near
transparency. As illustrated in this paper, the technique applies to a broad spectrum of
problems of similar character. Already developed hardware and technology can he
configured for many other similar applications.

Figure 1. The GPS Spread-Spectrum Signal

Figure 2. GPS Translator Output Spectrum at IF

Figure 3. GPS Translator Output Spectrum at Near Baseband

Figure 4. Simplified Block Diagram of RECORD Mode

Figure 5. Block Diagram of a FIR Filter Stage

Figure 6. Pilot Carrier FIR Filter Staging

Figure 7. FIR Filter Staging

Figure 8. Simplified Block Diagram of REPRODUCE Mode
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ABSTRACT
The Western Space and Missile Center (WSMC) plans to precisely synchronize remote
instrumentation site timing on the Western Test Range (WTR) using Global Positioning
System (GPS) equipment being developed for Tri-Service range applications. This paper
describes background information, current WTR timing capability, remote site
synchronization requirements, a proposed GPS timing system configuration, and testing
approach.
INTRODUCTION
Background
Site timing synchronization via GPS provides an opportunity to improve WSMC metric
support capability on the WTR, eliminate the need for portable atomic clocks to calibrate
site cesium standards, and eventually allow replacement of site cesium standards with low
cost rubidium or quality crystal oscillators. Highly accurate time transfer employing GPS
can be accomplished directly using a fully capable GPS receiver or indirectly using a
limited capability receiver tracking a satellite in common view.1 WSMC plans to
implement the direct time transfer technique using the GPS Reference Receiver/Processor
being developed for the Tri-Service GPS Range Applications Program.2,3
Scope
This paper describes the WTR tracker geometry, reviews current WTR site
synchronization capabilities, provides the rationale to precisely synchronize the Range

Vernier radar network, defines the proposed GPS timing system configuration and its
advantages, discusses the testing approach including opportunities for common view
verification, and ends with a summary and conclusions.
WESTERN TEST RANGE (WTR)
To support testing of space and missile systems, WSMC uses a vast array of test facilities
throughout California, Hawaii and other Pacific sites (see Figure 1), WSMC operates the
WTR as a national range asset. Key mainland sensors operated by WSMC are located at
Vandenberg Air Force Base (VAFB) and Pillar Point Air Force Station (PPAFS). Support
further south is provided by the Navy’s Pacific Missile Test Center (PMTC) from Point
Mugu and San Nicolas Island (SNI). Coverage from the Hawaiian Islands (see Figure 2) is
provided by instrumentation operated by Navy, Air Force, and NASA organizations.
Downrange support for ballistic operations is provided by the Army’s Kwajalein Missile
Range (KMR).
CURRENT WTR TIME SYNCHRONIZATION CAPABILITY
A variety of techniques are used to synchronize timing on the WTR.4 At VAFB and
PPAFS timing is centrally generated by Time Code Generators driven by cesium
standards, and distributed via direct lines, microwave and VHF. Cesium standards and
Time Code Generators are also used at the telemetry and radar sites. A traveling atomic
clock from the VAFB Precision Measurement Equipment Laboratory (PMEL) is used to
calibrate the cesium standards on a 90 day or as required basis. The PMEL reference is the
Precise Time Reference Station which is maintained via GPS common-view time transfer
with the United States Naval Observatory (USNO).5 A timing configuration similar to
WSMC is used at PMTC, and USNO provides a correction factor at three month intervals
with a portable atomic clock. SNI currently receives primary synchronization via
microwave from Point Mugu, and PMTC plans to use GPS in the future, Timing at the
instrumentation sites in the Hawaiian Islands is generated at each site and the site cesium
standards are periodically calibrated by Navy and Air Force traveling atomic clocks.
Timing signals at KMR are generated by the Master Timing Center on Kwajalein Island
and distributed via a cable network to substations on the outer islands. KMR plans to use
the GPS monitor station in the future as the reference. With current techniques intersite
synchronization on the WTR is typically maintained to better than 10 microseconds.
RANGE VERNIER TIME SYNCHRONIZATION REQUIREMENT
WSMC has developed a phase-measuring radar technique called Range Vernier which has
been implemented on coherent radars at PPAFS, VAFB, Point Mugu and SNI. Each radar
provides extremely precise range increment measurements with a noise level of

