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A MESSAGE FROM THE
1983 TECHNICAL PROGRAM CHAIRMAN

FRAN L. LAPIERRE
Technical Program Chairman

Conference Theme: “Space Technology and Instrumentation Systems for the 80's”

The 1983 International Telemetering Conference amplifies the theme which began with
ITC/USA’80. This year’s theme and Technical Program emphasize both the space
technology thrust of the 1980’s and the impact technological advances have had on
Instrumentation Systems. The conference consists of a combination of technical papers,
panels, tutorials and exhibits.

These Proceedings contain theoretical and applied papers on analysis, design, and
applications of telemetry and instrumentation systems. The technical papers in this volume
cover a broad range of topics from deep space to under-sea systems. In response to
conference attendee requests, a number of special technical sessions were added to the
1983 Technical Program; i.e., “NAVSTAR Global Positioning System (GPS),”
“Oceanography,” “Frequency Management Panel,” “International Technology” and
“Industrial Applications.”

The success of the technical program was due to the hard work and enthusiasm of
many dedicated individuals. I would like to thank the session chairmen and authors for
maintaining a high level of excellence and professionalism in all the Technical Sessions. I
would also like to extend a special thanks to the Technical Program Committee: Lee Glass,
Vice Technical Program Chairman, and Jan Heitschmidt, Program Coordinator, whose
dedicated efforts provided invaluable assistance for editing the proceedings and
coordinating the technical program.



On behalf of the Technical Program Committee, we trust that these Proceedings will
provide a valuable technical reference. Thank you for attending and supporting
ITC/USA/’83. We are looking forward to seeing you at the 1984 ITC in Las Vegas.

Fran L. LaPierre, Technical Program Chairman ITC/USA/83



FOREWORD TO THE 1983 PROCEEDINGS

Bob Klessig
General Chairman ITCIUSAI’83

The International Foundation for Telemetering and the Instrument Society of America
are pleased to present this Nineteenth volume of the PROCEEDINGS of the International
Telemetry Conference, a compilation of the papers presented at the ITC/USA/83 in San
Diego, October 25, 26, 27 1983.

The conference theme, “Space Technology and Instrumentation Systems in the 80’s”
reflects the expanding interest in Space related applications and you will find a number of
papers dealing with this topic. Also, there are tutorial papers dealing with the fundamentals
of telemetry. We feel that these papers should be of considerable assistance to those who
have newly entered the field from other engineering disciplines.

We are honored to have two distinguished speakers: The speaker at the opening session
will be John O. Creighton (Commander USN) a NASA astronaut. Commander Creighton
has a distinguished background as a test pilot, and is eligible for assignment on future
Space Shuttle crews; the Conference Keynote Luncheon Speaker will be Mr. Jerry Reed.
Mr. Reed is Technical Director of the Joint Cruise Missile Project Office.

As General Chairman of ITC/USA/83, I express my gratitude to Mr. Fran LaPierre, the
ITC/USA/83 Technical Program Chairman, and to all of the session chairman and authors
whose work made this volume possible. I also wish to thank all of those on the working
committees whose dedicated efforts have made this conference possible. In addition, I
wish to express my appreciation to all of you who attended this conference, and to the
exhibitors who have so generously supported it.

1984 will be the year that we celebrate our 20th anniversary, and we intend to make it
the best conference ever held. ITC/USA/84 will be held at the Riviera Hotel in Las Vegas
Nevada.

Bob Klessig, General Chairman ITC/USA/83



OPENING SESSION SPEAKER

John O. Creighton
Commander, USN

In keeping with our industry’s continuing interest in aerospace technology and space
exploration, ITC/USA/83 is pleased to have NASA Astronaut John O. Creighton,
Commander USN, as our opening session speaker. Selected as an astronaut candidate by
NASA in January 1978, Commander Creighton completed his one-year training and
evaluation program in August 1979. This training together with his naval air experience
have qualified him to pilot the space shuttle on a future mission.

Commander Creighton is a 1966 graduate of the US Naval Academy where he received
a Bachelor of Science degree. He completed post graduate studies at George Washington
University receiving a Master of Science in Administration of Science and Technology in
1978.

After receiving his naval aviators wings in October 1967, Commander Creighton was
assigned to VF-154 aboard the USS Ranger (CVA-61) and completed two combat
deployments flying F-4J’s. In 1970 he was assigned to the US Navy Test Pilots School at
Patuxent River, MD. After completing this training he was assigned to the Service Test
Division, also at Patuxent River, where he served as the F-14 engine development officer.
In 1973, Commander Creighton commenced a four-year tour with VF-2 and became a
member of the first operational F-14 squadron with two successful deployments to the
Western Pacific aboard the USS Enterprise (CVN-65). He returned to the United States in
1977 and was assigned to the Naval Air Test Center’s Strike Directorate as operations
office and F-14 program manager.

During his naval career, Commander Creighton logged 3300 flying hours, made 500
carrier landings, and flew 175 combat missions. He has received 10 Air Medals, Navy
Commendation Medal, Armed Forces Expeditionary Medal, and the Vietnam Cross of
Gallantry.

John O. Creighton, Opening Session Speaker ITC/USA/83



KEYNOTE LUNCHEON SPEAKER

JERRY L. REED

ITC/USA/83 is pleased to present Mr. Jerry L. Reed as our guest speaker for the
Keynote Luncheon. Mr. Reed has had a distinguished career in the Department of the
Navy and currently the Technical Director for the Joint Cruise Missiles Program. Prior to
this assignment, Mr. Reed served as the Executive Director for Acquisition, HQ Chief of
Naval Materiel, and as the Technical Director, Navy Test and Evaluation, Naval Air
Systems Command.

Mr. Reed’s experience includes assignments as a project engineer, program manager,
and director of weapons systems, range instrumentation, and other high technology
programs. He has designed and developed aircraft armament, and has been involved in
survivability and countermeasures. In addition, he holds two patents for infrared
countermeasures and has authored 35 technical publications.

Mr. Reed has also served on House and Senate staffs involved in the studying of public
policy in Military Manpower. He authored the Beard Report which was used from 1977
through 1981 as the basis for recent changes in Congressional policy regarding military
manpower.

Receiving his B.S. in Aero Engineering in 1960 from Texas A&M University, he
continued his education with graduate studies at UCLA and Cal State (Bakersfield). He
has been a guest lecturer at various colleges and has served as a co-instructor at Whittier
College for Congressional Policy seminars.

Mr. Reed has received the Navy Superior Service Award (1983) from the Naval
Weapons Center, the LTE Thompson Award (Management), Selective Service Meritorious 



Service Award, American Society of Public Administration Management Innovator
Award, and the US Army R & D Achievement Award.

Jerry L. Reed, Keynote Luncheon Speaker ITC/USA/83
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BLUE RIBBON PANEL

NAVY IMPROVEMENT AND MODERNIZATION PROGRAM:
RANGE SYSTEMS FOR THE 80’S

The panel will discuss evolving trends in Navy Test and Evaluation (T&E) and
Improvement and Modernization (I&M) programs planned for Navy activities to keep
pace with, and accommodate these requirements. Following a general overview of the total
Navy program, a discussion of specific activity programs, including technical highlights of
a major I&M effort, will be presented by each panel member.

PANEL CHAIRMAN: Mr. Jack W. Eyer
Director, Resources Division
Assistant Commander for Test and Evaluation
Naval Air Systems Command
Washington, DC

General Navy Overview

PANEL MEMBER: W. L. Miller
Technical Director, Range Directorate
Pacific Missile Test Center
Point Mugu, California

PMTC I&M Overview, highlighting the Extended Area Test
System (EATS)

PANEL MEMBER: Mr. Richard V. Boyd
Head, Range Department and Assistant Technical Director for
Ranges
Naval Weapons Center
China Lake, California

NWC I&M Overview, highlighting the On Axis Data System



PANEL MEMBER: Mr. Paul Davis
Head, Technical Support Directorate
Naval Air Test Center
Patuxent River, Maryland

NATC I&M Overview, highlighting the Real Time Telemeter
Processing System

PANEL MEMBER: Mr. Sargis Kossayian
Head, Operations and Plant Engineering Department
Naval Air Propulsion Center
Trenton, New Jersey

NAPC I&M Overview, highlighting the Real Time Data
Acquisition System

PANEL MEMBER: Mr. Jack Greichen
Range Manager and AUTEC Program Manager
Atlantic Undersea Test and Evaluation Center
Naval Underwater Systems Center
Newport, Rhode Island

AUTEC I&M Overview, highlighting the Central Data
Processing System



PROTOTYPE PHASED ARRAY TELEMETRY TRACKING
ANTENNA

Peter S. Simon
Pacific Missile Test Center

Code 1171
Point Mugu, CA 93042

ABSTRACT

An 8-element prototype telemetry tracking array has been designed and constructed. The
design of the various system components will be reviewed, emphasizing those
requirements unique to telemetry.

INTRODUCTION

In the past, telemetry tracking at Pacific Missile Test Center (PACMISTESTCEN) has
been accomplished by large ground based dishes or small mechanically steered antennas
incorporated into airborne instrumentation packages. However, certain requirements, such
as simultaneous multiple target tracking and rapid beam slewing, call for the use of phased
arrays instead of traditional antenna types. There are currently several on going programs
at PACMISTESTCEN dealing with phased arrays. This paper will describe the design of
an 8-element prototype phased array constructed as part of an in-house program to test the
feasibility of using phased arrays for telemetry reception in the 2.2 to 2.3 GHz band.

SYSTEM OVERVIEW

As shown in Figure 1, the system is composed of the following sub-units: the element
array, low noise amplifiers, phase shifters, power combiners, digital interface board, and
the microcomputer. Each of these is discussed in detail below.

ELEMENT ARRAY

The element array (Figure 2) is a linear array of 8 circular microstrip radiators spaced
every 6.67 cm (1/2 wavelength at 2250 MHz.) It is constructed on 1/8" thick RT Duroid
5870 material, with 1 oz. copper cladding. The elements were designed using Carver’s
algorithm.(l) Each element has a radius of 23.95 mm and two orthogonal feeds (for
polarization diversity) at a radius of 8.38 mm. Note that the feeds are oriented at



45 degrees to the array axis. This is to ensure that mutual coupling effects are identical for
the two polarization diversity beams. The impedance bandwidth of the elements for a
3:1 VSWR is about 90 MHz. The elements have a half power beamwidth of about 130
degrees in the scan plane and 95 degrees in the orthogonal plane, with a gain of about 2 dB
with respect to isotropic linear polarization (this figure takes into account the polarization
mismatch due to the 45 degree orientation of the element feeds.) The two polarization
signal paths, denoted by channel A and channel B, are separately processed by redundant
hardware until they are finally combined in the diversity receiver.

AMPLIFIERS

The Low Noise Amplifiers (LNA’s) were purchased from a commercial vendor. They
measure 7.62 cm x 3.56 cm x 1.65 cm. Figure 3 shows the amplifiers mounted in the
phased array chassis. The amplifiers have a nominal gain of 24.5 dB and a maximum noise
figure across the band of 1.7 dB. The amplifiers are phase matched to within 5 degrees and
amplitude matched to within .5 dB of each other over the band. The power required for
each is 12 volts @ 60 mA.

PHASE SHIFTERS

The phase shifters were also purchased from a commercial source. They consist of three
hybrid couplers cascaded together. One of the couplers has the normal output arms
terminated with PIN diodes for the 180 degree bit. The other two are terminated by
varactors driven by the output of a D/A converter. The sum of these two provides the
remaining phase shift from 0 to 180 degrees in 1.4 degree increments. The phase shifters
accept 8-bit serial control words, and each phase shifter can be strobed to accept its new
input independently of the others. This may be important in reducing unwanted modulation
of the signal when moving the antenna beam by strobing the phase shifters sequentially
rather than simultaneously. The phase shifters exhibit amplitude variations of plus or minus
1.5 dB over all phase states and the frequency band. They show a rather nonlinear phase
shift versus control word characteristic, which has been compensated for in software via a
lookup table. The maximum phase error after lookup is 10 degrees.

POWER COMBINER

The power combiners were designed in a 3 layer stripline medium using offset, parallel-
coupled, hybrid couplers (Figure 4.) The required dimensions of the lines were determined
from the equations of Shelton.(2) The coupling values were chosen to achieve Chebyshev
amplitude weighting across the face of the array in order to reduce the sidelobe levels. The
differential phase delay through any path of the power combiner is less than 10 degrees
over the band.



DIGITAL INTERFACE BOARD

The digital interface board, shown in Figure 5, is designed to plug into the mother board of
an S-100 (IEEE-696) computer. The board performs three main functions. First, it clocks
out serial phase command data to the phase shifters. Second, it allows the computer to
strobe the new data into each phase shifter individually. Finally, it converts dual channel
receiver AGC signals from analog to digital form, allowing the computer to monitor signal
levels and close the control loop for automatic acquisition and tracking.

RECEIVER

The receiver used during testing of the prototype phased array is a laboratory model
capable of polarization diversity combining and adjustable AGC time constant. The AGC
voltages from both channels are available for inputs to the digital interface board of the
phased array.

MICROCOMPUTER

The microcomputer used to control the array is a generic S-100 (IEEE-696) Z-80 based
machine. The programming was done in a mixture of Pascal and assembly language. There
are three modes of operation of the array: Manual, Acquisition, and Track.

In Manual mode, the operator simply keys in the desired beam position and the computer
steers the array to that position. The computer then waits for further operator input.

During Acquisition mode, the beam is rapidly stepped through its steering limits in user-
definable steps. An AGC measurement is performed at each beam position and the
position of maximum signal is updated. After the final beam position has been sampled, a
check is made to see if the maximum signal level encountered during the sweep was above
a pre-defined threshold. If so, control passes to the Track algorithm, with the maximum
signal position passed along as the starting position. If the test failed, however, the
Acquisition procedure is repeated.

Once in Track mode, the software uses a simple dithering technique to stay locked on the
target. The beam is stepped to the left and right of its starting position, again in a user-
definable increment. If the signal level (as determined from the receiver AGC level) is
greater at either of these positions, it becomes the new starting position. The level is also
tested against the threshold value, returning control to Acquisition if no useful signal is
being received. Using a 6 MHz Z-80 microcomputer, a tracking slew rate of about 13
degrees per second can be achieved, when the dithering increment is set to 5 degrees. The 



slew rate increases as the dithering increment is increased, since there are fewer beam
positions between the scan limits.

During program execution, the status of the system is constantly displayed on the
operator’s console. The beam position is shown both numerically and graphically. Mode of
operation, current signal level, and all user definable parameters such as the dithering
increment are also displayed. The system constantly scans the keyboard for user input,
allowing mode or parameter changes at any time.

Future Work on the Array

The prototype is currently undergoing testing to determine feasibility for use in telemetry
tracking. There is a great deal of interest in determining the effect of using a phased array
on data quality for various modulation methods used under real-world conditions. Also, we
will attempt to find optimal values for the various tracking parameters and choose the best
of several competing tracking schemes.
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Figure 1.  Phased Array Block Diagram









PRELIMINARY TEST RESULTS OF THE
ELECTRONIC SWITCHING SPHERICAL ARRAY ANTENNA

Ken Kudrna
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ABSTRACT

An Electronic Switching Spherical Array (ESSA) Antenna has been developed for low
obiting spacecraft requiring medium gain (+13 dBic) transmit and receive relay capability
through the Tracking and Data Relay Satellite Systems (TDRSS). This 145 radiating
element antenna is steered with a microprocessor controller by selecting arrays of 12
elements at a time. Approximately 1800 beams can be selected for near hemispherical
coverage. The primary method for evaluating this antenna is a composite Radiation
Distribution Plot (RDP).

INTRODUCTION

The Electronic Switching Spherical Array (ESSA) is a general class of antenna having
medium gain throughout a large coverage region, typically B steradians. The ESSA
described herein is for the purpose of transmitting and receiving data on the Earth
Radiation Budget Satellite (ERBS) through the Tracking and Data Relay Satellite System
(TDRSS). Design, fabrication and qualification tests are funded by NASA/GSFC.

This ESSA was described in a paper given at the 1982 International Conference
(Reference 1). The following paragraphs provide updated photographs of the flight
hardware, describe test methods of the ESSA, and give some preliminary test results.

ESSA DESCRIPTION

Figure 1 is a photograph of the 30-inch diameter ESSA, which contains 145 disk radiating
elements. The heart of the ESSA is a Switching Power Divider (SPD) which selects 12
radiating elements at a time to form a beam in the desired direction. Figure 2 is a
photograph of the SPD with an RF cable for each radiating element. Figure 2 also shows
the structure to which the spherical array mounts and a wire basket to support the coaxial
cables. Not shown is the electronics which tells the SPD which 12 elements are to be



selected. The electronics consists of a microprocessor controller and a driver. The
controller calculates the relative position of the ERBS and the TDRS and determines the
desired look angle. The driver provides bias to pin diodes inside the SPD to select the
appropriate elements.

TEST RESULTS

The ESSA with its 145 radiating elements is capable of generating at least 1800 beams
over a hemisphere. One of the more interesting problems is evaluating the performance of
such an antenna. This was done by generating a composite Radiation Distribution Plot
(CRDP). A CRDP is a composite of the peak gain of all beams.