approximately 0.001 feet. Range Vernier data is used for trajectory reconstruction and will
improve the guidance evaluation capability for future ballistic missile programs such as
Small ICBM. As shown in Figure 3, the Range Vernier network could also be used for
SDI systems, such as Space-Based Kinetic Kill Vehicle and future space experiments.6 In
order to fully use the inherent precision of the Range Vernier network, each measurement
must be accurately time tagged. WSMC sponsored a study which assessed the sensitivity
of pierce point estimation error to the Range Vernier time tag error.7 The results are
summarized in Figure 4. The study found that current time synchronization via atomic
clock does not provide sufficient accuracy to improve pierce point estimation error and
concluded that the timing bias of each radar must be reduced to approximately 30
nanoseconds in order to achieve the full potential of the Range Vernier radar network.
PROPOSED WSMC TIMING SYSTEM CONFIGURATION
To precisely synchronize the Range Vernier radar network, WSMC plans to use the GPS
timing system configuration shown in Figure 5. The proposed configuration provides a
capability to continuously monitor site timing performance. The system employs the GPS
Reference Receiver/Processor (RR/P) being developed for the Range Applications
Program, a Precision Time Module to make the Receiver output coincide precisely with
Coordinated Universal Time (UTC) time, and a Test Signal Source to calibrate system
delays. The Time Interval Counter measures the time intervals between the Reference
Receiver one pulse-per-second (1 pps) output and the site generated 1 pps, The timing
errors are recorded for post test correction and the resulting timing accuracy will be better
than 30 nanoseconds. A potential rack-mounted layout of the equipment is shown in
Figure 6 and advantages of the proposed configuration are summarized in Figure 7.
TESTING APPROACH
A series of in-plant tests will be conducted to verify system performance including sideby-side and common view demonstrations. After factory acceptance, the timing systems
will be installed at Range Vernier radar sites at VAFB and PPAFS, and also at the FPQ-14
radar in Hawaii and initially operated in a testbed mode. System performance will be
baselined and calibration and operational procedures developed. Testing opportunities for
the current test constellation and the 18 satellite constellation are summarized in Figures 8,
9 and 10 for several WTR locations. Figure 8 shows the number of satellites above 5
degree elevation mask angle during 24 hours that can be used for direct time transfer.
Opportunities to evaluate intersite synchronization between VAFB, Hawaii and KMR
using dual frequency and single frequency common view techniques are shown in
Figures 9 and 10 respectively.

SUMMARY AND CONCLUSIONS
In summary, current time synchronization on the Western Test Range (WTR) is better than
10 microseconds which is adequate for most accuracy needs. In order to achieve the full
potential of the Range Vernier radar network for future ballistic missile and space system
testing, intersite timing errors must be reduced to approximately 30 nanoseconds. A GPS
timing system using equipment under development for the Tri-Service Range Applications
Program can meet this accuracy need and has significant advantages over other techniques.
In early 1988, WSMC plans to begin implementing the GPS timing systems at the Range
Vernier radar sites and demonstrate system performance via a series of tests. The proposed
GPS timing system also has the potential to reduce the cost of timekeeping in many WTR
applications by eliminating the need for portable atomic clocks and allowing replacement
of site cesiums with less expensive standards.
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COMPARISON OF GPS PSEUDORANGE AND BIASED DOPPLER
RANGE MEASUREMENTS TO DEMONSTRATE SIGNAL
MULTIPATH EFFECTS
Alan G. Evans
Naval Surface Weapons Center
Dahlgren, Virginia 22448-5000

SUMMARY
The TI 4100 Geodetic Global Positioning System (GPS) Receiver has been field tested in
several environments. These include collocation rooftop tests near reflective equipment,
isolated desert positioning tests, and shipboard survey tests. The receiver data consisted of
pseudorange (code) and biased Doppler range (phase) measurements on both L1 and L2
frequency channels. This paper compares differences between ionospherically corrected
pseudorange and biased Doppler range measurements to demonstrate the significant
effects of signal multipath on the pseudorange measurements. That is, pseudorange signal
multipath effects can be isolated, detected, and statistically modeled using only the above
measurements. Examples are given for various receiver antenna locations. Day-to-day
comparisons are made to demonstrate the repeated multipath effects due to repeated
satellite-to-antenna geometries. The results can be used to analyze and statistically model
pseudorange multipath effects for possible improved positioning and GPS satellite orbit
determination accuracy.
INTRODUCTION
The Defense Mapping Agency, in cooperation with the United States Geological Survey
and the National Oceanic and Atmospheric Administration, have sponsored the
development of the TI 4100 Geodetic Receiver. The receiver was built by Texas
Instruments, Incorporated, of Lewisville, Texas. Except for the controlling software, the
Geodetic Receiver is similar to the commercial version. That is, the receivers track up to
four satellites Simultaneously by sampling segments of broadcast signals of different
satellites in a time multiplexing sense. Pseudorange and phase measurements are obtained
on both the L1 and L2 GPS channels. Using interpolation procedures, up to a total of
16 measurements can be obtained for the same time instant.

The pseudorange is obtained by multiplying the received minus transmit time by the speed
of light. This value must be corrected for a number of error sources to obtain the true
range. These include the effects due to the ionosphere, troposphere, satellite and receiver
clock error, and relativity. In addition to these error sources, the pseudorange has a
receiver measurement only error of 0.6 to 1.0 m. for L1 only [1].
Phase measurements in cycles are accumulated and then differenced over a given time
interval. These differences are converted to a corresponding Doppler change in range. This
is done by removing any cycle counts due to biased frequencies and then multiplying by
the speed of light divided by the transmission frequency. The receiver phase has a
measurement only error of between 1 and 3 mm. for L1 only. This, of course, is much
more accurate than the L1 pseudorange standard deviation. Except for the ionospheric
effect, the above error sources affect a change in pseudorange values the same as a
Doppler change in range over the same time interval. Therefore, to have equivalent values
of change in pseudorange and Doppler range, first order ionospheric corrections are made
to both values using dual frequency measurements [2].
This paper investigates the differences between ionospherically corrected pseudoranges
and biased Doppler ranges, denoted as pseudo-Doppler ranges. For convenience, the initial
value of a series of biased Doppler ranges is taken as the pseudorange for the
corresponding time. The Doppler change in range values are then added to this initial value
to obtain the biased Doppler ranges. The pseudo minus Doppler range data is then
modified to have zero mean. If the receiver antenna is in a reflective environment, the
pseudo-Doppler ranges are found to be much larger than receiver measurement accuracy.
Comparisons obtained from receivers in different configurations and locations indicate that
these large pseudo-Doppler range differences are due to signal multipath. Further, a
comparison of the double difference residuals of a 25-m. baseline relative positioning
experiment demonstrates that the variations of the pseudorange residuals (about 4 m.) are
much larger than that expected from measurement noise (about 1 m.) and that of the phase
range measurements (about 2 cm.). Consequently, subtracting the Doppler measurements
from pseudoranges is close to subtracting true satellite to antenna ranges. System errors
such as receiver clock and tropospheric error also cancel. This leaves, for the most part,
pseudorange signal multipath effects, pseudorange receiver measurement noise, and a bias.
An analysis of pseudo-Doppler ranges for the Spring 1985 GPS Precision Baseline Test is
presented. This test has the advantage of having data from both low reflective desert areas
and highly reflective rooftop locations spaced across the continental United States. Also,
data was taken over several days that enables cross correlations to be made day-to-day. If
the multipath is due to highly reflective objects, this effect is repeated the next day only
about 4 min. earlier due to the repeated satellite-to-receiver geometries. This effect is seen
in the cross-correlation function. Since the pseudorange multipath effect is isolated, the