To accomplish this task, an antenna range computer and the ESSA microprocessor
controller are both used. The antenna range computer operates in a standard RDP mode.
This master computer sends pointing angles to the ESSA controller. The ESSA controller
instructs the ESSA to form a beam in the appropriate direction. The ESSA controller also
acknowledges that pointing information was received or the systems shuts down. The
resultant CRDP is a printout every degree in N and 2.

Figure 3 is a reproduction of a 30E by 57E section of this CRDP. It will be noted that the
gain in the region shown is relatively constant varying from 14.1 dBic to 11.3 dBic. This is
typical of the ESSA performance for 360E in azimuth and 82E in elevation at the first
turn-on prior to optimization.

Another parameter of the ESSA of interest is the relative phase from beam to beam. This is
measured in the same manner with a 30E by 57E section shown in Figure 4. The phase is
relatively constant varying less than 10E from point to point over the scan region.

Figure 5 is a photograph of the test Controller for the ESSA. The Controller has several
modes of operation. There is an AUTO mode which was described above for running
CRDPs. There is a mode where by a value of N and 2 is entered via the keyboard and the
Controller selects a group of 12 radiating elements which forms a beam nearest to this
value of N and 2. With a third mode, a single radiating element can be selected via the
keyboard. Another mode automatically steps through 20 standards beams. These standard
beams assure that every radiating element is used at least once for quick look testing. The
dome on the Controller contains an LED for every corresponding radiating element.
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A PHYSICALLY SMALL DUAL CIRCULAR
MICROSTRIP ANTENNA

James M. DeVries
Pacific Missile Test Center
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ABSTRACT

The microstrip antenna has recently gained popularity because it offers the advantage of
flush mounting, small size, and low cost when fabricated by etched circuit techniques. In
an effort to further reduce the aperture requirements, two circular microstrip antennas were
placed one on the other and fed independently. Utilization of the field null at the center of
the circular disk antenna allows independent excitation. In this configuration, two different
frequencies can be transmitted simultaneously while sharing the same physical aperture.
Polarization of the antennas is linear with well behaved radiation patterns exhibiting gains
of 6 dBi. Moderate power levels can be accommodated by selection of suitable substrates
and control of dielectric thickness.

As a result of the reduced size, the antenna can now be placed in areas otherwise thought
impractical. Placement in front of certain antennas or retrodirective reflectors has a very
minor effect on their performance.

INTRODUCTION

The placement of antennas on small aircraft target drones is usually a difficult problem due
to the limited space available for mounting. At lower microwave frequencies directional
antennas become excessively large and highly impractical. When more than one antenna is
required, the space for mounting becomes critical and isolation is a problem. Alternative
solutions are to make a broadband antenna covering the frequency range of interest or
provide independent antennas with a shared aperture.

The dual microstrip antenna solves the problem of providing moderate directivity for two
independent antennas sharing the same aperture. Two circular microstrip antennas fed
from the back and stacked one above the other provides a relatively small antenna area
with gains of 6 dBi. Due to the small size, this combination can now be placed in areas
otherwise thought unsuitable for larger antenna mounting.



ANTENNA DESIGN

The dual microstrip antenna was first referred to by Schaubert and Farrar (1) as the
piggyback antenna. It consisted of two trapezoidal microstrip patches stacked to share a
common aperture with two feed lines providing independent excitation. The circular
microstrip antenna can also be utilized as the radiating element and stacked in a similar
manner. This shape was chosen because it lends itself easily to placement in aerodynamic
shaped radomes. The circular disk element is also a good choice because there exists a
field null in the center of the disk such that grounding at the center does not upset the
characteristics of the antenna. For this design example, the frequencies of the two antennas
were selected to be 2.2 GHz and 8.0 GHz. The frequencies are far enough apart that the
disk size for the lower frequency antenna will be large enough to serve as the ground plane
for the higher frequency upper antenna. The larger disk is driven by an offset 50-ohm feed
in the usual manner, while the smaller disk feed extends through the field null of the larger
disk, grounding it at the center and using it as the ground plane for the smaller disk. The
presence of the upper element has essentially no effect on the electrical characteristics of
the lower element other than to lower its resonant frequency due to the dielectric covering.
An illustration of the antenna is shown in figure 1.

The diameter of the circular disk governs the resonant frequency of the microstrip antenna.
For the circular disk operating in the dominant TM11 mode, the radius is given (2) as a
function of frequency, dielectric constant and substrate thickness as:

where: a = antenna radius (cm)

fr = frequency (GHz)

h = substrate thickness (cm)

,r = dialectic constant of substrate

The driving point impedance of the antenna varies as a function of the radial distance from
the center of the disk. The impedance varies from zero at the center to approximately
400 ohms at the disk edge for a dielectric substrate thickness of 0.157 cm (.062 inch). The



impedance also decreases with decrease in dielectric substrate thickness. Matching to a
50-ohm connector can be accomplished by selecting the appropriate distance from the disk
center (3) and connecting the feed from the back side of the antenna.

To ensure the dielectric is not stressed to breakdown under peak pulses of up to 500 watts,
an analysis of the power handling capabilities was performed. The maximum field
developed between the circular disk and the ground plane is calculated as follows:

where: E = maximum voltage per unit thickness

Pp = peak power

Z0 = characteristic impedance

h = dielectric thickness

The driving point impedance is a maximum at the edge of the disk, and for the high-
frequency element is approximately 400 ohms. For the low-frequency element the
impedance is 500 ohms. The electric field can then be calculated given dielectric thickness
of 0.318 cm (0.125 inch) for the low-frequency element and 0.157 cm (0.062 inch) for the
high-frequency element as:

The dielectric strength for the type of substrate used, PTFE glass reinforced (RT/Duroid
5870), is 11.8 KV/mm. This dielectric strength is well in excess of the electric fields
developed and breakdown should not be a problem. The efficiency for the disk radiator is
better than 98 percent at this frequency and average power dissipation is not a problem
when the antenna is backed by an aluminum disk.

The antenna was etched from RT/Duroid 5870 type dielectric material and mounted in the
tip of an electrically transparent radome, as shown in figure 2. Return loss and isolation
measurements were performed to determine the performance of the device over the
bandwidth of interest. Figure 3 shows that the return loss of the low-frequency element is



greater than 10 dB over a 3.7 percent bandwidth with isolation greater than 40 dB. For the
high-frequency element, shown in figure 4, the bandwidth of return loss greater than
10 dB, is 5.7 percent with isolation greater than 18 dB. Antenna field patterns are shown in
figures 5 and 6 for the azimuth and elevation planes of the low-frequency antenna. The
upper element for high-frequency operation has no apparent effect on the radiation pattern
of the lower element. Field patterns are shown for the high-frequency antenna in figures 7
and 8. The field in the H-plane (elevation) is slightly distorted on the left side due to
radiation from the feed probe. A thinner dielectric would reduce the effect of radiation
from the feed probe. The advantage of combining the two circular apertures can be
realized in the mounting of the antenna. As shown in figure 2, the antenna can be mounted
at the apex of a small radome with the remainder of the radome used for other devices. To
demonstrate the principle, the antenna was mounted in the apex of the radome with a
6-inch Luneberg lens behind it. Figure 9 shows the reflectivity pattern of the reflector with
and without the antenna in place. The only effect of the antenna on the reflectivity pattern
of the Luneberg lens is a slight disturbance of less than 2 dB for the on-axis aspect.

CONCLUSIONS

The dual circular microstrip antenna has proved to be a very useful design when two
antennas at different frequencies are to be placed in a small space. The antennas provide
gains of 6 dBi and can radiate moderate levels of power. The low cost of fabrication
makes them an attractive alternative for use in expendable applications.
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FIGURE 1. DUAL CIRCULAR MICROSTRIP ANTENNA CROSS SECTION

FIGURE 2. DUAL CIRCULAR MICROSTRIP ANTENNA AND RADOME



FIGURE 3. RETURN LOSS AND ISOLATION LOW FREQUENCY ANTENNA

FIGURE 4. RETURN LOSS AND ISOLATION HIGH FREQUENCY ANTENNA



FIGURE 5. ANTENNA PATTERN LOW FREQUENCY AZIMUTH

FIGURE 6. ANTENNA PATTERN LOW FREQUENCY ELEVATION



FIGURE 7. ANTENNA PATTERN HIGH FREQUENCY AZIMUTH

FIGURE 8. ANTENNA PATTERN HIGH FREQUENCY ELEVATION



FIGURE 9. RADAR CROSS SECTION REFLECTOR



LOW COST, LIGHTWEIGHT, SINGLE AXIS TRACKING SYSTEM
FOR UNMANNED VEHICLE APPLICATION

Arthur Sullivan and William C. Turner
Electro Magnetic Processes, Inc.

9616 Owensmouth Avenue
Chatsworth, California 91311

ABSTRACT

Recent events in the Falkland Islands, and in Israel/Lebanon, have made the tactical use of
unmanned airborne vehicle systems a practical reality

The control of the unmanned vehicles requires a radio uplink, a downlink for vehicle
position determination, for telemetering monitored events and functions, and, in some
instances, transmission of television or other information. While for some situations the
ground antenna can be fixed, the majority of today’s applications require a steerable
antenna. This is dictated by the fact that a high gain (and therefore, narrow beam) antenna
is required for maximum range, and that for most scenarios, vehicle position must be
determined.

The increasing use of unmanned vehicles indicates the need for a low-cost tracking
antenna system. Use of the tracking antenna in transportable and/or mobile systems calls
for a lightweight system. A two-axis antenna, in addition to being heavy, is more than
twice the cost of a single-axis tracking antenna system. Slant range of the vehicle is
determined by the use of a ranging tone and ground range is determined by comparing
altitude data telemetered back from an on-board altimeter with slant range. Complete
positional data are obtained given the ground range and the bearing angle from the single-
axis tracking antenna. A microprocessor-based antenna control unit allows all systematic
errors of the antenna system to be calibrated out of the angle data. A binomially fed,
linearly polarized, folded pillbox horn antenna, having extremely low sidelobes, permits
wide angle acquisition, and high elevation angle tracking without introducing bearing angle
error. The use of graphite fiber materials for antenna and rotator construction provides
savings both in cost and weight. A newly developed lightweight and low-cost single-axis
tracking antenna that utilizes all these techniques is described in this paper.



INTRODUCTION

The increasing use of unmanned Remotely-Piloted Vehicles (RPV) in a tactical
environment has given emphasis to the need for a truly low-cost tracking antenna system.
Most scenarios require that the position of the airborne vehicle be known which, typically,
would indicate the tracking of the RPV with a two-axis antenna; knowing the RPV’s
range, together with the elevation and azimuth angle information provided by the tracking
antenna, permits location of the vehicle in space.

Since all applications do not require the precision that can be obtained using the two-axis
approach, and because two-axis antennas cost more than twice that of a single-axis
tracking antenna, EMP has developed an extremely low-cost single-axis tracking antenna
with a relatively narrow azimuth beamwidth and a very broad elevation beamwidth (See
Figure 1). The broad elevation beamwidth permits tracking to high elevation angles, while
the narrow azimuth beamwidth provides the required gain and acquisition angle.

Construction of the single-axis tracking antenna, both antenna and the azimuth-only
pedestal, is of molded carbon graphite composite materials; the only metal used is in the
obvious places such as bearings, motors, where high electrical conductivity is required,
etc. The result is an antenna/pedestal subsystem that weighs in at only 75 pounds - a highly
desirable property considering the number of transportable and mobile systems being used.

The antenna is controlled using EMP’s newly developed microprocessor-based ACU-6
“smart” antenna control unit. This unit, described in a companion paper, permits
calibration out of the angle data all systematic errors, and is available with a wide variety
of programmable functions. Interface with the “outside world” is by means 14-bit parallel,
RS-232C, or IEEE-488 busses.

ANTENNA

The antenna selected for this application is a folded “pillbox” consisting of a three probe
feed illuminating a section of a parabolic cylinder which feeds a folded horn flared at the
aperture to obtain the desired elevation coverage. Elevation 3-dB beamwidth of the L-band
antenna is 85 degrees, providing better coverage than is obtainable with the traditional
cosecant-squared (Csc2) antenna without the loss of gain that results from spoiling the
parabolic beam; sidelobes, at 25 dBp or better for the composite pattern (sum and
difference) are very much better than obtainable with a Csc2 antenna. Low sidelobes are
achieved by feeding the three probe feed in a 1-2-1 binomial distribution using all three
probes to generate the sum and the outer two to generate the difference outputs, resulting
in optimal illumination of the parabolic cylinder both for sum and for difference. This is
shown in the patterns of Figures 2 and 3.



Tracking is accomplished using the single-channel monopulse technique in which the
difference pattern is combined with the sum pattern alternately in phase and out of phase
by means of a “scan modulator.” Combining is done through a 12-dB directional coupler,
the output of which is an amplitude modulated signal. The amplitude-modulated signal is
compared with the reference signals, generated in the scan driver, in a phase-sensitive
demodulator; the magnitude of the detected output is representative of how far off
boresight the RPV is, and the phase of the output is representative of which direction off
boresight. This “error” signal is digitized, smoothed by the microprocessor, converted to
an analog voltage, and applied to the servo amplifier which drives the antenna toward the
null of the difference pattern. Vertical polarization has been selected for the tracking
antenna rather than circular polarization because only vertical results in a boresight plane,
i.e., the tracking null retains its azimuth position as a function of elevation angle; such is
not the case for circular polarization. Experimental data show that with circular
polarization, the tracking null “wanders” in azimuth as a function of the target’s elevation
angle thus introducing errors in the angle data.

COMMAND AND RANGING

When an L-band uplink is required, an integral diplexer permits transmitting of up to 100
Watts of power for commanding the RPV and for transmission of a ranging tone without
affecting any received data or the tracking function. Position of the RPV is determined by
comparing the slant range with its height as determined from the telemetered output of an
on-board altimeter. Ground range is found trigonometrically; this function is performed by
the ACU-6 antenna control unit using optional firmware. Vehicle position is given in polar
coordinate form (R, 2) where 2 is the azimuth (bearing) angle determined from the
tracking antenna.

Figure 4 is a system block diagram showing the diplexer and command transmitter as well
as the tracking and data portions of the system. System specifications are given in Table 1.

CONSTRUCTION

Both antenna and single-axis pedestal are, to the greatest extent possible, fabricated from
carbon graphite composite materials. The composites are extremely strong, stiff and light
in weight, and are considerably superior to metal. Compared with aluminum, for example,
the stiffness to density ratio and the strength to density ratio are 2:1 and 5:1, respectively.
This means that, for the same thickness material, the structure is almost three times as
strong and weighs approximately half as much as aluminum; damping properties are
improved approximately by a factor of two, resulting in better servo response.



CONCLUSIONS

A very low-cost and lightweight single-axis tracking antenna for use with RPV’s has been
described. The system is constructed primarily of graphite composite materials resulting in
high strength, low weight and low cost. A vertically polarized folded pillbox antenna
results in a wide elevation beamwidth permitting tracking to high elevation angles with
greater azimuth data accuracy than is possible with circular polarization. RPV position is
determinable by use of a ranging tone and an arithmetic processor. The lightweight unit is
ideal for transportable and mobile systems.

TABLE 1

SYSTEM SPECIFICATIONS

Parameter Value

Frequency Band 1435-1540 MHz*

Tracking Error 0.8 Deg. Peak to +65 Deg. Elevation Angle

Antenna Gain 15 dBi

Beamwidths (3 dB)

Azimuth
Elevation

(Nominal)

13 Degrees
85 Degrees (Tilted to +20 Degrees)

Polarization Vertical

Azimuth Velocity 20 deg/sec, Nominal

Azimuth Acceleration 40 deg/sec, Nominal

Acceleration Error Coefficient 9 sec-2

Azimuth Travel Continuous

Antenna/Pedestal Weight 75 Pounds (34 kg)

Antenna Control Weight 30 Pounds (13.6 kg)



Environment

Wind Operating
Wind, Stowed
Temperature
Humidity
EMI
Exposure
Shock
Vibration

50 MPH (80 km/h)
125 MPH (201 km/h)
-10 Deg. C to +55 Deg. C
96% (MIL-STD-810B, Method 507)
Requirements of MIL-STD-461, Notice 3
To MIL-E-16400
12G, Half Sine Wave, 11 mSec Duration
MIL-STD-810B, Method 514.1 Curve AW

*Command Uplink at Frequencies of 400-450 MHz or other bands also available.



FIGURE 1 - UNMANNED VEHICLE TRACKER SHOWING
P-BAND UPLINK



FIGURE 2 - SUM AND DIFFERENCE PATTERNS



FIGURE 3 - AZIMUTH COMPOSITE PATTERN



FIGURE 4 - DIPLEXER DIAGRAM



BIT SYNCHRONIZERS FOR PSK AND THEIR DIGITAL
IMPLEMENTATION

Jack K. Holmes
Holmes Associates, Inc.
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ABSTRACT

Bit synchronizers play an important role in phase-shift-keyed systems (as well as
noncoherent systems) with the trend towards all-digital versions. This paper discusses the
various types of bit synchronizers and the additional functions and subsystems that must be
used to make them efficient at low values of SNR and bit-transition density. It also
discusses the digitization of bit synchronizers, along with the performance measures
commonly used.

INTRODUCTION

All communication systems require the use of bit synchronizers to provide a clock for the
detected data. Perhaps, the most common high-quality bit synchronizer is the data-
transition tracking loop (DTTL) which is based on on the work of Lindsey, Tausworthe,
Hurd and Anderson [1,2]. Harmonic-generating devices such as filter and squarers,
followed by a phase-locked-loop (PLL) provide a simple bit synchronizer with relatively
good performance. The first section of the paper discusses numerous different bit
synchronization loops.

TYPES OF BIT SYNCHRONIZERS

First, we discuss the various types of bit synchronizers; they can be divided into two
classes. The first is a synchronizer which uses some type of nonlinearity (square law) and
filtering to generate a line spectrum at the data rate and is then followed by an ordinary
PLL or bandpass filter. In the second type, the bit-timing error is detected directly and that,
in turn, controls--through a loop filter--a closed-loop error control. The two types of bit
synchronizers are illustrated in Figure 1.



In Figure 2, a group of nonlinear clock-generating bit synchronizers are illustrated. We
consider as an input to the bit synchronizers a baseband data stream embedded in thermal
noise of the form

y(t) = P d(t) + n(t) (1)

where P is the signal power, d(t) is the baseband NRZ or Manchester data stream, and n(t)
is white Gaussian noise. In Figure 2(a), the filtered baseband signal plus noise is delayed
one-half of a bit time and multiplied by itself to generate a line spectral component at the
data rate that can be tracked by a PLL. Figure 2(b) shows another method of generating a
data-rate component. A lowpass filter (LPF) distorts y(t), which is differentiated (highpass
filter), then squared to produce pulses at the data rate that yields a spectral component at
that data rate. In Figure 2(c), the roles of the squarer and differentiator are interchanged. In
Figure 2(d), the delayed signal plus noise is multiplied by a differentiated version of the
signal plus noise to yield a clock component at the data rate which can be tracked by the
PLL located at the output. Finally, in Figure 5(e), an LPF distorts the signal plus noise and
is then nonlinearly modified by the square-law detector and followed by a PLL.

Holmes[5,6] has analyzed the synchronizer in Figure 2(e) and shown that it has relatively
poor performance with a one-pole RC LPF located before the squarer. The optimum
bandwidth of the one-pole filter was found to be about 3/16 of the data rate. Subsequently,
McCallister and Simon[7] showed that, with a one-pole predetection filter, the
synchronizer of Figure 5(a) was somewhat more efficient in data tracking. Later in the
year, however, McCallister [8] determined that, when the LPF preceding the squarer is a
matched filter, the filter-and-square synchronizer shown in Figure 2(e) is superior to the
cross-symbol synchronizer shown in Figure 2(a). He further showed that the performance
was about on a par with the DTTL that is commonly employed for high-qualtiy bit
synchronizers. It is to be noted that the filter-and-square synchronizer is quite simple and,
hence, is a desirable synchronizer.

Now let us consider some error-tracking bit synchronizers. First we consider the early/late
gate synchronizer illustrated in Figure 3. It operates by integrating over a bit time with two
integrators, as shown in Figure 3(b). The early gate has the end of the integration >T
seconds after the bit-transition point, whereas the late gate has the transition >T seconds
after the start of the late gate. When no data transition occurs, the average error signal is
zero; however, when a transition does occur within the early/late gate time period, the
average error signal is given by[1]



where , is the timing error between the received signal and the bit-synchronizer loop
estimate. Thus, the loop has an error signal which provides the feedback necessary to track
the received data stream.

Now consider a very popular type of bit synchronizer--one that has been implemented
often--the DTTL (or bit synchronizer), as shown in Figure 4 for NRZ symbols. For
Manchester symbols, the loop can be run at twice the rate of an NRZ bit synchronizer and
the clock can be divided down by two.

The DTTL utilizes two integrators--one integrates across a bit and one integrates across
the point where the loop estimates that a transition point occurs. A bit-transition detector
located in the inphase arm serves to cancel any nondata transitions so that noise will not be
entered into the loop-tracking function. Also, a plus/minus bit transition and a minus/plus
transition are taken account of by this detector, so that the error signal is invariant with a
plus/minus or a minus/plus transition. The error-control signal can be shown to be well
approximated by

(2)

where P is the baseband signal power, , is the timing error, and

The tracking performance of the DTTL can be minimized by reducing the integration time
across the bit-transition point to about 1/2, 1/4 or even 1/8 of a bit time. One trades
acquisition time by this reduction, but the timing-error variance is reduced by this design
approach. The value of 1/2 is a common compromise value between tracking and
acquisition.

ANCILLARY FUNCTIONS REQUIRED FOR EFFICIENT OPERATION

In this section, we discuss ancillary functions used on a bit synchronizer. In particular, we
discuss data-bit scramblers, baseline-offset correctors, automatic-gain controls (AGC’s),
ambiguity or false-lock detectors, and lock detectors.

First, we consider data-bit scramblers; these are used to randomize data entering the bit
synchronizer, as illustrated in Figure 5. A self-synchronizing scrambler and descrambler
are illustrated in Figure 6. The unscrambled data di enters the scrambler and, via the
feedback output ri. produces a scrambled output si. This scrambled signal is then



modulated, transmitted , received in the receiver, demodulated, detected, then
descrambled.

This self-synchronizing descrambler requires n bits to descramble correctly, where n is the
number of shift-register stages in the scrambler or descrambler. Consequently, the first n
bits are lost in each transmission. Furthermore, this scrambling function costs a penalty in
bit-error rate (BER) performance. A single detection error produces an error in every non-
zero tap coefficient ci i=1,2,...,n so that, if there are K nonzero taps, the bit-error rate is
multiplied up by (K+1).

Next consider baseline-offset correction; this refers to the removal of the DC offset present
in the baseline signal out of the carrier demodulator. Mathematically, we can describe the
received, demodulated signal by

(3)

where A is the signal baseband amplitude, di is the ith data-bit polarity, u(t) is an NRZ or
Manchester data symbol, n(t) is white Gaussian noise, and b is the demodulator-output
bias. Conceptually, for NRZ data, the baseline-offset-correction algorithm adds alternate
polarity pairs of bits for M pairs, then divides by 2ATM to obtain an estimate of b which
can be subtracted out to remove the bias. In the same manner, Manchester symbols can be
added by M bits and divided by ATM since a Manchester symbol will (ideally) have a
value of zero DC. This DC offset correction is not necessary for nonlinear (harmonic-
generating) synchronizers since it does not affect the PLL error signal.

Now consider the AGC system which functions to provide an approximately constant loop
bandwidth and set the loading to the quantizer on digital bit synchronizers. DTTL or ELBS
synchronizers often utilize a noncoherent AGC at the input operating on the signal plus
noise, whereas harmonic-generating synchronizers can use the CAD in the PLL following
the nonlinearity to control an AGC loop in a coherent manner. However, summing the
magnitude of the matched-filter outputs and comparing them to a threshold can produce
essentially coherent AGC.

Another important function is lock detection, which indicates to the rest of the system that
the bit synchronizer is--or is not--still in lock. In a DTTL bit synchronizer, the lock
detector for NRZ data is based on samples of the magnitude of an integration over the
present bit time, minus the integration over the last half of the previous bit, plus the first
half of the present bit. These differences are then summed for a fixed number of samples
and the sum is compared to a threshold. Clearly, when in synchronization, the sum is
positive and, when out of synchronization, is near zero. For Manchester symbols, the



magnitude of integration over the first half of a symbol has subtracted from it a one-half-bit
integration across the midpoint of the bit. Thus, again, when in synchronization, the sum of
these differences will be positive. Further, when out of synchronization, the sum of these
differences will be positive. Further, when out of synchronization, the differences will tend
to sum to zero.

For harmonic-generating bit synchronizers, the CAD output in the PLL following the
nonlinearity provides a coherent lock-detector output that needs only to be filtered and
compared to a threshold.

Now we consider an ambiguity detector for Manchester data. Since a Manchester symbol
has transitions at both the middle and end of a data bit, all bit synchronizers which track
Manchester data are susceptible to false lock. That is, either transition point can be locked
to by a bit synchronizer. In order to determine the correct position, it is necessary to count
transitions at what the loop thinks is the midbit and what it thinks is the end of bit. Since
midbit transitions occur 100% of the time (when no half-symbol errors are made) and
between-bit transitions typically occur about 50% of the time, counting the two transition
points for a fixed time allows for the determination as to which is the midbit point since it
will have the higher transition density.

DIGITIZATION OF BIT SYNCHRONIZERS

In order to digitize the signal, it must be filtered and gain controlled, then sampled and
analog-to-digital converted. Typical A/D converters used are 4- or 8-bit units, although the
actual number of bits needed depends upon the AGC characteristics, the amount of
degradation that can be tolerated, etc. The booklike report by D. Martin and D. Secor of
TRW discusses A/D converters in considerable detail[13]. Their report shows the optimum
loading factor, which is defined as

(4)

as a function of the number of bits used in the quantizer.

Besides quantizing the bit-sample amplitude, the bits must also be quantized in time. At
least eight samples per bit must be taken in order to keep the BER degradation down to
around 0.5 dB. Commonly, 16, 32 or even 64 samples per bit are used. In order to employ
the higher sample-rate-to-bit-rate ratio requires a wider predetection bandwidth. If we let
Rb be the data rate, BW the predetection LPF bandwidth, and M the number of samples
per bit, then

(5)



Hence, the larger number of samples requires a wider bandwidth in order to decrease the
degradation.

The data output can be hard quantized when coding is not used or, with coding, three bits
usually gives close to ideal performance with Viterbi decoders.

Figure 7 illustrates a typical DTTL digitally implemented bit synchronizer. The data bit
stream is filtered and AGC’d, then fed into the A/D converter where each sample is
quantized to eight bits. After correction by the baseline-correction circuit, the samples are
sent to the matched filter, then to the transition detector to yield either 1, 0, or -1 as its
output. In addition to the output from the transition detector, the phase-detector output
determines the timing-error estimate when multiplied by the transition detector output. This
error signal is then fed to the digital-loop filter which is typically second order, so it
provides a direct measure of the filter output plus a term proportional to the sum of all past
values. The loop-filter output controls the number-controlled oscillator (NCO) which
outputs an analog frequency proportional to the digital value of its input.

PERFORMANCE MEASURES IN BIT SYNCHRONIZERS

The two most important measures of performance in a bit synchronizer are the bit-error
rate (BER) and the bit-slip rate (BSR). The BER reflects degradations to ideal by the
carrier demodulator, filtering and, of course, the bit synchronizer (assuming no bit slip).
Factors which affect the BER degradation of the bit synchronization include the number of
bits used, the loop SNR and the amount of filtering done prior to the A/D quantizer.
Typical values of degradation can run from 0.5 to 1.5 dB.

The second parameter of prime importance in specifying a bit synchronizer is the BSR,
which is the number of bit slips per second. Typically, this number is less than 1x 10-10.
Holmes [5] recently developed an exact result for the BSR for bit synchronizers in which
the S-curve and the power spectral density are known. His results indicate that the BSR is
given by

where

F2 = linearized tracking variance

n(x) = N0 (x)/N0 (0) , relative noise spectral density



gn (x) = normalized S-curve

Hence, evaluating this result for different bit synchronizers allows one to compare BSR’s.
As the loop SNR is increased, BSR decreases in a faster-than-exponential manner.

CONCLUSIONS

In this paper, we have discussed the types of bit synchronizers that can be used, the
refinements needed to make them efficient at low values of SNR and transition density’
and the means to digitize them. Finally, we discussed two measures which are useful in
appraising their performance.
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Figure 1.  The Two Basic Types of Bit Synchronizers



Figure 2.  Some Nonlinear Clock-Generating Bit Synchronizers



Figure 3(a).  Early/Late Symbol Synchronization for NRZ Symbols with Square Law

Figure 3(b).  Data and Gating Waveforms in the Early/Late Gate Synchronizer



Figure 4.  A Digital Data-Transition Tracking Loop for NRZ Symbols

Figure 5.  PSK Transmitter and Receiver with Scrambling and Descrambling



Figure 6.  Scrambler and Descrambler

Figure 7.  Typical Digitally Implemented DTTL Bit Synchronizer Block Diagram



BIT SYNCHRONIZATION IN THE PRESENCE OF ASYMMETRIC
CHANNEL NOISE

Chit-Sang Tsang W. C. Lindsey
LinCom Corporation University of Southern California

1543 W. Olympic Blvd. Department of Electrical Engineering
Los Angeles, CA 90015 Los Angeles, CA 90089

ABSTRACT

Bit synchronization in the presence of asymmetric channel noise has not appeared in
the open literature. It is the purpose of this paper to study the performance of a popular
digital clock synchronizer, the Digital Data Transition Tracking Loop (DTTL), in the
presence of asymmetric noise. A comparison of the DTTL and Cross Spectrum
Synchronization Loop (CSSL) is also provided for special parameter values of greatest
interest. Numerical results are presented for design of bit synchronizer in this environment.

1.  INTRODUCTION

Complex channels may give rise to noise asymmetry, such as asymmetry in probability
density function [2], and asymmetry in noise power level. Examples of channels with noise
asymmetric in power level include channels with multipath effects, and the optical
channels. Channels which have multipath effects, e.g., sonar channels, will experience
asymmetric power level noise. If a pulse is transmitted through a multipath channel, the
strength of the interference due to the random diffractions of paths other than the direct
path will depend on the signal pulse strength. For the time when no pulse is transmitted,
this signal dependent interference does not exist.

A bit synchronizer is an essential component of a coherent digital receiver. Accurate
clock timing required for bit detection should be generated with good reliability and under
a large dynamic range of signal-to-noise ratios. The synchronizer chosen in this study is
the well known Digital Data Transition Tracking Loop (DTTL) [3-5]. Besides the digital
nature, the structure the the DTTL can be shown to be motivated by the Maximum A
Posteriori (MAP) criterion [6].

Although the performance of the DTTL under certain circumstances is known, its
behavior under asymmetric noise in the presence of data asymmetry and varying transition
density is still to be investigated. It is the purpose of this paper to study the tracking



performance (clock jitter and cycle slip rate) and the acquisition performance (frequency
acquisition time) for these cases. Performance comparison between DTTL and CSSL is
also presented.

2.  SIGNAL MODEL

The DTTL is perceived to operate in wideband channels, ie., zero intersymbol
interference. NRZ signaling format is used in this study. Data asymmetry is introduced as
part of the signal model. It arises from the signal generator in the transmitting end which is
caused by unequal rise and fall times of the logic gating circuits [7]. This “imperfect” data
transition timing is expected to increase the receiver clock jitter. The normalized data
asymmetry, 0, is defined to be

(1)

where ) is defined in Fig. 1, and p and q are the a priori probabilities of the data taking on
values 1 and -1 respectively. The transition density is defined as pt = 2pq for independent
data bits. The effect of the asymmetry noise, along with the data asymmetry and transition
density, will be of interest to bit synchronizer design.

3.  ASYMMETRIC POWER LEVEL NOISE

The asymmetric channel noise is modeled as a product of a cyclostationary process and
white Gaussian noise nw (t). The cyclostationary process is a function of the signal pulse
waveshape, which leads to yield a signal dependent noise. Let the noise nw (t) be zero
mean white Gaussian and has a two-sided power spectral density of 1 watt/Hz. Let N1 $ 0,
N2 $ 0 and define the quantities

(2)

The asymmetric noise for MRZ signaling format is defined as

(3)

where

(4)

(5)

and



(6)

The mean of nA (t) is zero since nw (t) is zero mean and fA (t) and nw (t) are assumed
statistically independent. The autocrrelation function of nA (t) is

(7)

The subscripts s and n in the expectation sign represent the average over signal and noise
respectively. Substituting (4) and (5) into (7) and simplifying, we obtain

(8)

The process nA (t), besides cyclostationary, is also wide-sense stationary in an interval [8].
This is clear since within iT # t # (i+1)T, nA (t) is simply a white Gaussian noise. From (8),
we see that the linear system theory applies to nA (t).

4.  THE DTTL MODEL

Consider the DTTL shown in Fig. 2. Its equivalent mathematical model, in terms of a
PLL, is given by Fig. 3. If the samplers in Fig. 2 are replaced by sample-and-hold circuits,
then the error signal ek will become a continuous staircase type waveform e(t). Its
statistical mean conditioned on the normalized timing error 8, is the phase detector
characteristic g(8), which is also commonly termed the loop S curve . Its power spectral
density conditioned on fixed 8 is denoted by S(T, 8) which is a function of radial
frequency T and timing error 8. Here ,(t) is the random epoch to be estimated. The
equivalent additive noise n8 (t) is assumed to have a zero mean and two-sided spectral
density S(T, 8). For tracking, in which the timing error 8 is small, linear analysis is usually
sufficient for performance measure. Therefore, the loop filter is assumed to be a constant
Kp, and T is the symbol period. For most practical interests, the symbol time-loop
bandwidth product is assumed to be much less than 1, i.e., WLT << 1. In the steady state
the bit synchronizer operates at 8 – 0, therefore S(T, 8) can be approximated by S(0,0).
Under these situations, the steady state probability density function is given by[6]

(9)



with K = KVKp and C is a normalization constant chosen such that the total probability that
8,[-1/2,1/2] is unity. For small *8*, we have

g (8)  – g (0) + g ' (0) 8 (10)

Define the nominal loop bandwidth WLO to be

(11)

where A is the signal amplitude of the PCM signals, and K2 is the gain in the lower arm of
the DTTL. Also define the signal-to-(thermal) noise ratio to be

Rs = A2 T/N0 (12)

where N0 is the one-sided thermal noise power spectral density.