correlation functions can be statistically modeled and incorporated into the Kalman filter
estimation procedure. Therefore, the results have applications to both survey position
estimation and GPS satellite trajectory estimation procedures that currently use the
pseudorange measurements.
The above procedure to isolate the pseudorange signal multipath effects (with
measurement noise) is not limited to fixed site locations. The procedure works just as well
for dynamic cases since movements affect both the pseudo and Doppler ranges and are
canceled when the two ranges are differenced (see shipboard test [3]). This reference
demonstrates the combined use of pseudo and Doppler ranges to improve absolute
positioning over the standard pseudorange-only procedure in a high multipath environment.
The next section describes the Spring 1985 Test and the test locations. Then the pseudoDoppler range differences are presented and analyzed. The correlation procedures are
applied to the data in the fourth section. The conclusion summarizes the testing results and
correlation analysis.
TEST DESCRIPTIONS
This paper analyzes only the data from the TI 4100 receivers that were used in the Spring
1985 High Precision Baseline Test. The testing interval was between 29 March and
5 April. The analysis herein consists of the last 3 days of the test, days 93 to 95. These
days were selected due to the larger availability and higher continuity of the data. The
TI 4100 receivers were located at the 10 sites given in Table 1. Also given in the table are
the station numbers, the designated receiver identification, and a brief description of the
location.
The receivers at each site collected both pseudorange and phase measurements on both
frequency channels every 30 sec. Although a slightly faster sampling rate would have been
preferable, this rate appears sufficient to demonstrate the multipath effects. The sampling
rate was varied in a different data set from 12 sec. to 36 sec. This produced about a
10 percent variation, down and back up, in the cross-correlation terms. Also, to reduce the
amount of data processing, one satellite, SV11, was selected for data analysis at each site.
Similar types of results would be expected from the other satellites.

TABLE 1. SPRING 1985 PRECISION BASELINE TEST SITE LOCATIONS

Station

Station
Number

Receiver
Identification

Description

Mammoth, Cal.
Big Pine, Cal.
Mojave, Cal.
Hat Creek, Cal.
Ft. Davis, Tex.
Haystack, Mass.
Richmond, Fla.
ARL/SW, Austin, Tex.
Pt. Mugu, Cal.
NSWC, Dahlgren, Va.

85084
85082
85081
85083
85080
85078
85079
85016
85086
85085

9
V
Y
Z
X
A
8
7
W
3

Rural location
Rural location
Rural location
Rural location
Polaris site
Polaris site
Polaris site
R & D Lab
R & D Lab
R & D Lab

PSEUDO-DOPPLER RANGE COMPARISONS
To demonstrate the effects of signal Multipath, plots of pseudo-ranges minus doppler
ranges are presented for a low reflectivity desert location, Mojave, and a high reflectivity
rooftop location, Naval Surface Weapons Center, Dahlgren, Va. (NSWC). Figures 1 and 2
are plots of Mojave for days 94 and 95, respectively. Note the low values of standard
deviation, 1.25 and 1.67 m. These figures are contrasted with the plots for the same days
at the high reflectivity location at NSWC given in Figures 3 and 4. Note the large variation
of the NSWC plots whose standard deviations are 4.02 and 5.82 m., respectively. Note
that the signature of Figures 3 and 4 is similar. The strong dips and peaks occur in both
plots except the effects on day 95 occur about 4 min. earlier. This indicates a day-to-day
correlation that is discussed in the next section.
Plots for the highly reflective Pt. Mugu rooftop location are given in Figures 5 and 6 for
days 94 and 95, respectively. Note at both the NSWC and Pt. Mugu sites that the receivers
lost lock (resulting in a lack data) for 1 day while it was experiencing high signal multipath
effects, as seen on its next day plots. This demonstrates that multipath effects can be
sufficiently extreme as to cause receiver to lose lock with the satellite.
Standard deviations are determined for the remainder of the sites and are given in Table 2
for days 93, 94, and 95. Note the fairly good consistency between the day-to-day standard
deviations for each site.

CORRELATION ANALYSIS
To demonstrate the repeated day-to-day signal multipath effects, cross-correlation
coefficient functions are determined for 2 days of pseudo minus Doppler range data. The
cross-correlation coefficient function [4] is defined as the standard cross correlation
divided by the standard deviation of each data set. This normalizes its values to be
between !1 and +1. Figures 7, 8, and 9 present the cross-correlation coefficient function
for low, intermediate, and high signal reflectivity sites of Mojave, Richmond, and NSWC,
respectively. For Mojave, the cross-correlation coefficient function stays in the noise level.
For Richmond, there is a peak of .45 at a delay of !240 sec. For NSWC, the time scale is
the delay in the GPS time of day in sec. A large peak (.632) occurs in Figure 9 at the same
!240 sec. delay. These results demonstrate that the data from the higher signal reflectivity
location is correlated day-to-day occurring approximately 4 min. earlier due to the earlier
repeated satellite orbit-to-antenna geometries. Here, it is worth noting that the orbit repeats
itself at 3 min. and 56 sec. earlier. This is approximated by !240 sec. due to the 30-sec.
sampling interval.
Cross-correlation coefficient functions have been determined at the different sites for both
days 93 to 94 and 94 to 95, where data is available. The value of the functions at delay
!240 sec. denotes the day-to-day correlation and, correspondingly, indicates the level of
signal multipath that exists at the site. The computed values at the !240 sec. delay for each
site are given in Table 3. Again, note the consistency between the two 2-day data sets.
TABLE 2. STANDARD DEVIATION OF PSEUDO MINUS DOPPLER RANGES