5.  DTTL PHASE DETECTOR CHARACTERISTIC

The procedure in generating the phase detector characteristic g (8) for DTTL with data
asymmetry, transition density, and asymmetric noise can be generalized from the one in
[4]. Due to the complexity of the procedure g (8) is found by numerical method. Typical
results are provided in terms of the parameters of interest. The normalized S-curve is
defined as

(13)

where En,s[ ] represents expectation over the signal and noise.

6.  DTTL LOOP EQUIVALENT NOISE SPECTRUM S(T, 8)

The additive noise n8(t) in Fig. 2 is defined to be
(14)

n8 (t) has zero mean and spectral density S(T, 8),
(15)



(16)

where F.T. is the Fourier Transform operator, and < > is the time average operator. Since
n8 (t) is conditionally cyclostationary, i.e., its autocorrelation function R(t,J;8) is periodic
in t with period T, given fixed J and 8, we have

mT #  J  # (m+1)T,     m = 0, ±1,±2,...
where

R0 (m, 8)  =  En,s [ekek+m *8] - g2 (8) (17)

The additive noise n8(t) is independent for each t, and the data dk, is assumed to be
independent for different k. Since ek depends on bk, ck, and ck+1 which in the presence of
data asymmetry depends on dk-2, dk-1, dk, and dk+1. Similarly ek+m depends on dk+m-2, dk+m-1,
dk+m, and dk+m+1. In order that ek and ek+m are uncorrelated, it requires k+m-2 > k+1, or
m > 3. In this case R0 (m,8)=0. For *m* > 3. Then (15) becomes

(18)

It is assumed that the symbol time-loop bandwidth product is much less than 1, i.e., WLT
<< 1, practically it is sufficient to approximate S(T, 8) at zero frequency. Therefore,

(19)

A normalized noise spectrum can be defined as

(20)

where

                    (21)

The quantity Q(m,8) is to be evaluated numerically.



7.  DTTL CLOCK JITTER

During the operation of the bit synchronizer, *8* – 0, the probability that *8* < 1/2 is
close to unity. Under this condition, (9) is approximately Gaussian, and the clock jitter,
defined as the standard deviation of 8, is given by

(22)

where gn
'  (0) is the first derivative of gn (8) at 8 = 0.

8.  DTTL CYCLE SLIPPING RATE

The cycle slipping rate for DTTL in the presence of thermal and asymmetric noise can
be derived similarly as in [9]. Let

(23)

where WL = Kg'(0)/2 is the loop bandwidth of the DTTL. The normalized average slip rate
S&/WLO is given by

(24)

where ( = D/gn
'  (0).

9.  FREQUENCY ACQUISITION TIME FOR A SECOND ORDER LOOP

This section summarizes the expression for the frequency acquisiton time for a second
order PLL in the absence of noise. The derivation is generalized from [10] to incorporate
an odd function of phase detector characteristic.

The development assumes a second order PLL with an ideal integrating filter
F(s) = 1 + a/s. The input is assumed to have a frequency error )T. The linear closed loop
transfer function is given by

(25)



Then the frequency acquisition time Tf for a PLL having a phase detector characteristic
g(N) (g(N) is assumed to be an odd funution) is given by

(26)

For a designed circuit, . and Tn are fixed to be the design values .0 and Tn0. Realizing that
the period of g(8) of DTTL is 1, the effect of the data asymmetry and transition density on
Tf can be found relative to the designed values by

(27)

It can be shown that for the special case 0=0, (27) is reduced to

(28)

10.  THE CSSL MODEL

The CSSL [1,11] is modeled in Fig. 4. It is an analog, narrowband, and nondata-aided
synchronizer. For the purpose of performance comparison, numerical results of CSSL are
provided. The detail system analysis can be found in [1]. Self noise, which is significant in
narrowband and high signal-to-noise ratio, is also included in the results.

The prefilter H(s) is modeled as a low pass filter with 3 dB single-sided bandwidth
f0 Hz. The postfilter G(s) works as a zonal filter to pass the harmonic component to be
tracked by the phase-locked loop. It can be neglected in the analysis. The relative timing
error, normalized to a symbol period, is defined as

(29)

where Nn is the phase error of the nth harmonic sinusoid to be tracked by the PLL. The
clock jitter F     is defined as the standard deviation of 8n. For NRZ signaling format, the
first harmonic, n=1, is to be tracked, while for Manchesier format, n=2.



11.  DTTL AND CSSL PERFORMANCE

The performance of the DTTL for the NRZ format in the presence of asymmetric noise
is given. Of equal importance, numerical results for thermal noise are also provided. Other
DTTL performance can be found in [3,4].

The clock jitter as a function of data asymmetry (via )) is shown in Fig. 5. We see that
the data asymmetry degrades the performance as it effectively redues the signal-to-noise
ratio. Figs. 6 and 7 plot the clock jitter versus the signal-to-(thermal) noise ratio for
different values of a and l. The clock jitter in the presence of asymmetric noise is plotted in
Fig. 8 as a function of transition density (via p). The degradation due to decrease of
transition density is expected since the number of zero crossings (NRZ case) decreases.
However, in the high Rs region, the clock jitter is insensitive to this parameter.

Fig. 9 shows the effect of data asymmetry on cycle slip rate with thermal noise only.
Figs. 10 and 11 show the effect of asymmetric noise on cycle slip rate.

The relative frequency acquisition time Tf /Tf0 in the absence of noise for DTTL, NRZ
format is illustrated in Fig. 12. The time is relative to the case Tf0 when p = 0.5 and ) = 0.
For a fixed ), Tf increases as the transition density decreases. Since for the case of NRZ
format, the number of zero crossings decreases as transition density decreases, which in
turn will lengthen the frequency acquisition time. The data asymmetry causes an imperfect
timing of the data pulses, which in turn decreases the magnitude of the first harmonic and
gives rise of higher harmonics. The increase of frequency acquisition time in the presence
of data asymmetry is expected.

Figs. 13 and 14 are CSSL clock jitter performance in the presence of asymmetric noise.
They can be compared to Figs. 6 and 7. The window >0 for DTTL can be decreased and
optimized to yield better performance. The delay " is optimized for each signal format.

Finally, a comparison of the acquisition time in the absence of noise for DTTL and
CSSL is given. The Tf of DTTL can be found by substituting g(N) = sin(N) in Eq. (26).
The relative time is found to be

In other words, to within the approximations made the time required for DTTL to acquire
is only about 1/6 of that for CSSL when frequency detuning is present.
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Figure 1.  3-Bit Data Pattern Showing the Effects of Data Asymmetry.

Figure 2.  The Digital Data Transition Tracking Loop (DTTL).



Figure 3.  Equivalent Mathematical Model of DTTL in the Form of a PLL.

Figure 4.  Cross-Spectrum Symbol Synchronizer.

Figure 5.  Clock Jitter for DTTL NRZ Format with Data Asymmetry,
Thermal Noise Only.



Figure 6.  Clock Jitter for Various a, NRZ Format with Thermal
and Asymmetric Noise.

Figure 7.  Clock Jitter for Various l, NRZ Format with Thermal
and Asymmetric Noise.



Figure 8.  Clock Jitter for NRZ Format, Transition Density, Thermal
and Asymmetric Noise

Figure 9.  Normalized Slip Rate for DTTL with Data Asymmetry, NRZ
Format, Thermal Noise Only.



Figure 10.  Normalized Slip Rate for DTTL, NRZ Format with Thermal
and Asymmetric Noise.

Figure 11.  Normalized Slip Rate for Various a, NRZ Format with Thermal
and Asymmetric Noise.



Figure 12.  Relative Frequency Acquisition Time in the Absence of Noise
for DTTL, NRZ Format.

Figure 13.  Clock Jitter vs. Signal-to-Noise Ratio for CSSL with a as a Parameter.



Figure 14.  Clock jitter vs. Signal-to-Noise Ratio for CSSL with l as a Parameter



GALILEO PROBE RELAY RECEIVER:
ACQUISITION AND TRACKING

U. A. von der Embse
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ABSTRACT

The probe-to-orbiter data link for the Jovian mission uses a Manchester encoded BPSK
waveform which is demodulated by the Galileo probe relay receiver. Signal acquisition
and tracking consists of a sequential probability ratio signal search, frequency acquisition
with a least-squares estimator, wide-band phase lock acquisition, and a self-regulating
mode control. A discrete Fourier transform serves as the basic mechanism to generate the
algorithms that provide this orderly transition to phase tracking. Acquisition and tracking is
addressed in this paper with emphasis on key algorithms, rationale, and theorectical/
measured performance.

INTRODUCTION

An overview of the Galileo probe receiver was presented in Reference 1. Located in JPL’s
orbiter spacecraft, its mission is to acquire, track, and demodulate the signal received from
the probe descending into the Jovian atmosphere. In addition to demodulated link data, it
provides radio science and receiver status information. A key requirement is the ability to
acquire the signal and start valid data demodulation within 50 seconds after the probe
starts signal transmission.

Signal acquisition and tracking proceeds through SPRT (sequential probability ratio test)
signal detection, SPRT-to-FLL (frequency lock loop) handover, FLL and SLL (symbol
lock loop) frequency and time acquisition respectively, PLL (phase lock loop) phase
acquisition, and data demodulation after successful lock has been confirmed. This
procedure is outlined in the software operational sequence diagram in Figure 1 and the
representative timeline in Figure 2 obtained from breadboard test data. It’s worthwhile to
note the diagram in Figure 1 is a simplified overview of the mode control. A functional
block diagram of the receiver is given in Figure 3. This hybrid analog-digital configuration
implements the acquisition and tracking functions in the digital processor. SPRT search,
FLL loop, and the PLL loop are closed through: 1) the feedforward analog-to-digital (A/D)
interface, and 2) the feedback D/A interface via the numerically controlled oscillator
(NCO).



Architecture, concepts, and algorithm development primarily were driven by 1) system
requirements for reliable rapid acquisition, re-acquisition, and tracking under severe link
stresses (see Ref. 1) and low C/No link operation, 2) µP computation limitations, and 3)
design guidelines to use algorithms that are simple, robust, predictable, and low risk.

DIGITIZATION AND FILTERING

Architectural development started with the concept of driving the loops at the symbol rate,
or a subsymbol rate if necessary, with digital matched filters in order to minimize the
impact on µP loading and to maximize performance. The simplest matched filter offset
from DC is a complex DFT (discrete Fourier transform) formed by add-only algebraic
operations and located at the center frequency of the BPF (bandpass filter) spectrum after
it has been synchronously translated to baseband. An 8-point DFT was used as a
compromise between µP loading versus the losses due to SLL timing, BPF intersymbol
interference, and spectral foldover. Several useful computational and performance
properties resulted from this selection. This enabled the use of 4-point DFT’S over the
Manchester bits (half-symbols of the BPSK symbol) for the communication functions:
signal detection, loop discriminants, lock detectors, radio-science, receiver status, and
symbol detection. As illustrated in Figure 4, the 4-point DFT filter C2 is the tracking filter
over a Manchester bit and the two C2’s over the symbol are linearly combined to form the
8-point DFT tracking/detection filter C4, where C4 is DFT filter 4 of the 0,1,...,7 8-point
DFT’s spanning the BPF spectrum.

Digitization or A/D rate for complex sampling (inphase I and quadrature Q baseband
sampling) must be 8/T=2 KHz or a multiple thereof, to satisfy both DFT and Nyquist
criteria, where T is the R=1/2 coded BPSK symbol length equal to 1/T=256 Hz. With
matched detection filtering, the SLL timing interacts with the PLL to generate a phase shift
in C4. To compensate for this phase shift with add-only operations, the smallest time shift
increment allowed is T/16 corresponding to 90 degree phase shifts. So the SLL coupling
into the PLL increased the A/D rate to 16/T. However, it proved desirable to double this
rate to 32/T in order to provide suitable time granularity to form the detector and
discriminant algorithms without significant bias concerns.

Another fundamental choice was the implementation of the loop filters or integrators.
Realizing that software enables ideal filtering, the first order integration expressed in the
Laplace domain as A/s was implemented in the time domain by the recursive equation
X(K)=X(K-1)+A*T*Y(K) where X(K), X(K-1) are the outputs for symbols K, K-1
respectively, and Y(K) is the input for symbol K from the discriminant driving the loop.
Second order integration was implemented as a concatenation of this procedure. It should
be clear that this finite difference integration technique was the loop filter model and the 



Laplace transform continuous loop equations were used to predict the performance of this
model to within measurement accuracy.

To correlate this approach with the z-transform digital PLL practice surveyed in Ref. 2,
two fundamental factors to be considered are: 1) both approaches attempt to emulate
analog PLL behavior as closely as possible, and 2) the z-transform does not provide a
valid model of the receiver integrate-and-dump matched filter driven loops.

FREQUENCY ACQUISITION

SPRT signal detection was the preferred choice from among the various techniques
examined, to provide rapid, reliable, and robust acquisition with acceptable
implementation cost for the stressed link in a low C/No environment. Two classes of
detection techniques are sequential and broadband. With broadband, the entire spectrum is
simultaneously searched. These could be formulated from the use of wideband/narrowband
detection filter arrays, and wideband/narrowband frequency discriminants such as linear or
bang-bang (Hilbert transform). Compared to sequential, these tend to be faster, more
costly to implement, and are considerably less robust. With sequential, the spectrum is
swept with one or more detection filters with the detection filters either separate or part of
an FLL. Generally, the SPRT proved to be faster and more reliable than FLL sweep
techniques.

SPRT matched filter (matched to Manchester bit) detection with 4-point DFT’S was
considered desirable to minimize the sensivity of the SPRT test to the bias errors
introduced by noise estimate uncertainties, filter gain variation with frequency, and the
C/No time profile. Misalignment penality incurred with matched filtering was mitigated by
dithering. Another performance cost with the 4-point DFT was the need to improve the
SPRT frequency and time accuracy for handover to the FLL and SLL. Two approaches to
provide this SPRT handover are: 1) wideband FLL and SLL discriminants, and 2) accuracy
improvement by a signal search over the reduced SPRT time and frequency uncertainty
band. The second approach was implemented with the representative performance in
Figure 2, using 4-point DFT’s to cover the ambiguity region.

FLL and SLL parameters in Figure 5 give the bandwidth (BL) decay law used to transition
from loop startup at SPRT handover to steady-state operation. In addition, it proved
desirable to initially overdamp the FLL. Within the theorectical guidelines established to
ensure loop stability, the selected decay laws were empherically formulated and validated
by simulation.

Careful selection of the frequency discriminants and application of the least squares
estimation algorithm proved beneficial to frequency acquisition. With Manchester coding,



ambiguity resolution (AR) must be accomphished as soon as possible to resolve whether
the SLL has locked onto the symbol or the Manchester bit transitions, which it will do very
quickly. From loop startup to AR, frequency is estimated with a DFT spectral discriminant
derived from the Cl, C2, C3 DFT’s. After AR the discriminate is switched to the IQ or
quadrature discriminant proportional to Im(C2(l)*C&2&(2)) where C&2& is the complex
conjugate of C2.The IQ forms the phase derivative over two contiguous Manchester bits.
Both give the same frequency jitter when they cover the same length and there are no
modulation errors for the IQ; however, the IQ is simpler to implement in software. The
DFT formulation was developed as a supplement to the IQ to provide a discriminant which
is less sensitive to timing offsets and, therefore, more appropriate for initial loop
acquisition prior to AR.

After AR, the goal of the FLL is to reduce the errors in the frequency f and frequency rate
df/dt for successful PLL startup. Approaches to PLL transitioning can be catorized into
overlapping FLL and PLL versus separated FLL and PLL. With the FLL continuing to
operate while the PLL is turned on, the µP must accomodate the loading of both the FLL
and PLL. On the other hand, it was demonstrated that this could appreciably shorten the
acquisition time for PLL lockup. With the second approach which was implemented,
considerable care must be exercised to: 1) control the errors in f and df/dt, and 2) enable
the PLL to capture these errors.

Two basic choices to provide small f and df/dt errors are: 1) continue to lower the FLL BL
so that the loop will be able to track out the f and df/dt, and 2) keep the same FLL BL and
use an external estimator of f and df/dt. The second concept proved to be significantly
faster. Of the various alternatives examined, the least squares estimator (LSE) provided
superior performance. A straight line fit to the NCO input data is calculated by the LSE
over 20 seconds of data. LSE outputs are best estimates of f and df/dt for handover to the
PLL as the known set of initial conditions on f and df/dt. To a first order, the LSE
estimates are independent of the FLL bandwidth and jitter. This allows the bandwidth to
be reasonable so the FLL can track out df/dt link disturbances.

PHASE ACQUISITION

The LSE integration time becomes excessive to reduce the residual 3-sigma errors in f and
df/dt to the point where the PLL can acquire without danger of becoming trapped in a
cycle slip mode. As a result, the PLL can cycle slip at FLL handover. To safely recover
from this cycle slip, two basic approaches are to: 1) supplement the phase discriminant
with a frequency sensitive discriminant, and 2) design the phase discriminant to function as
a frequency discriminant when the PLL is cycle slipping. The second choice was pursued
largely on the basis of its proven usefullness for analog PLL’s. It was implemented by
optimizing the loop parameter state (G,A,B) separately for the cycle slip and the phase



lock modes, and then providing a continuous transition under the control of the PLL lock
detector statistic PSI.