Site
Mammoth, Cal.
Big Pine, Cal.
Mojave, Cal.
Hat Creek, Cal.
Ft. Davis, Tex.
Haystack, Mass.
Richmond, Fla.
ARL/SW, Austin, Tex.
Pt. Mugu, Cal.
NSWC, Dahlgren, Va.

Day 93
(m)

Day 94
(m)

Day 95
(m)

1.92
2.75
1.44
2.10
1.82
(not available)
2.54
2.08
(not available)
4.53

2.00
2.63
1.25
2.12
1.96
2.71
2.60
2.21
4.36
4.02

1.93
2.96
1.67
2.00
1.97
2.55
2.48
2.20
3.31
5.82

TABLE 3. CROSS-CORRELATION FUNCTION COEFFICIENT FOR PSEUDO
MINUS DOPPLER RANGE DATA AT A DELAY OF !240 SECONDS
Site

Days 93-94

Days 94-95

Mammoth, Cal.
Big Pine, Cal.
Mojave, Cal.
Hat Creek, Cal.
Ft. Davis, Tex.
Haystack, Mass.
Richmond, Fla.
ARL/SW, Austin, Tex.
Pt. Mugu, Cal.
NSWC, Dahlgren, Va.

.058
.104
.144
.260
.079
(not available)
.500
.645
(not available)
.750

.079
.140
.162
.306
.096
.405
.453
.632
.566
.632

An example of the normalized autocorrelation function of the NSWC pseudo-Doppler
range data is given in Figure 10. This appears to be modeled by a simple exponential
autocorrelation function with a correlation length of about 50 sec.
CONCLUSION
This paper analyzes the differences between ionospherically corrected pseudorange and
biased Doppler range data taken with Texas Instruments, Inc., TI 4100 receivers during
the Spring 1985 GPS Precision Baseline Test. Data from low through high signal
reflectivity environments were examined. In a high reflectivity environment, such as a
laboratory rooftop, these range differences are shown to vary significantly, for example, up
to 20 m. in a 30-sec. time interval. In the low reflectivity environment, such as a flat desert
location, the variations are about the level expected due to the receiver measurement noise.
By this differencing of data, error sources and true values are canceled leaving essentially
only pseudorange receiver measurement errors, pseudorange signal multipath effects, and a
bias. The signal multipath affects the code measurements significantly more than phase
measurements.
The effects of significant signal reflectors are seen to be similar on 2 consecutive days. It is
noted that the effects occur about 4 min. earlier on the second day due to the earlier
repetition of the satellite-to-antenna geometries. This repetition is demonstrated by the
cross-correlation coefficient function of the two day-to-day sets of data. Values of about
0.1, that are in the noise level for low reflective environments, to above 0.6 for high
reflective environments are obtained for time delays of !240 sec. (!4 min.).

Additionally, the autocorrelation of the pseudorange minus Doppler range data is
presented for a high reflectivity location. From the above results, it appears that each
satellite’s signal multipath effects on pseudorange can be statistically modeled for a
stationary site. This model could be incorporated into a Kalman filter estimation procedure
that uses pseudorange measurement data to minimize the multipath effects. This has
applications to positioning and to GPS satellite orbit determination. Current procedures
that use averaging techniques [5], [6] with the pseudorange and Doppler data reduce, but
do not minimize, the signal multipath effects.
At two of the highly reflective sites the pseudo and Doppler range differences were above
the 10 m. scale of the plots. At corresponding times (plus or minus 4 min.) on adjacent
days, the receiver lost lock with the satellite. This indicates that the receiver has difficulty
trucking in a high multipath environment.
In summary, by isolating the pseudorange signal multipath effects it is demonstrated that
(1) these effects can be very large in high signal reflectivity environments; (2) for a
stationary site, these effects on pseudorange measurements can be statistically modeled to
possibly improve estimation procedures; and (3) the multipath effects can be large enough
to cause the receiver to lose lock. Further analysis should be performed on antenna design,
for example, with or without a ground plane or absorption material, and on receiver design
to be less susceptible to signal multipath.
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SELECTING THE OPTIMUM TELEMETRY TRACKING ANTENNA
FOR RECEIVING TRANSLATED GPS SIGNALS
William C. Turner
Director of Engineering
Electro-Magnetic Processes, Inc.
9616 Owensmouth Avenue
Chatsworth, California 91311

ABSTRACT
Performance data taken on three candidate telemetry tracking antennas which employ
significantly different beam scanning principles are presented. Measurements of antenna
feed-induced phase noise were made at S-Band and compared.
INTRODUCTION
More uses of telemetry tracking antennas are contemplated with the deployment of the
Global Position Satellite Network, scheduled to be completed in 1988. Reception of
translated GPS signals reveals new constraints on present day telemetry antennas not
considered during their conceptual design. Since this new application involves range and
velocity measurements of cooperating long range missiles, the addition of frequency shift
and phase noise cannot be tolerated. Although the ideal candidate for GPS signal reception
and tracking is the narrow-band amplitude three-channel monopulse antenna, cost effective
telemetry tracking systems utilize only one receiver per polarization channel and employ
either a wide-band single-channel monopulse feed or a very wide-band conically nutating
type feed.
This paper describes testing techniques used, and reports on the results obtained, from
measuring the phase noise from single-channel monopulse and conical scanning type feeds.
Measurements were made at a frequency of 2232.5 MHz utilizing an interferometer
receiving instrument having a noise floor of less than 4 degrees. The results verify that by
their nature, all single-channel monopulse feeds induce phase noise at their scan rate with a
magnitude proportional to the angle that the source is off boresight. The tests further reveal
that not all conical scan type feeds are alike, and that the notating offset air-dielectric
circular waveguide horn type feed induces no measurable phase noise or doppler shift.

BACKGROUND
The conical scanning principle involves rotating an antenna beam about its tracking axis by
utilizing mechanical methods. The single-channel monopulse principle involves
sequentially offsetting the antenna beam on two orthogonal tracking axes utilizing
electronic methods.
The first successful conically scanning antennas were developed by the Radiation
Laboratory of MIT in the early 1940’s. A fixed feed with rotating offset reflector was
developed for the BAT Missile (a homing glide bomb used successfully at the end of
World War II.
A rotating offset dipole feed with a fixed reflector was developed for the SCR-584 Fire
Control Radar Antennas that were deployed throughout the world at the close of World
War II and later replaced by the NIKE Series of Monopulse Fire Control System. Early in
1953 the offset circular waveguide horn with stationary dipole and rotary joint was
developed at the Army Facility in Fort Monmouth for fire control radar purposes.
To answer the need for long-range telemetry tracking requirements in the late 1950’s,
many obsolete fire control radar pedestals were fitted with conical scanning antennas
operated in the L-band frequency spectrum. Later, the bandwidth was extended to S-band
and the newer nutating feeds incorporated dual-polarization capability. During this era all
feeds required either single or dual channel coaxial rotary joints. As the need for rotary
jointless nutating feeds (nonrotating polarization) arose, Fort Monmouth personnel
conceived and Radiation, Inc. (now Harris Corp.) , developed the single-channel
monopulse feed in the mid-1960’s . This feed was productized by several companies,
notably Scientific-Atlanta and Canoga Electronics (later Tasker Whittaker) . Shortly
thereafter in the early 1970’s, Radtec, Inc. (later EMP, Inc.) developed the jointless
RADSCAN nutator (Reference 1) , then Symetrics Engineering Corporation developed the
jointless rotating lens nutator.
The RADSCAN nutator utilizes a hollow shaft AC motor to drive an offset circular
waveguide horn supported by two bearings. The Symetrics feed utilized a belt and pulleydriven nonsymmetrical dielectric lens to nutate the beam.( It should be noted that the
overhaul cycle of the RADSCAN feed now exceeds 24,000 hours compared to the 100 to
200 hours for the Symetrics feed.)
Although lighter in weight and not utilizing moving parts (but less reliable electronically) ,
the life of the single-channel monopulse feed also exceeds 12 years. The single-channel
monopulse technique utilizes a three-channel phase monopulse antenna feed principle and
a device called a scan converter. A simplified schematic diagram of the scan converter is