PSI is proportional to (I*I-Q*Q) where I, Q are the inphase, quadrature components of C4,
and is scaled by the square of the average magnitude of C2. Although not a complete state
controller statistic, PSI was adequate for this application. Simulation tests established the
desirability of a continuous transition and the final control law separately controls the
individual G, A, B transitioning by a quadratic function of PSI such that PSI=0, 1
respectively give the end-point cycle slip, phase lock parameter values. In the cycle slip
mode the PLL BL was opened to 39 Hz. However, the equivalent FLL BL is only about
0.2 Hz due to the large gain reduction of the PLL frequency discriminant. Phase lock
occurs when PSI exceeds 0.5 and the other lock detectors confirm lock, whereupon the
PSI control is turned off and the BL continues to decay at a fixed rate to its final value
BL=8 Hz.

BL and damping factors were selected with the goal to maximize the average time between
cycle slips, TCS, equivalent to minimizing the cycle slip rate RCS=1/TCS. With BL and
ZETA1 as free parameters, a representative example of this minimization procedure is
shown in Figure 6 for probe spin and wind gust link disturbances. Damping factors
ZETA1, ZETA2 refer to the real, complex poles respectively, and FDDOT=d(df/dt)/dt.
Optimized value for ZETA1 was around 1.5 throughout the BL range. RCS was calculated
using the model RCS=2*BL*PCS. Probability of cycle slip per trial, PCS, is the
probability of a normally distributed random phase jitter from exceeding an absolute
threshold THRES, where the jitter has the 1-sigma PLL jitter and the mean PLL static
offset. Simulation data confirmed by breadboard tests indicate that THRES is in the range
49-50 degrees. Compared to the 42-43 degrees derived from the data reported in Ref. 1 for
a second-order squaring loop, this shows 1.3 dB improvement. The net result of this
optimization over the C/No profile resulted in the piecewise linear BL law in Figure 5.

Phase discriminant selection received considerable attention since it drives the PLL jitter
and cycle slip performance. Discriminant candidates examined at length included
arctangent, angle doubling, linearization, and poor-phase-estimate gating. All factors
considered, the discriminant (sign I)*Q proved at least as good as the other candidates, is
simple to calculate, and was implemented with normalization by the averaged magnitude
of C2. Behavior under noise is shown in Figure 7.

PLL 1-sigma jitter PHI is given by the equation 1/PHI=(1-2*BER)*SQRT(C/No*BL)
where BER is the bit error rate of C4, and BL is dependent on the discriminant scaling,
modulation wipeoff error rate BER, and the loop feedback delay due to the matched filter
C4 and the computational delay of the µP. This model is in close agreement with 



simulation and breadboard test data. Results are shown in Figure 8 for 8 and 12 Hz BL
values.

PLL 1-sigma jitter cannot be measured with any reasonable computational technique. A
two step indirect technique is appropriate. First, the C/No is derived from measurements of
signal amplitude and noise. Signal amplitude is an average of the C4 magnitude, and noise
is an average of the sum of the magnitudes of C1 and C3. In the second step, the 1-sigma
jitter is derived from the C/No and measurements of the rms (root-mean-square) and mean
values of the phase discriminant. An interesting alternative considered for step two, is to
derive the 1-sigma jitter from the C/No and measurements of the 1-sigma frequency jitter
into the NCO.
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ABSTRACT

The need for margin analysis in high density digital data storage systems is established. A
review of margin analysis techniques is presented. This review includes a discussion of
time interval analysis and a series of instruments which have evolved as a means of
performing this analysis. Emphasis is given to a high resolution (1 nanosecond) statistically
oriented embodiment of such an instrument.

INTRODUCTION

As recording densities of digital data storage systems have increased, so has the need for
margin analysis. The bit error rate of such systems continues to be an important figure of
merit but conveys no insight as to system margin.

Margin is that quality which allows the repetitive manufacture of a given product design
and insures the reliable long life operation of any given system. A casual review of the
literature reveals an ongoing affirmation of the need for margin analysis (1), (3), (4), (5).

Errors are caused by a variety of system imperfections, several of which are listed in
Table 1. While each of these causes may be dealt with separately, it is desireable to view
their cumulative effect upon margin.

Table 1 Causes of Error

1. Media Imperfections
2. Intersymbol Interference (Peak Shift)
3. Interchannel Crosstalk (Track to Track)
4. Drive Speed Variations (Jitter)
5. System Noise



MARGIN ANALYSIS TECHNIQUES

The traditional means of assessing system performance such as signal to noise, flutter and
eye pattern measurements (1), (2), (4), have given way to the techniques of window sliding
(3), (5) and transition distribution analysis (1), (2), (4), (5).

Figure 1 illustrates an eye pattern from a high density tape system. This technique does
reveal the cumulative effect of all error causes and is simple, however it is subjective and
rather inaccurate. (See illustrations at end of text.)

Window sliding is described in detail by Mackintosh in references (4) and (5). This
technique has gained wide acceptance in the disk drive industry and may be used to
generate the type of distribution data discussed later in this paper. While window sliding
may even be built into the system under test, it has the disadvantage of failing to test the
system decoder or data separator in its intended mode of operation.

Transition distribution analysis has been discussed as early as 1976 by Lerma (1) who was
responsible for its introduction as a means of margin analysis in the manufacture of high
density spaceborne recorders at Odetics Inc. The technique gained acceptance not only
within the engineering community at Odetics, but was soon included as a partial basis of
acceptance testing on several aerospace recorder programs. The technique is advocated by
others in the industry (3), (5) and has evolved to the sophisticated instrument which is the
subject of this paper.

Figure 2 is a sample histogram obtained from an early adaption of an Odetics Transistion
Density Analyzer.

This histogram reveals the variance from ideal of a delay modulated random data pattern
recorded at about 15,000 bits per inch on magnetic tape. In the absence of any interference
the histogram would consist of three narrow peaks. The peaks would occur at intervals of
1, 1.5, and 2 times the width of one bit.

A typical data decoder can tolerate shifts from the ideal transition location of ± 25% of a
bit. Thus the point midway between peaks should be devoid of any transitions. The TDA
histogram allows for rapid evaluation of the margin associated with this requirement.

TIME INTERVAL ANALYSIS

The fundamental concept of time interval analysis is to measure the time between two
successive transitions in a data stream over a period of many transitions, store the
individual results, and display the cumulative results at the end of the measurement period.



For a perfect square wave, the resultant display would be one vertical line, the height of
which would equal the total number of transitions counted. The horizontal location would
correspond to the time of one half the square wave period.

In the presence of noise the square wave transitions will occur earlier and later than the
nominal half period. The ability to detect these variant transitions is determined by the
resolution of the interval analysis technique.

Although square wave transitions all occur at the same nominal interval length, typical data
formats used in magnetic recording include several expected transition intervals. Thus
provisions must be made for the storage of many individual sets or bins of analysis results.

Finally, for an analysis to be statistically accurate, a large number of intervals must be
measured. This requires that each individual bin be capable of storing a large number.

These basic requirements dictate the equivalent of a large number of “very narrow, but tall,
storage bins.” Each measured interval is classified in terms of length and added to the
contents of the bin representing that length.

Such bins may be constructed using semiconducter random access memories. Available
RAMs suit the requirements of “a large number of tall bins.’ To make the bins “narrow”
requires a high frequency timer capable of resolving interval variations to the desired
accuracy.

With time interval data stored in such a memory a microprocessor may be used to “paint”
the measurement results on a display in a variety of useful formats.

Figure 3 is a simplified block diagram of a time interval analyzer which provides the
features just discussed.

EXAMPLES

The following figures illustrate several different display formats available on the TIA 150
analyzer manufactured by Kode Inc. In each case the results of a system with little or no
margin are contrasted with a different system which is operating with margin.

The figures on the left are from a 5 MBPS floppy disk drive which was improperly
adjusted and was exhibiting a high error rate.



The contrasting figures derive from a 10 MBPS rigid disk operating within specification.
Both drives were recording a random data pattern using MFM (delay modulation)
encoding.

in Figure 4A the TIA is operating with a 2 nanosecond time base. Thus each bin is 2 nsec
in width and the 5 MBPS data is resolved to 100 bins per bit, or 1%. The solid, left hand,
cursor (vertical line) in Figure 4A is at 200 nsec while the broken, right hand cursor is at
400 nsec. The short and long transitions should be centered about these two points
respectively, but as seen, bit shift has occurred depriving the drive of adequate margin.
The numerical readout at the bottom of the display indicates the total number of transition
intervals displayed between the two cursors. In this case nearly the entire sample of 10,000
is included.

Figure 4B, taken with 1 nanosecond resolution reveals a healthier system as evidenced by
the relatively narrow peaks of the three data intervals. The cursors may be positioned to
aid in the quantitative assessment of the analysis. In this figure the numerical display at the
bottom is indicating the mean value of the transitions within the cursors. For the data rate
of just over 10 MBPS, 191 nsec is centered properly and is one indication of proper
margin.

Figure 5 is a sample of a segment display. In this mode the solid white bar seen at the
bottom is adjusted to represent the “window” or segment of bins over which the decoding
circuits will operate properly. Typically, this window is one-half bit in length. The display
is an overlay of the transition distributions at each of the intervals. This mode simplifies
the assessment of margin and is helpful in dealing with formats having a larger number of
transition intervals.

The figure on the left shows the transitions occupy the entire window, hence no margin,
while the 10 MBPS data is much better.

Figure 6 illustrates a second type of segment display, where in essence, the display of
Figure 5 has been folded about the center of the window. In other words, it is a plot of all
transition interval variances, both plus and minus versus the magnitude of the variance.
The resultant curve is quite useful in understanding system performance. A thorough
discussion of this curve and its value is provided by Katz and Campbell (3).

Pattern sensitivities show up as a flattening of the top of the curve while signal to noise
effects the slope of the steep portion of the curve. The intrinsic error rate of the system is
revealed by this curve at the point of intersection with the window boundry. Although an
accurate reading of intrinsic error rate is not possible from the display, the data contained
in the analyzer memory could be curve fit by an external computer.



As in the previous examples, the 5 MBPS data is without adequate margin while the
10 MBPS data is good.

ANALYSIS INSTRUMENTS

Time interval analysis has been a useful tool in the development of spaceborne tape
recorders at Odetics Inc., for nearly the last decade. While Odetics included the analysis
capability in their special test equipment, an affiliate, Kode Inc., has developed two
instruments which are commercially available.

The TIA 100, shown in Figure 7, offers resolution to 10 nanoseconds and serves the
analysis needs up to 5 MBPS depending upon resolution requirements.

The high resolution TIA 150 is shown in Figure 8. This instrument was used as the source
of analysis examples presented earlier. The principal features of the TIA 150 are listed in
Table 2.

Table II
PRINCIPLE FEATURES OF TIA 150

*Resolution to 1 Nanosecond
*CRT Display of Results
*Variety of Triggering Modes
*Variety of Statistical Display Modes
*Variety of Statistical Readout Modes
*Menu Driven Keyboard Instrument Setup
*Printer and Plotter Interfaces
*IEEE 488 Interface
*200 or 1000 Bin Display
*1000 Bin Memory

CONCLUSIONS

Margin analysis, although always useful, has either been difficult to perform or subjective
in its implementation. A family of test instruments which overcome these problems is now
available to assist the engineer.



REFERENCES

1. Lerma, J.P. and Lindquist, C.A, “A SAMPLING WINDOW TEST METHOD FOR
EVALUATION OF PHASE ENCODED RECORDER SYSTEMS,” Proceedings of
1976 International Telemetry Conference, Los Angeles, Ca , pp 541-547, 1976.

2. Petit, R.D. “A TRANSITION DENSITY ANALYZER,” Kode Inc., 2752 Walnut
Avenue, Tustin, CA, 92680. Telephone: (714)730-6901.

3. Katz, E.R and Campbell, T.G., “EFFECT OF BITSHIFT DISTRIBUTION ON
ERROR RATE IN MAGNETIC RECORDING,” IEEE Transactions on Magnetics,
Vol. Mag-15, No. 3, pp 1050-1953, May 1979.

4. Mackintosh, N.D., “A MARGIN ANALYSER FOR DISK AND TAPE DRIVES,”
IEEE Transactions on Magnetics, Vol. Mag-17, No. 6, pp 3349-3351, Nov. 1981

5. Mackintosh, N.D, “EVALUATION OF DISK DRIVES BY MARGIN ANALYSIS,”
Century Data Systems, P.O. Box 3056, Anaheim, Ca., 92803. 
Telephone: (714)999-2552

Figure 1. Eye Pattern



Figure 2. TDA Histogram



Figure 4. Linear Display

Figure 5. Segment Display

Figure 6. Probability Density Display



Figure 7. TIA 100

Figure 8. TIA 150



DIGITAL HILBERT TRANSFORMER FOR SINGLE-SIDEBAND
GENERATION

Sergei Udalov
Axiomatix

9841 Airport Blvd., Suite 912
Los Angeles, California 90045

ABSTRACT

This paper describes a digital real-time implementation of a Hilbert transformer for the
generation of single-sideband signals (SSB’s). Design criteria for the transformer are
presented and the experimental results are discussed for a typical voice-band channel
having a nominal bandwidth of 300 to 3500 Hz. Techniques for generating two
independent sidebands (ISB’s) on a single carrier are also described.

INTRODUCTION

The conventional method for generating a single-sideband signal (SSB) requires a
balanced modulator, followed by a highly selective bandpass filter which picks out either
the upper or lower sideband of the modulator output.

The requirement of highly selective bandpass filters for the generation of SSB signals can
be alleviated by a technique known as the “phasing method” of SSB generation and
reception[1,2].

Figure 1 shows the generic block diagram of the phasing method, also known as the
Hartley modulator[3]. As shown, the baseband signal A(t) is split into two paths. One path
takes this signal to balanced modulator #2 and the second path takes it to a wideband 90E
phase-shift network. The output Bp90E of the network is applied to balanced modulator
#1. The carrier reference signal is also applied to a network which provides the 0E (Ic) and
90E (Qc) components of the carrier signal. These components are also applied to balanced
modulators #2 and #1, respectively. Phasing of the sideband vectors of the modulator
output signals is such that, when their outputs are summed, only the upper or lower
sidebands result.



MODULATOR CIRCUIT TOLERANCE REQUIREMENTS

Generation of a “pure” sideband is subject to modulator circuit tolerances. Specifically, the
critical parameters that determine suppression of the undesired sideband include: (1)
amplitude mismatch, (2) phase mismatch between phase-shifted and unshifted baseband
channels and, (3) phase tolerance on the quadrature of the Ic and Qc components.

If one considers the effect of each of these tolerances on the suppression of the opposite
(i.e., undesired) sideband separately, the suppression (in decibels) can then be expressed
quantitatively, as follows[1,2]:

(1a)

(1b)

(1c)

The impact of (1a) - (1c) on the circuit tolerances of a Hartley modulator becomes evident
when one considers that, in order to obtain 60 dB of opposite sideband suppression, both
phase quadratures (carrier and sideband) must be maintained within 0.12E and the
baseband amplitude unbalance must be less than 0.2%. Corresponding tolerances for
50 dB suppression are 0.35E and 0.6E, respectively.

DIGITAL HILBERT TRANSFORMER AS A WIDEBAND 90EE PHASE SHIFTER

The digital Hilbert transforfner[4] provides an answer to the requirement for the wideband
90E phase-shift network used in one of the baseband channels of a Hartley modulator.

Figure 2 indicates how the Hilbert transformer implementation of a wideband 90E phase
shifter determines the suppression of the undesired sideband. This figure illustrates that,
when a Hilbert transformer is used for a wideband 90E phase-shift network, amplitude –
rather than phase ripple in the transfer characteristics of the phase-shifter channel – plays
the dominant role. Specifically, as depicted in Figure 2 between arbitrary selected lower
and upper frequency cutoffs determined by fL and fU, respectively, the amplitude mismatch
is limited to *. The latter, in turn, determines the degree of undesired sideband
suppression.

Thus, the trade-offs pertaining to the design of a Hilbert transformer can be summarized as
follows: (1) determine the architecture of a digital SSB modulator versus performance and, 



* For n = odd.

(2) identify the critical components of the modulator and their impact on the modulator’s
performance.

DIGITAL HILBERT TRANSFORMER IMPLEMENTATION

The Hilbert transformer implementation herein described is that of a finite-impulse-
response (FIR) digital filter. Filtering by means of a FIR digital filter implies a realization
of the convolution sum

where {x(n)} is the filter input sequence, {y(n)} is the output and the h(k) are the values of
the impulse response computed by the Remez approximation algorithm[5]. The direct
implementation of (4) leads to the diagram of Figure 3, where operators z-1 represent unit
delays. Note that alternate values of h(k) are equal to zero, thus significantly reducing the
number of multiplications.

It is evident that this implementation requires a maximum of (N+1)/4 multiplications. For
example, a filter of length N= 127 would require 32 multiplications to be performed in a
time interval of T= 10-5 s, or 10 µs if fc= 10 kHz. This means that, even if all other
operations are neglected, only about 300 ns are available for each multiplication.
Specifically,*

Number of delays = filter length = N
Number of multiplications = (N+1)/4

Number of additions = (N+1)/2

Application of the principles outlined above can be applied to provide a design example
for a Hilbert transformer covering a typical range of audio baseband frequencies, i.e.,

Lower band edge--fL = 350 Hz (0.04375)
Upper band edge--fU = 3650 Hz (0.45625)

Sampling frequency--fS = 8000 Hz (1.0)

Figure 4 shows the relationship between the sideband suppression, as determined by the
ripple magnitude 2*, and the number of sections, or coefficients, of the Hilbert transformer
required to obtain the desired suppression over a specified baseband range defined by fL

and fU. The relationship is not quite a straight line, but it is evident that 60 dB of



attenuation is possible using 45 coefficients. It should be noted, however, that the phase
shift provided by the Hilbert transformer is exact, subject only to errors arising from finite-
word length and roundoff.

INDEPENDENT SIDEBAND MODULATOR

The phasing method of generating an SSB signal can be extended to include the capability
of providing two independent sidebands (ISB’s) on a single suppressed carrier. Due to the
use of digitally implemented Hilbert transformers, this multimode capability can be
achieved without resorting to analog filtering which requires bulky components, such as
either crystal or mechanical narrowband bandpass filters.

The multimode capability of a digitally implemented ISB generator can be understood by
referring to the generic block diagram of the two-channel modulator depicted in Figure 5.
Similar to the single-sideband generator, the two-channel modulator utilizes the phasing
method for sideband generation and selection. The major difference is that the capability of
generating two-channel ISB modulation formats in addition to the SSB capability is
inherent in the configuration of Figure 5.

As shown in Figure 5, the ISB generator is functionally partitioned into two sections: the
“processor” and the “modulator”. The processor section digitally adds and subtracts the
two baseband signals, performs lowpass filtering , and establishes the quadrature baseband
waveforms via the digitally implemented Hilbert transform (HT) operation. The modulator
section provides the quadrature carrier references to the balanced modulators, where the
quadrature baseband waveforms modulate the respective carriers. Addition of the two
results produces the two-channel ISB signal S(t). Equations below explain the operations
involved, where the “hat” symbol denotes the HT of the indicated signals. Signal routing to
achieve various multimode modulation formats is also listed below.

Characteristic equation
S(t) = x(t) cos(T0t) + x̂ (t) sin(T0t) LSB

+ y(t) cos(T0t) - ŷ (t) sin(T0t) USB (5)
where:

x(t) = Channel 1 baseband signal
Y(t) = Channel 2 baseband signal

f0 = IF or carrier frequency
^ = 90E phase shift

S(t) = modulated IF or carrier signal.



Mode-selection conditions
Mode Condition

USB/SS x(t) = 0 y(t) =/  0
LSB/SS x(t) = 0 y(t) = 0

Two-Channel ISB Compatible x(t) =/  0 y(t) =/  0
with Carrier Reinsertion x(t) = 0 y(t) =/  0

( arrier added to USB)

INDEPENDENT SIDEBAND DEMODULATOR IMPLEMENTATION

To provide for recovery and separation of the ISB signals, a digital processor similar to
that used in the modulator can be used. The processor/demodulator must be preceded by
an antialiasing IF or RF bandpass filter whose function is to prevent the received signal
frequencies that are close to the sampling rate of the processor from being sampled and,
thus, “folded over” into the frequency range of the desired signals. Similar to the
modulator, the receiver’s demodulating processor can provide skirt-selectivity
characteristics of the individual channels as required for ISB operation. Also, similar to the
functioning of the modulator sideband generator processor, the finite-impulse-response
(FIR) nature of the receiver digital processor/demodulator ensures that no phase or
envelope-delay distortion is introduced by the processing delay.

Figure 6 shows the generic block diagram of a multimode two-channel ISB demodulator. It
must be noted that the configuration shown there is the “inverse” of that shown in Figure 5
for the modulator. Thus, the characteristic equations and mode-selection criteria are
governed by the same rules that are set forth for the modulator. A fundamental difference
exists, however, in the requirements for the demodulator as compared to that of the
modulator. This difference is that of providing an automatic-gain-control (AGC) function
for the two recovered baseband signals u(t) and v(t). This requirement exists because an
HF signal exhibits frequency-selective fading that may affect the two ISB channels
separately, thus resulting in the need to adjust the levels of u(t) and v(t) to some arbitrarily
set level. With the digitally implemented demodulator described herein, various trade-offs
exist with respect to implementing an independent AGC (IAGC) function for the two
sidebands. Because these trade-offs involve the architecture of the receiver preceding the
demodulator, as well as time constants specified by the modulation function carried by
each sideband, discussion of the gain-control operation is beyond the scope of this paper.

EXPERIMENTAL RESULTS

A two-channel ISB modulator and a companion demodulator were breadboarded and
tested to verify the concepts outlined in this paper. The key element of both the modulator
and demodulator was a special-purpose digital processor utilizing TRW’s model



TDS1010J 16x16 bit multiplier/accumulator. The data bus of each processor was 12 bits
wide.

The test signals applied to the baseband inputs of the modulator/demodulator group were:
(1) single tone, (2) two-tone signal, and (3) wideband noise. The IF output of the
demodulator unit as well as the two baseband outputs of the demodulator unit were
examined by a spectrum analyzer and a distortion meter.

Various combinations of modes were implemented and tested using a 95-point Hilbert
transformer. The results indicated that the in-channel spurs as well as the cross-channel
spurs were at least 60 dB down. The carrier suppression was on the order of 55 dB. The
selectivity of the digital filter implemented by each processor was identical to that
specified for the SSB/ ISS sideband attenuation response.

CONCLUSIONS

The concept of implementing independent sideband (ISB) modulator and demodulator
subunits by means of digital signal processing has been conceived and verified empirically.
The unique feature of this concept is that the analog baseband signals can be translated to
a carrier frequency by means of digital signal-processing techniques that are completely
“transparent” to the analog signals being processed.

Tests of the breadboard models of an ISB modulator and a companion demodulator
yielded data which conclusively points to the fact that performance goals set for
conventionally implemented equipment (i.e., a balanced mixer and a bandpass filter
method) not only can be met, but can even be exceeded by using digitally implemented
equipment. Of particular importance in this case is the inherent capability of digital
processing to provide filtering of signals according to prescribed filter selectivity and
ripple parameters.

The key advantage of digital processing is the ability to utilize a single processor to satisfy
various modulation formats as well as bandwidths and frequency-selectivity requirements.
Such versatility is of the utmost importance to modern multipurpose communication
equipment.

REFERENCES

1. D. E. Norgaard, “The Phase-Shift Method of Single-Sideband Generation,”
Proceedings of IRE, Vol. 44, No. 12, December 1956, pp. 1718 to 1734 (Single-
Sideband issue).



2. D. E. Norgaard, “The Phase-Shift Method of Single-Sideband Reception “
Proceedings of IRE, Vol. 44, No. 12, December 1956, pp. 1735 to 1743.

3. S. Darlington, “On Digital Single-Sideband Modulators,” IEEE Trans. on Circuit
Theory, Vol. CT-17, No. 3, August 1970.

4. L. R. Rabiner and R. W. Schaefer, “On the Behavior of Minimax FIR Digital Hilbert
Transformers,” B.S.T.J., Vol. 53, No. 2, February 1974, pp. 363-390.

5. J. H. McClellan, T. W. Parks and L. R. Rabiner, “A Computer Program for Designing
Optimum FIR Linear Phase Digital Filters,” Selected Papers in Digital Processing,
Part II, IEEE Press, 1976, pp. 97-117.

Figure 1. Generic Block Diagram of an SSB Modulator Based
on Phasing Method (Hartley Modulator)



Figure 2. Undesired Sideband Suppression of Hilbert
Transformer-Based Digital Sideband Generator
is Determined by Transponder Ripple 2**

Figure 3. Implementation of the Hilbert Transformer



Figure 4. Sideband Suppression as a Function of
Number of Coefficients (Design Example)

Figure 5. Generic Block Diagram of a Digitally Implemented
Multimode Two-Channel ISB Modulator



Figure 6. Generic Block Diagram of a Digitally Implemented
Multimode Two-Channel ISB Demodulator
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ABSTRACT

Sustaining operations of critical satellites throughout the modern conflict spectrum has
become a key issue in our national defense posture.

Ground and air transportable Telemetry, Tracking and Control (TT&C) terminals are a
viable solution when their design addresses the broad systems requirements that are
dictated by today’s needs.

Rapid deployment and quick deactivation of these systems along with related systems
design requisites need to be examined. Autonomous as well as internetting capabilities,
modular and flexible approaches for operational, reliability and maintainability needs,
commercial versus military hardware and mission interoperability are systems design
concepts that are considered.

INTRODUCTION

Military and commercial satellites contain considerable instrumentation and either
continuously or “on command” transmit details of these subsystems. This “health and
status” information, along with measurements of the signals received from its
transponders, is monitored at terrestrial Telemetry, Tracking and Control Terminals.

These terminals transmit commands to the satellite to maintain its orbital position and to
keep it operating properly. Transponders can be switched in and out of service. Switching
between redundant equipment can be accomplished in case of failure or for reliability
purposes. If the satellite has steerable spot beams they can be controlled from the station.
Use and charging of batteries can be controlled. Satellite on-board control mechanisms are
sometimes backed up by terrestrial control means which can take over in case of failure. 



Command functions relating to despinning and stabilizing the satellite sensor packages and
antenna subsystems are also included in the TT&C terminal responsibilities.

Reception of mission data in telemetry form and in various frequency spectrums,
decrypting, processing, encrypting and retransmission via other communication links, both
terrestrial and satellite, are also included in most TT&C functions. Mission control
responsibilities are also required in most instances.

Therefore, TT&C terminals are complex control, receiving, processing and
communications centers that are the earthborne essentials for all present satellite systems
operations. Their reliable and continuous operation in all environments and situations is
critical to the delivery of mission data from all of our space systems.

Historically, both commercial and military TT&C terminals have been large, fixed
complexes with one or more full-tracking antenna systems as well as various satellite and
terrestrial communications systems and antennas. Their control and processing equipments
are also housed in fixed installations. Operation and maintenance of these sites has been
inherently manpower intensive. This is not only due to the outdated technology of most
space systems but also to the penchant to include numerous “wants” or “bells and
whistles” in ground stations that are beyond the essential “needs” of basic operations.
These types of systems are not only uneconomical in light of today’s technology, but even
more important, are highly susceptible to both natural and man-made disasters as well as
being prime targets for jamming due to their fixed, known positions.

Transportable TT&C terminals are now feasible concepts for achieving an available and
survivable command and control capability for the support of our space systems in a
modern conflict environment.

The systems design concepts covered are acknowledged to be general in nature and
incomplete in scope. However, these are considerations that are essential in planning any
transportable TT&C terminal design for today that must sustain satellite operations in the
foreseeable tomorrow:

S Ground and air transportable
S Quick-erect and deactivation ability
S Self-contained
S Extended autonomous operation
S Interface with a wide variety of spacecraft
S Direct interface capability with fixed ground stations
S Internet and communication with other transportable and fixed ground stations
S Reliable and rugged design



S Commercial versus military hardware
S Minimal military manpower requirements
S Incorporate pre-planned product improvement (P3I) concepts.

GROUND MOBILE AND AIR TRANSPORTABLE

Transportable and mobile systems can provide surviveability in the event of limited or full
spectrum conflicts. The ideal situation would be to deploy the system in an area where it
would be undetected. However, in today’s age of photographic, IR and RF detection, this
is an impossibility if the terminal has enough strategic value to be a priority target of the
enemy.

Therefore, the system must be able to be deactivated (if in use) and “on-the-road” quickly
in case of the start of a conflict or if in use during a prolonged emergency situation. As a
matter of fact, quick deactivation is equally important as rapid erection and operation in
design planning.

A proven and reliable antenna system design that meets these criteria has been designed
and built by Datron Systems, Incorporated. It not only meets the quick erect/quick
deactivation requirement but also is air transportable in C-130, C-141 or C-5 aircraft. This
system is also ground transportable utilizing a standard commercial-type tractor as the
prime mover. It is capable of relatively high speed over primary and secondary highways,
has limited off-road ability and will blend in well with other commercial traffic by not
calling attention to itself. The antenna system portion of this TT&C terminal is shown in
Figure 1. The dotted lines describe rernoveable side, back and top panels. Figure 2
indicates its ability for C-130 transport. The entire weight for this particular system also
meets C-130 requirements.

The data processing and communications equipment as well as the mission control center
for the terminal is located in another van, of equivalent size and weight, capable of the
same type of transport. Associated power generation and fuel are separately contained and
transportable/mobile.

QUICK-ERECT AND DEACTIVATION ABILITY

The ability for quick erection and deactivation, as mentioned earlier, is essential not only
for flexibility but for survival in case of conflict.

The Datron approach to the antenna system allows complete erection, installation and
operation in less than one hour by a crew of three men in normal environmental conditions.
Tear-down and deactivation to a “road-ready” condition is accomplished in even less time.



The antenna system, with its separate power generation equipment, includes an on-board
16-bit microprocessor-based Antenna Control Unit. The entire RF system down to and
including the receivers is controlled via IEEE-488, RS-422/232 and/or MIL-STD-1553B
busses. A complete library of calibration and diagnostic routines has been written to effect
initial checkout as well as periodic maintenance.

While the antenna system is being activated, the mobile control center and data processing
van can also be activated in parallel. The same applies to the communications antenna
which, like the TT&C antenna, has the quick-erect capability which includes light weight
construction with all captive hardware.

The erection procedures for the antenna system are indicated in Figures 3a through 3h.
Deactivation would entail the reverse procedures.

There are, of course, other design considerations that have to be addressed in order to
effect an economical and reliable operational system. Some of these are mentioned in other
sections below.

SELF-CONTAINED/EXTENDED AUTONOMOUS OPERATION

Quite naturally, the system must be totally self-contained within its own requirements.
Reliance upon others cannot be counted on in case of an emergency situation. This, and
the ability to operate autonomously for an extended period of time, is essential. These two
topics are directly related.

The data processing system and mission control center must be able to support all satellites
within its responsibility. This includes all ephemeris data, status and control functions as
well as a back-up or redundant command capability. Complete system diagnostics, fault-
detection and correction (where redundancy is possible) and communications (satellite and
terrestrial) calibration programs are essential.

Addressing the antenna system, Datron Systems has developed an extended library of
back-up computer software. Some of these programs and their associated functions are
listed in Table 1. Their automated test subsystem is described in Table 2 with some
additional capabilities shown in Table 3.

The design of Datron’s S-Band RF and Test Subsystem is shown in Figure 4. As shown, a
level of redundancy with automatic fault detection and correction have been designed into
the system. Table 4 lists some of these features.



TABLE 1.  BACK UP COMPUTER SOFTWARE

I. MISSION CRITICAL

Schedule of visible passes (Multiple Satellite),
Acquisition Time, Azimuth Angle, Max. Elevation

Program Track
Priority Statements

Orbital Parameter Evaluation
Autotrack vs. Program Track

Primary Channel Validation
Flash Test

II. AUTOMATED TESTING

System G/T
Solar Calibration Method

RF Module Performance
Noise Floor, Gain

Instrumentation Tests
Self Contained - No additional T.E.

Fault Diagnostic Tests to LRU Level

Dynamic Autotrack Position Error
A True Tracking System Test

Servo Response
Velocity
Acceleration
Acceleration Error Coefficient
Encoder Accuracy

Bias in North Alignment
Mis-Level



TABLE 2.  AUTOMATED TEST SUBSYSTEM

TWO TEST LEVELS

1. Mission Ready
Completely tests primary channel
Switches to back-up channel
automatically on any fault

2. Performance Validation Tests
Self Test of Instrumentation

Minimum Number of T.E.
Tests primary and backup channels
Diagnostic routine identifies
failed module

DETAILED STATUS REPORTING
Actual performance compared to
tolerance values

INTEGRAL COMPUTER CONTROLLER
BACKS UP PRIME CONTROLLER

Required for rapid installation
Reduces readiness test manpower
Available for operations and maintenance
training programs

TABLE 3.  ADDITIONAL CAPABILITY

Zenith Pass
Geosynchronous Satellite Pointing Angles
Auto Initialization On Power Interupt
Expansion Capability
Training Programs on System Maintenance and Operation



TABLE 4.  RF TEST INSTRUMENTATION

MINIMIZED TEST INSTRUMENTATION

Four Items:
HP-8566A Spectrum Analyzer
HP-8660C Synthesized Signal Generator
HP-3325A Function Generator
Boonton 4200 Dual Channel RF Power Meter

Provides comprehensive subsystem tests and
fault isolation diagnostics.

Test System detects channel failure and
automatically switches to active back-up
channel.

All tests completely computer controlled.
No operator action.

Test instrumentation performance self
verified. No additional support equipment
required for testing.

INTERFACE CAPABILITIES

The most extensive satellite control network in the world is operated and managed by the
U.S. Air Force Satellite Control Facility (AFSCF). It provides Telemetry, Tracking and
Command (TT&C) for most DOD space programs as well as backup for other networks. It
is comprised of a major control center (STC) in Sunnyvale, California, and includes seven
remote tracking sites worldwide with twelve antenna systems. It supports approximately
45 satellites in all earth orbits (low, medium and high). Its military and commercial,
terrestrial and satellite communications system is worldwide. There are eight (soon to be
nine) tracking stations that have the ability to interface with DSCS, WESTAR, RCA,
ANIK, NATO, SDS and INTELSAT communications satellites. This is an interface
capability!

One major Transportable TT&C program is presently under contract to Ford Aerospace
and Communications Corporation by the U.S. Air Force. This program is the
Transportable/Mobile Ground Station (T/MGS) (See Figure 5). The T/MGS mission is to
provide transportable mobile and surviveable TT&C capabilities as an extension and back-



up to the AFSCF network. It must exhibit the capability to support some of the same
missions.