shown in Figure 1. The azimuth and elevation error channels are sampled sequentially.
Each sample signal is phase-shifted between 0 and 180E at a fixed or variable rate by
driving diodes to the state of conduction in accordance with the timing diagram shown,
then added to the sum channel signal through a coupler. The result is a sum channel carrier
amplitude-modulated with the error information. Note that all amplitude monopulse feeds
utilize circuitry identical to an interferometer. Any tilt of the wavefront reflected from the
dish, or any phase delay in the error channels with respect to the sum channel, will alter
the phase of the composite signal when the two signals are vectorially combined. Because
of the required rf phase coherency, it is difficult to wide-band this type of feed, and
impossible to maintain zero phase differential across the band. In order to achieve current
bandwidths, yet maintain decent error slopes, the phase differential is allowed to vary as
much as ±20 degrees.
Other drawbacks of single-channel monopulse feeds are degraded low angle tracking
caused by high effective sidelobes, inherent high tracking axis crosstalk, and boresight axis
shift with frequency. A three-channel monopulse feed is designed with low sidelobes in
both the sum and difference channels: however, the tracking receiver sees the output of the
scan converter which generates a composite pattern by vectorially combining the sum and
difference patterns. It is the resulting sidelobes of this pattern that degrade the low-angle
tracking performance. Note that this sidelobe is nonsymmetrical; it only appears on the
side of the pattern that the beam is squinted.
TEST PROGRAM
Only three dual-channel circularly-polarized antenna specimens were available for the
phase noise measurements: a 12-foot diameter reflector with the 15-inch diameter
Symetrics feed having a scan rate of 21 Hz (Model 515, Serial Number 102), a 4-foot
diameter reflector with the 7.5-inch diameter RADSCAN type feed, having a scan rate of
29 Hz, and a 4-foot diameter reflector utilizing an EMP single-axis single-channel
monopulse S-band feed having a 10-inch long by 4-inch wide ground plane. The scan
converter employed a 12 dB coupler. The switching rate was reduced from 500 Hz to
10 Hz for recording purposes.
The interferometer measuring device shown in the block diagram of Figure 2 consisted of
two Microdyne Model 1200 MRA(01) Mainframe Receivers, each fitted with a Model
1215-VT(A) S-band Tuner, and a Model 1251-D Phase Demodulator. The rf source was a
Microdyne Model 7100-SS(A) Signal Generator. The source antenna utilized was a linear
calibrated horn and a 14 turn left-hand polarized S-band helix antenna.

The reference receiving antenna was a 15 dB linear horn mounted on a screwdriven track
which provided the means for phase calibrating the measuring system. (Note that at the
test frequency of 2232.5 MHz, a wave length is only 5.29-inches long.)
As shown in Figure 2, only the reference receiver was operated with the phase loop closed
by selecting the AFC/APC mode of operation for the second L.O. The video and AM
outputs of the slaved receiver were recorded on a two channel pen recorder running with a
paper speed of up to 100 mm/sec. Both receivers use the same first and second local
oscillators and were operated with a second IF bandwidth of 300 kHz, a video bandwidth
of 100 kHz, and an AGC time constant of 100 milliseconds. The phase noise floor of the
receiver system was measured to be less than 4 degrees peak-to-peak. No phase drift was
discernable over a 10 minute time interval.
Three measurements were made on each test specimen:
1.

The doppler shift occurring while the scanning antennas came up to speed.

2.

The residual amount of phase noise when the source antenna was aligned with the
tracking antenna’s boresight axis.

3.

The amount of phase noise induced as the source antenna was moved across the
tracking acquisition angle of the test specimen.

All final measurements were made during the week of 4 August 1986 on a pattern range
60 feet in length.
TEST RESULTS
1.

Of the three specimens tested, only the Symetrics antenna had any measurable phase
shift while accelerating from standstill to full speed. No doppler shift was detected,
the measured phase shift was 12 degrees. Unfortunately the tape records of this test
were too lengthy to include in this report; however, segments of each run are shown
in Figure 3A and 3B for the RADSCAN antenna and Symetrics antenna, respectively.
Left Hand Circular Polarization was used and a maximum error signal (AM) was set
for these test runs. It is worthy to note the absence of second harmonics in the
RADSCAN induced AM signal.

2.

Only the Symetrics antenna had any measurable phase noise on the boresight axis.
Figure 4 shows the waveform of the residual phase noise and AM which are
predominantly the second harmonic of the scan frequency. The residual phase noise
measured 27 degrees peak-to-peak for a LHCP source, and about 20 degrees peak-to-

peak for a vertically polarized linear source. The recordings of Figures 5A and 5B
show that the residual phase noise remains essentially constant as the reference
antenna is moved across the acquisition angle of the antenna. The fact that the
amplitude of the AM and associated phase noise did not increase linearly from
boresight may be attributed to the short antenna range employed. The residual phase
noise is attributed to the rotating nonsymmetrical rexolite dielectric lens of the
Symetrics scanner. The rexolite lens tapers in thickness from 2.8 inches to .68 inch
over the angle subtended by the reflector and surrounds the stationary crossed
dipoles. This taper delays the rf wavefront impinging on the dipoles thus squinting the
antenna beam approximately 1 degree. At the test frequency, the differential phase
shift across the lens is estimated to exceed 145 degrees peak. The high frequency
components in both the AM and video signal, shown in Figures 3 and 4, are probably
due to the epoxy used to bond the 1/2-inch thick rexolite slabs that form the blank
from which the lens was machined.
3.

The technique used to conduct the third test differed with each specimen. The
monopulse antenna was rotated ±10 degrees about its tracking axis, the Symetrics
antenna was fixed and the source antenna moved horizontally. The RADSCAN
antenna was also stationary as the source antenna wa s moved vertically
±10 degrees. In all cases, the reference antenna was stationary and linearly polarized.

It should be noted that, in each of the tests, a radial displacement between the specimen
and source antennas occurred. This displacement caused the rf phase to vary, resulting in
the ramp waveform of the DC component shown in Figures 5 and 6. Further, when the
differential phase shift between the reference and specimen antennas exceeded ±180
degrees, the video output of the slave receiver’s phase detector passed through a
singularity point. This 360 degree step not only serves to calibrate the recording, but also
serves to indicate a cycle of doppler frequency shift. For instance, if several cycles of a
saw-tooth type waveform were generated during the recording of test number 1 (Figure 3),
the number of 360 degree transitions counted would equal the magnitude of the doppler
frequency shift.
The test 3 recordings for the Symetrics antenna are shown in Figures 4A and 4B. Only the
central portion of the recording between the two maximum AM displacement points is
valid because the source antenna was oriented past the first tracking antenna null beyond
these points. As previously stated, the recordings indicate that the phase noise is relatively
constant with antenna displacement from boresight.
Figure 6A is the recording of the AM and phase noise versus boresight angle for the
RADSCAN antenna. No attempt was made to completely null out the AM error signal for
this test. A close examination of the original recording shows no phase noise at the scan

frequency or its harmonics. It was concluded that the noise recorded was the baseline
noise of the receiver (less than 4 degrees peak-to-peak).
The recording of Figure 6B is for the single-channel monopulse antenna and clearly shows
that there is little phase noise at boresight, but that phase noise, like the AM error signal,
increases with a boresight error. The two transitions at each end of this recording occur
when the first sidelobes are reached. The area in between is the tracking acquisition range
of the antenna. Note that the angle tracking loop servo attempts to null out the AM error
signal. But no matter how tight the loop, there always exists a slight amount of AM error,
and for this type feed, a slight amount of phase noise at the scan rate.
CONCLUSION
The test results clearly verify that, although perfectly adequate for telemetry tracking,
phase noise was experienced during recent reception of translated CPS signals via the
antennas fitted with Symetrics feeds. The data also show that, although all conical nutators
employ the same principle, they are implemented using different techniques. Clearly the
RADSCAN antenna outperforms the Symetric antenna in every parameter, primarily
because RADSCAN employs an open ended waveguide which has a uniform phase front
across its aperture. It can be concluded that the RADSCAN antenna produces no phase
noise even if a large tracking bias exists. If the single-channel monopulse antenna is used
for reception of translated CPS signals, it must be phased at 1574.4 MHz or the translated
S-band frequency, and all bias must be adjusted out of the tracking loop servos.
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