The interface design of this system should accommodate the ability to act as an emergency
stand-in system in case of a prolonged failure at one of the fixed Remote Tracking Systems
(RTS). It also has to interface with other T/MGS as in the AFSCF Network of RTS.

The validation T/MGS system is scheduled for delivery in 1985. Undoubtedly, major
interface designs for transportable systems are going to be accomplished.

RELIABLE AND RUGGED DESIGN

Reliability and ruggedness in a transportable system of any kind go hand-in-hand. This
should be an even more important design aspect of a TT&C system because of its
complexity and the relative fragility of some of the more complex subsystems and
components.

Safe operation and maintenance are a prime requisite. Maximum Mean-Time-Between-
Failure (MTBF) and minimum Mean-Time-To-Repair (MTTR) have to be designed into
the system. Of course, the system will have to operate in almost the entire spectrum of
environments which include temperature, wind, rain, sunshine, humidity, snow, ice, salt,
sand, altitude, shock, vibration, overpressure, EMI, RFI and EMP.

The packaging of such a system into a transportable and mobile configuration needs to be
acknowledged as one of the prime systems design requirements. It cannot be delegated
down the line and treated as an after-thought.

COMMERCIAL VERSUS MILITARY HARDWARE

Studies of available commercial hardware to accomplish the systems requirements indicate
that, if the packaging design of the overall system is given the proper priority, minor
modifications and ruggedizing can save untold time and money in a lot of cases. Most
commercial manufacturers are willing to work with the systems designers in accomplishing
this task. However, it is incumbent on the military system developer to accurately specify
for the particular system environment, keeping in mind that under specifying can cause a
sacrifice in systems reliability and availability. Likewise, over-specifying adds untold time
and cost to the program.

Designing a system based on commercial products causes a problem sometimes
overlooked. This is the support of the system through the National Supply System. In full
MIL-SPEC equipment, everything is fully documented and controlled down to the paint.



The very nature of commercial higher volume manufacturing makes it difficult to comply
with military configuration control and a worldwide supply support.

Present DOD procurement policy, however, has exhibited more flexibility in allowing the
use of commercial equipment for many military applications. If the proper purchasing and
support strategies are used, suppliers of military systems can realize substantial advantages
over special military equipment by using what is commercially available where
appropriate. Furthermore, the evolution of commercial equipment is swift and can provide
state-of-the-art performance more quickly, better reliability and definite cost advantages.
Careful planning for evolving technology can allow the program management to take
advantage of new equipments to keep their systems operational and effective for many
years.

PRE-PLANNED PRODUCT IMPROVEMENT (P3I)

One of the latest buzzwords to take the systems design community by storm is P3I.
However, this design concept cannot be sold short. It is vital in today’s world of budget
crunches and quick-paced technological advances.

Today’s system requirements for TT&C terminals to support existing satellite systems are
going to change tomorrow. Already, technological evolution in just one area, frequency, is
having its effect on design concepts.

MILSTAR, with the distinct advantages of EHF operation, is just around the corner. The
transportable TT&C terminal for the military must be able to support this system as well as
the existing systems already in operation and that will be in operation for years to come. A
procurement system known as Evolutionary Acquisition allows for the development of
systems within an architectural framework that permits deployment of an initial capability
while retaining flexibility for future growth.

Datron’s approach to “designed-in” product improvement/modernization includes the
ability to upgrade an existing S-Band System with an EHF capability by the later addition
of a frequency selective subreflector (FSS) and EHF RF feed on the same antenna
structure (Figure 6). The dichroic subreflector is reflective to S-Band while being almost
electrically invisible to EHF. Tracking dynamics of the antenna system are originally
designed to support orbital parameters of both types of satellites.

This is just one example of using foresight (sometimes the gift of prophecy) in
accomplishing the conceptual design of one portion of the system that can have significant
impact on the future usefulness and cost-of-ownership to the end-user. 20/20 hindsight
never saved anyone any money.



CONCLUSION

When a specification and statement of work is released for procurement it is already
obsolete. Even after a contract is signed, funds committed and designs frozen, changes are
inevitable. (A better way to satisfy the needs becomes apparent, or the needs themselves
will change.) The systems Planner/Designer/Marketeer/whoever, has to be a sharp-shooter
because the target is always moving. Needs, wants, environments, threats, etc. are difficult
to determine, much less specify.

Someone asked during the preparation of this paper, “Another treatise on transportable
antennas? Aren’t they going to be obsolete when our satellite systems become
autonomous? How about the suitcase-sized antenna systems of the next decade?” These
advances will happen as expected. When they do, a transportable TT&C terminal with
forward-looking and thinking conceptual design will be able to keep pace through
modernization. Autonomous satellites will not be fully autonomous but need some ground
control and attention. Payload processing increases of new and existing systems can be
accommodated as technological advances are incorporated. Reliability, transportability,
interface capabilities - - - all of the concepts discussed in this paper, and more, can meet
the user’s requirements for today and the foreseeable future. It is certain that Transportable
Telemetry, Tracking and Control Terminals are going to play an increasing role in support
of our nation’s needs for sometime to come.
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FIGURE 1.  DUAL BAND TRANSPORTABLE SATELLITE TT&C TERMINAL



FIGURE 2.  TRAILER LOADING, C-130

FIGURE 3.  TT&C ANTENNA ERECTION PROCEDURE



FIGURE 3.  TT&C ANTENNA ERECTION PROCEDURE
 



FIGURE 4.  S-BAND RF/TEST SUBSYSTEM



FIGURE 5.  TRANSPORTABLE/MOBILE GROUND STATION (T/MGS)



FIGURE 6.  DUAL BAND TRANSPORTABLE TT&C TERMINAL
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ABSTRACT

There are many advantages to implementing satellite ground station TT&C functions using
digital LSI and VLSI technology: increased reliability, reduced size, weight and power and
enhanced performance. The functions of a satellite ground control station that could be
digitized in the future are identified. The evolving capabilities in digital chip technology
are reviewed to indicate how they would be applied to satisfy these TT&C functions.
Fundamental performance limitations of these technologies are also identified.

INTRODUCTION

There is a constant need to upgrade existing satellite ground stations to support new
mission requirements and also to reduce operation and maintenance costs. Digitizing the
satellite ground station tracking, telemetry and command (TT&C) functions is considered
to be one viable approach to meet these goals. Not only can digital technology reduce size,
weight and power requirements, but it also can facilitate remote control operation, enhance
subsystems configuration flexibility and provide future growth potential as the technology
evolves. Additional related benefits include increased ground station survivability and
transportability with the use of redundant, multipurpose elements which are small and
lightweight. Link survivability can also be improved with digitally controlled frequency
spectrum spreading and hopping. In order to focus the study on specific objectives, the
digital TT&C subsystems described herein are designed to meet the current Air Force
Satellite Control Facility (AFSCF) S-band requirements; however, the overall TT&C
architecture is intended to be flexible enough to meet future SHF and EHF requirements
with minimal modification.

TT&C SUBSYSTEMS FUNCTIONAL REQUIREMENTS

General functional requirements for TT&C subsystems can be subdivided into two
categories: (1) satellite uplink requirements for command signal generation, processing and 



transmission, and (2) satellite downlink requirements for telemetry signal reception,
tracking, demodulation and processing.

The S-band uplink system processes uplink command data to generate frequency shift
keyed (FSK) command tone sequences with impressed triangular amplitude modulation
(AM) for symbol synchronization. The FSK/AM command tone sequence is then
combined with the uplink binary pseudo-random number (PRN) ranging code with a set of
selectable modulation indices prior to being phase modulated on the uplink RF carrier. In
addition, the uplink system includes subcarrier generation with binary phase shift keying
(BPSK) or frequency modulation (FM) and filtering, carrier modulation index adjustment,
appropriate switching and summing controls, and the required RF frequency conversions
for testing of downlink receiver functions. Uplink transponder/receiver and command tone
decoder equipments are also required for command system echo check.

The downlink system receives and processes phase and frequency modulated S-band RF
signals. The major functional requirements consist of: (1) phase lock acquisition and
tracking of the main carrier including phase demodulation, automatic gain control (AGC),
automatic frequency control (AFC), and coherent amplitude detection (CAD) of the carrier
level for the monopulse tracking function; (2) demodulation of impressed subcarrier
modulations on the main carrier; (3) range and range rate measurements involving coherent
Doppler processing of the main carrier; and (4) phase lock acquisition and demodulation of
additional phase or frequency modulated telemetry signals.

DIGITAL TT&C SUBSYSTEMS DESCRIPTION

A general block diagram for the proposed digital TT&C subsystems is shown in Figure 1.
The same architecture is applicable to S-band, X-band and EHF frequencies.

In the uplink portion, the key processing element is the versatile command/test subcarrier
oscillators/modulators, capable of command tone generation, subcarrier frequency
generation, biphase and FM modulation and carrier modulation index adjustments for
command, subcarrier and PRN ranging code. The combined output is then converted to
analog form prior to the exciter/transmitter.

In the downlink portion, the received signal must be down converted to an IF that is low
enough to allow digital signal processing. This is performed in the RF/IF front end.
Following the analog to digital converter is the digital tuner/filter which does the complex
down-conversion to a near zero center frequency and then the low pass equivalent
matched filtering to the signal spectrum. Basically it performs the Hilbert Transform to
form a complex-valued analytic signal. To perform fine frequency tuning for demodulation,
the exact center frequency of the downlink signal must be determined first. For very low



orbiting satellites, the worst case frequency uncertainty due to the Doppler effect and
oscillator drifts may be tens to hundreds times larger than the carrier loop tracking
bandwidth. Therefore, a search/acquisition processor is employed to perform the Fast
Fourier Transform (FFT) algorithm over the frequency uncertainty range to obtain a fast
frequency acquisition.

The versatile digital carrier demodulators and the versatile digital subcarrier demodulators
will have the same architecture and common hardware. The goal is to make maintenance
easier and spare parts interchangeable. The versatile digital carrier/subcarrier
demodulators are the key elements of the downlink signal processing design.

The range/range rate processor has a similar architecture as the versatile demodulators.
However, it consists of two loops, one inside the other. The range information can be
completely specified from the outputs of these two loops. The range rate information, on
the other hand, comes from the main carrier versatile demodulator’s Doppler output.

Uplink Oscillators/Modulators

A versatile digital oscillator/modulator block diagram is shown in Figure 2. The key
element of this block diagram is a numerically controlled oscillator (NCO) which consists
of a frequency number register, a digital accumulator, and sine/cosine read only memory
(ROM). In addition, an adder can be used for phase modulation and a digital multiplier for
amplitude modulation as shown in Figure 3. The design of an NCO is straightforward and
the performance is a function of input clock frequency and stability, and frequency
command word length. Depending on frequency range and resolution requirements, an
NCO can be implemented either as a single chip device or as a set of 4 to 6 chips [1,2].

Digital Tuners/Filters

A digital tuner/filter performing the function of Hilbert Transform generation, down
conversion and filter selectivity can be implemented with finite impulse response (FIR)
filter chips. A high-speed, multipurpose FIR chip is presently being developed at Ford
Aerospace & Communications Corporation [3]. Three different types of digital filters have
been examined: FIR, infinite impulse response (IIR), and lattice filters. FIR filters will be
used because they offer the following advantages: filter stability, linear phase response,
low sensitivity to coefficient error, ease of real-time coefficient adaptivity and computer-
aided design. An example of the FIR filter chip implementation is given in Figure 4.



Search/Acquisition Processor

There are several complementary approaches to obtaining frequency acquisition with
digital signal processing. One spectrum analysis method is frequency step tuning of the
tuner/filter NCO by a flexible and adaptive search algorithm. Fine tuning can be achieved
by processing the quadrature outputs of the filter using an Automatic Frequency Control
(AFC) algorithm. For fast acquisition with large frequency uncertainty, the search/
acquisition processor employs the modern wideband spectrum analysis technique using an
FFT algorithm. Hardware and firmware for such a processor are readily available. All
three of these approaches can be combined in various ways to achieve a customized design
to meet particular acquisition requirements.

Versatile Demodulator

A key element of the digital TT&C subsystems design is the versatile digital demodulator.
Currently, the development of this reconfigurable demodulator is in the conceptual design
phase which will be followed by a detailed digital design phase.

The design approach employed is to use a set of basic digital processing chips in various
configurations applicable to different demodulation structures. For example, the versatile
digital demodulator can be configured into a modified Costas loop configuration for phase-
modulated, suppressed-carrier signals. The basic digital processing chips that implement
required functional elements are comprised of complex multipliers (quadrature mixers),
data and loop filters, NCOs (phase-lockable oscillators), sign bit detectors (limiters) and
flexible ROM-based decision circuits. Many of the lower speed baseband processing
operations can be performed in microprocessor chips. Figure 5 shows the versatile digital
demodulator as embedded in a generalized signal processor system [4]. The current
versatile digital demodulator is being designed to process maximum data rates under
10 Mbps.

Range/Range Rate Processor

The ranging processing is based on the crosscorrelation of PRN ranging codes and the use
of a Chinese Numbers algorithm [5]. The theory behind this technique is well established.
The implementation is fairly simple with the help of several specialized LSI chips. A block
diagram for the range/range rate processor is depicted in Figure 6 [6]. The phase detector,
accumulator, NCO and loop filter (performed by software) form the inner, or the short
loop. It performs the function of phase locking to the 500 KHz ranging clock. The Doppler
shift on the returned signal makes it necessary to achieve clock synchronism before
searching for code phase synchronism. The outer loop, or the long loop, then correlates the
incoming ranging code with the transmitted code. The phase shift of the 500KHz ranging



clock provides the fine range resolution. The coarse range resolution is determined by each
range code shift. In essence, the range information can be completely specified by the
outputs of these two loops.

The range rate information, on the other hand, is derived from the main carrier versatile
demodulator’s Doppler outputs. The Doppler frequency and Doppler phase shift of the
main carrier frequency are converted into range rate by software.

KEY DIGITAL TECHNOLOGY REVIEW

The success of this digital TT&C subsystems design depends heavily on certain custom IC
designs. The advantages of custom ICs as listed in Table 1 are the main motivation for the
digital approach. The best available digital technology in terms of processing speed is still
Emitter-Coupled Logic (ECL). However, as illustrated in Figure 7, the trend is towards
gallium arsenide (GaAs) and complementary-metal-oxide-semiconductor (CMOS)
technologies. Therefore, the strategy is to stay and grow with the CMOS and switch to the
GaAs at a later date. At Ford Aerospace & Communications Corporation, custom ICs will
be developed or procured by a wholly-owned subsidiary, Ford Microelectronics Inc (FMI).
FMI is developing its own VLSI/LSI custom design capability in bulk CMOS and
CMOS/SOS.

TABLE 1:  Advantages of Custom ICs

• Processing Speed
• System Flexibility
• Size
• Power
• Weight

• Cost
• Documentation
• Reliability
• Maintainability/Spares
• System Parts Count

KEY DIGITAL PROCESSING ELEMENTS

The current study has identified the basic TT&C elements or functions that can be
implemented by digital processing methods. The key digital processing elements are FIR
filter chip, FFT butterfly chip, NCO chip, digital multiplier, accumulator, microprocessor
controller, and ROM. In addition, a PRN ranging code generator and a forward error
correction (FEC) chip utilizing Viterbi encoding/decoding are also required. Another
useful chip is a digital correlator which can be implemented as a design variant of the FIR
filter chip. The design of a digital TT&C subsystems architecture is based on the
confidence that all these digital chips are either available or can be developed with the
advent of very high speed VLSI/LSI technology.



LIMITATION OF DIGIAL DESIGN

A major limitation factor of a digital system is the digital signal processing ICs’ speed
performance. The present CMOS VLSI/LSI devices operate at maximum clock rates of
about 20 MHz. The sampling rate and word length of analog-to-digital conversion also can
be a processing speed limitation factor. The current versatile demodulator is designed to
process at a maximum rate of less than 10 Mbps. It has been projected that telemetry rates
will increase from the current 1-5 Mbps range to as much as 45 Mbps in 1987-90. When
the GaAs technology reaches its mature stage, the clock rate is estimated to be in the
200-500 MHz range. Any speed performance requirements that are higher than indicated
here will eventually limit the use of digital VLSI/LSI devices.

The second limitation is in the demodulation area. A truly universal demodulator simply
does not exist because new modulation methods are constantly being developed. Also as
the demand for performance increases, the current versatile demodulator will certainly
reach its performance limits. New modulation techniques will also create new
requirements. The digital technology is constantly evolving and therefore will continue to
have a profound influence on future demodulator architectures and designs, such as the
basic hardware versus software implementation tradeoff question.

CONCLUSIONS

There are several current and future satellite ground station development programs in
which size, weight and power reduction as well as increased performance capability are
required. These goals are possible with the use of emerging VLSI/LSI technology. The
capability of current VLSI/LSI technology is adequate for implementing a near-term digital
TT&C subsystems design. The design concepts for the digital TT&C subsystems have
been identified. VLSI/LSI custom chip designs for the initial building blocks of digital
signal processing systems are either available or presently being developed.
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FIGURE I:  DIGITAL TT&C SUBSYSTEMS ELEMENTS



FIGURE 2  VERSATILE DIGITAL OSCILLATORS/MODULATORS

FIGURE 3:  NUMERICALLY CONTROLLED OSCILLATOR



FIGURE 4:  FIR FILTER CHIP IMPLEMENTATION



FIGURE 5  VERSATILE DIGITAL DEMODULATOR AS EMBEDDED IN A
GENERALIZED SIGNAL PROCESSOR SYSTEM



FIGURE 6:  RANGE & RANGE RATE PROCESSOR



FIGURE 7:  DIGITAL TECHNOLOGY TREND



NETWORK CONTROL OF SATELLITE COMMUNICATION
SYSTEMS

Michael H. Aronson
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ABSTRACT

This paper provides an overview of network control concepts applied to satellite
communications systems. The term network control is defined, the rationale for employing
network control is discussed, and the techniques for controlling a satellite communications
system are described. Future trends in the technology are identified.

INTRODUCTION

Network control is the process of maximizing the use of resources in a communications
system in order to communicate as much data as possible within the capability of the
resources while maintaining an acceptable quality of communication. Significant benefits
can be obtained by having a network control capability in commercial as well as military
communications systems. This paper describes network control techniques utilized to
maximize communications throughput and discusses the trends in technology for the
future.

NETWORK CONTROL OPERATION

Network control systems (see Figure 1) operate by measuring certain parameters and then
issuing control commands based on these measurements to improve system utilization. A
new set of measurements are then taken to note the effect of the commands previously
issued. If the new measurements indicate that the prior commands did not completely
achieve the desired effect, or if some situation has occurred which has negated the effect
of these prior commands, a new set of commands will be issued by the control system.
This cycle of measurements and responses continues repetitively to maintain system
operation in a near-optimal state. Network control systems rely heavily on computers and
software to accomplish the control cycle.



Figure 1.  Network Control System Elements

Some of the parameters which are measured or observed by the network control facility in
a satellite communications system include requests for transmission channels, data error
rates for received signals, power of a beacon reference signal from the satellite, telemetry
from the satellite, and the operational status of the equipment used at the transmit and
receive earth terminals. The control system computers process this information and
generate commands, if necessary, to assign transmission channels on an “as-needed” basis,
change the power of individual data links radiated by the earth terminal transmitter, control
the rate at which data is exchanged between the source and destination, and may even
disconnect a user of the system if deemed necessary.

Importance of Network Control

The key motivations for employing network control are:

1. Provide the best quality of communications available from a given system.

2. Ensure that the communications needs of the users are met.

3. Maximize the return on capital invested, in terms of revenue earned or service
provided.

Each of these is discussed in more detail.

Quality of communications for data is determined by the number of errors in the received
information compared to the transmitted data which, by definition, was error free. For



voice, the quality of transmission is determined by the listener’s ability to recognize and
understand the speaker. In a satellite communications system a common source of
transmission errors is the lack of sufficient signal power at the receiving ground terminal
compared to background noise. If the received signal is strong, the background noise is
negligible. However, if the signal strength fades, background noise increases and the
quality of communications degrades, possibly below a level acceptable to the listener. A
typical cause of signal fades is absorption of signals when passing through rain. If rain
occurs over the transmit or receive earth terminals, part of the energy in the signal will be
absorbed by the rain. Less power will be received compared to background noise and data
errors and voice misinterpretations may become unacceptable. Modern network control
systems, however, automatically sense the decreasing quality of received signals and
command the transmitting terminal to increase its emanated signal level to compensate for
the absorption by the rain cloud. When the rain ceases, the control system observes that
the received quality is becoming unnecessarily good (no rain attenuation), and commands
the transmitting station to lower its transmission level. In a large satellite communications
system there may be dozens of earth terminals, with rain occurring simultaneously over
many of them. The control system cannot arbitrarily command each affected transmit
terminal to increase its power, since this may result in too much power being received at
the satellite. When this situation exists, serious interference between signals can occur
within the spacecraft communications equipment. The network control system monitors
telemetry from the satellite to ensure that the control commands to earth terminals which
compensate for rain attenuation are not causing other problems at the spacecraft. This
complex process is transparent to the users of the system, who are protected from
degradations in service quality.

Both commercial and military systems must consider the effects of rain attenuation on the
quality of communications. In a military satellite communications system, however, other
sources of degradation may be present. These consist of jamming signals by unfriendly
powers which are equivalent to an artificial increase in the background noise level. The
desired signal is received with more errors, and quality of communications can degrade to
an unacceptable level. With commercial users an interruption in service is an annoyance
and may have profit implications. With military users some level of communications must
be maintained at all costs, since lives and national interests may be jeopardized.

Network control capability can meet the military user need for uninterrupted service by
automatically detecting the presence of a jamming signal. It does this by examining the
radio frequency spectrum with a computer-controlled spectrum analyzer and uses
sophisticated signal analysis algorithms for detecting the presence of the jamming signal.
The control system computer correlates the results of the spectrum analysis with unusual
changes in received signal quality reported by the ground terminals. The network control
system will then issue commands to the terminals to respond to the jammer. The jamming



signal may focus on one or two communication signals in the system, may cause low-level
interference for harassment purposes, or may attempt to disrupt all communications. In
addition, the waveform of the jammer may take many shapes, some of which are difficult
to distinguish from the background noise. The network control system will detect the
various types of jammers, and will generate commands to the communications earth
terminals which respond appropriately to the current threat level. This could include
discontinuing service for nonessential users, decreasing data transmission rate for critical
users (this helps the receive terminal correctly interpret the data), and concentrating all
available station transmitter power into the remaining critical user communications links.
The control system must also determine when the jamming threat is no longer present in
order to restore the system to its normal level of service. The automatic detection and
response to a jamming threat is a major function of network control in a military satellite
communications system.

Communications system assets are becoming increasingly sophisticated and increasingly
costly. The system manager must ensure that the capital investment is utilized to its
maximum potential, and that available capacity is not wasted. In a commercial system,
obtaining extra capacity from a fixed asset translates directly into added revenue and
profits. In a military system, demands for service (particularly in wartime) always exceed
the available capability. Extra capacity from the fixed asset translates into more military
forces which are provided with needed communications. It was mentioned previously that
rain over a transmit or receive earth terminal will attenuate signals and degrade the quality
of service. Prior to automated network control, the satellite communications system would
be operated with 25% of the satellite power dedicated to providing service, and 75% of the
power placed in the same signals as margin to protect against rain fades. If the signal
experienced rain attenuation, the signal strength would be reduced; however, since it was
so much stronger than necessary to provide acceptable quality due to the power margin,
the user would not experience a degradation. This is wasteful of satellite power, and limits
the number of links between users which can be supported at any given time. Ford
Aerospace has implemented a network control system which has automatic rain fade
control, permitting the margin in the system to be cut in half. The satellite power available
to support other users was increased by 100%, a substantial increase in capacity. It is
estimated that a savings of $8 in satellite cost was achieved for each dollar invested in the
network control system by increasing the capacity of the satellite to carry traffic.

Another approach to maximizing the return on investment is to utilize the satellite
communications channels on as close to a full period basis as possible. In some systems a
channel is assigned to a ground terminal whether or not data is available for transmission.
More efficient systems assign a channel only when the ground terminal indicates to the
network control system that it has a call pending. This permits a small number of channels
to satisfy the needs of a large terminal population, reducing the amount of expensive



spacecraft communications equipment. Control of accesses to the satellite is another aspect
of network control.

TECHNOLOGY TRENDS

Network Control systems implemented to-date are automated and primarily centralized. As
processor costs decrease and software development costs also decrease due to improved
development methodologies, network control systems of the future will become
increasingly automated, and will be decentralized. A control center may exist for
administrative purposes and to perform history analysis of system performance. However,
control will be coordinated directly between the transmit and receive earth terminals with a
spacecraft computer mediating conflicting demands from the earth terminal network. This
includes the assignment of an available channel on an “as-needed” basis, as well as the
routing of traffic to its destination by the satellite. The satellite processor will assume
greater responsibility for detection of jamming and for determining what to do about the
jammer. In some cases, the satellite will attempt to null out the jamming signal by
adjusting its antenna beam locations. In other cases, the spacecraft will request
reconfiguration of the earth terminal equipment to assist in defeating the jamming signal.

As higher transmission frequencies are used, such as extremely high frequency (EHF), the
effects of rain attenuation become more severe. This applies to both the depth of fade as
well as the rate of fade. The spacecraft processor will become increasingly involved in
detecting rain fades and in controlling the terminal and its own transmit levels to
compensate accordingly. In order to avoid operating the system with very large margins, a
rapid-response control system consisting of the spacecraft and the earth terminals will
evolve. More automation will be required due to the real-time requirements for
measurement of status and generation of control responses in fractions of a second.

At the earth terminals more of the station equipment will incorporate embedded
microprocessors, negating the need for a station computer. The microprocessors within a
station will communicate with each other as well as with microprocessors at other earth
terminals. Earth terminals will be operated unmanned, relying entirely on the
microprocessors in the station equipment and the spacecraft processor to run the system.
In order for network control to be employed extensively in commercial as well as military
systems, the control hardware must become a small fraction of total hardware cost. Key to
this is the need for inexpensive microprocessors which can be incorporated directly into
the communications equipment. These microprocessors, through very large scale
integration (VLSI), will be reduced to one or two electronic chips which can be mounted
in any convenient location on a printed circuit board in the various communications
equipment chassis. Current microprocessors have separate chips for the processing unit, 



memory, and external interfaces. These will be combined into very small packages in the
near future.

Future network control systems will employ data bases which are distributed throughout
the system. Pieces will reside in the various equipment components at a communications
station, at the control centers, and parts will reside in the communications satellite. In these
systems data must be updated simultaneously at various points in the system, and one
location can ask for information that resides in a data base at another location. The
technology of truly distributed data bases is only now being explored by universities and
industry. Work is focusing in the areas of synchronizing data base updates throughout the
system, techniques for partitioning the data base into its many geographically separate
elements, and identifying specific software functions which will support distributed data
bases. In addition, future communications protocols and software design will ensure that
data base updates and data requests/responses propagate through the system without
errors.

CONCLUSION

This overview has described network control concepts and has shown the importance of
network control to modern communications systems. In addition, future trends in the
technology were discussed. Network control systems provide significant benefits in terms
of increased system performance and optimum system utilization. It is expected that more
and more communications systems will employ automated network control in the future.
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USE OF FORWARD ERROR CORRECTION
IN A GROUND-TO-AIR-TO-GROUND TELEMETRY

AND CONTROL LINKS

S. Gardner
E. Levy

1.  Abstract

A forward error correcting (FEC) codec/interleaving system has been developed to
improve the signal to noise ratio of a full duplex channel composed of a low rate command
and control uplink and a high rate telemetry downlink. The system includes two MIL spec
airborne 20 square inch cards and a ruggedized modified LINKABIT standard LV7017HS
Convolutional Encoder Viterbi Decoder Ground Unit.

The coding parameters used are code rate 1/2, constraint length K=7, 8 levels of soft
decision and data rates of up to 20 Kbps for the command link and up to 10 Mbps in the
telemetry downlink.

Since Viterbi Decoders work best on memoryless Gaussian Noise channels, interleaving is
used to randomize the effects of fading, jamming or other bursty types of noise making
them appear like white Guassian additive noise to the decoder.

A coherent binary PSK modem will ideally provide 10-5 bit error rate (BER) with Eb/No =
9.6 dB (bit energy per noise ratio). The use of the FEC codecs in the sort decision mode
achieves the same BER with 5 dB lower Eb/No, meaning either an increase of the
communication range with the same RF equipment or substantial decrease of RF power or
antenna size for the same communication range.

The same system could be used in a hard decision mode and still provide a gain of more
than 3 dB at BER of 10-5. The coding gain increases as the required BER decreases.

The described system could be easily adapted to any command and control link or
telemetry link at the above mentioned data rates.



2.  Introduction

In recent years the use of forward error correction coding to improve link performance has
evolved from a theoretically possible but rarely used solution to a commonplace one for
PSK modulated satellite channels. The success of such devices in this scenario has resulted
in increased interest in F.E.C. for other channels, such as phone lines, FSK modulated
channels, and other channels with non-Gaussian statistics. The needs of such an
application are often best met by an integrated Viterbi codec/interleaver, in which the
interleaving “randomizes” the noise so that the Viterbi decoder can provide maximum
performance increase. This technique has often been used for PSK channels corrupted by
burst noise, and is often the most cost-effective means to provide increased performance
on other channels as well.

In this paper the use of F.E.C. with interleaving is discussed for air-to-ground/ground-to-
air telemetry of control links. Uplink transmission or control data occurs at a relatively low
data rate, 19.2 kbps, whereas downlink telemetry data is at a high rate, greater than two
mbps. Downlink data may be corrupted by burst noise due to unintentional or intentional
sources. The tradeoffs made in designing an F.E.C. system suited to this application are
discussed, and some performance results are given.

3.  Channel Characteristics

The system in which the error correction equipment is to be integrated is shown in
figure 3-1. Low rate command data is transmitted on the uplink, with high data rate
telemetry information on the downlink.

3.1.  Uplink Coding

The uplink is a Gaussian memoryless channel, and as such requires little effort to find a
good coding scheme for link improvement. There are two classes of codes to consider;
block codes and convolutional codes. More literature exists on block codes, but high
performance block decoders are difficult to build primarily because of the difficulty in
making use of “sort decision” inputs to the decoders Soft decision input data may be
thought of as the input symbol stream accompanied by some extra data giving the
likelihood that the modem made the correct decision on the associated symbol. The
likelihood may be extracted from the magnitude of the sample size, and is directly
proportional to the log-likelihood function. Using just two such soft decision bits
associated with each “hard decision” symbol output by the modem can improve decoder
gain by 2 dB in the Eb/No required for a specific bit error rate. Soft decision block
decoding algorithms have been considered, but they are very difficult to implement.
Additionally, synchronizing a block decoder is a cumbersome task, since the number of
sync states to search through is equal to the block length.



Convolutional decoders, especially those based on sequential or Viterbi decoding, lend
themselves quite readily to soft decision decoding at the expense of only a minor increase
in complexity. In addition, a rate n/m convolutional code has just m sync states to search,
thus requiring a much less sophisticated synchronization machine than block decoders.

Given large amounts of power and space, no requirement for short throughput delay, and
no need for a short synchronization acquisition time, a long constraint length sequential
decoder would probably be the best solution, since such decoders are currently available
off-the-shelf on a single board providing coding gains of up to 6 dB at BER 10-5 and data
rates or 100’s Kbps. The application here has a number of constraints; power and space
must be minimized, and short throughput delay and acquisition time are both significant.

Sequential decoding is a powerful tool for use in systems where these parameters are not
crucial because although it is a sub-optimal decoding technique, it allows the
implementation of very long constraint length codes. Since the power of the code increases
with the constraint length, such a technique can be made to outperform a maximum-
likelihood (i.e. Viterbi) decoder operating at a shorter constraint length. In addition,
sequential codecs have greater error correcting capability at low data rates where
computational capacity is not exceeded. Unfortunately, the sequential algorithm does not
lend itself to fast synchronization, and because it requires buffering of large amounts of
data for computing, the decoder will insert a delay of thousands of bits. Powerful
sequential decoding chips do exist, which allow reduction of the decoder to ten or so IC
packages.

It is possible, however, to design a low data rate Viterbi decoder in as few as 35 or so IC
chips in which decoder computations are done in a serial fashion. A rate 1/2 constraint
length 7 decoder of this type can provide as much as 5.2 dB of coding gain (at 10-5 BER),
which is only slightly less than the constraint length 36 sequential decoder currently on the
market. In addition, the Viterbi algorithm lends itself to very fast synchronization; less than
500 bit times. It also exhibits a throughput delay of less than 40 bits, and can be designed
for very low power consumption. As the data rate for this application is 19.2 kbps, such a
decoder is an excellent solution.

3.2.  Downlink Coding

The downlink from the aircraft to ground provides digital telemetry information at a rates
or 2.5 Mbps and above. The link is corrupted by noise from two sources; AWGN at the
receiver front end, and burst noise due to unintentional or intentional jammers, multiplath,
fading, pops noise, etc. Exact burst statistics are not known, but the maximum burst length
is estimated in this case to be as much as 100 code symbols.



Fewer tradeoffs are available for coding on this channel. Block codes are again rejected
for the same reasons as in the uplink, although here there may be less weight given to
arguments about synchronization, the reasons for which will become clear when
interleaving is discussed below. Previous work has shown that for short length bursts,
adequate burst protection may be achieved by the use of longer constraint length codes.
The bursts encountered on this link are far too long for this to be a practical solution. The
alternative approach is to use interleaving and deinterleaving to disperse the effects of the
burst. To be effective, the interleaver size must be the product of the burst length and the
decoder memory length. This rules out sequential decoding, since the decoder memory is
very long, thus requiring a very large interleaver. High data rate Viterbi decoders or
constraint length 7 are available off the shell with memory length of 32 information bits,
with the added attraction that such decoders are easily integrated with the deinterleaver to
quickly acquire deinterleave and decoder synchronization.

3.3.  Interleaver Design

The function of the interleaver in the high data rate link is to provide a means to disperse
or randomize the effects of burst errors. This is done by ‘shuffling’ the encoded data
symbols prior to transmission and deshuffling them at the receiver prior to decoding. Since
the noise is added to the shuffled symbol stream, deshuffling disperses the burst.

Most interleaver designs can be modelled as a buffer into which data is written according
to some pattern of addresses and out of which data is read in some other pattern as shown
in figure 3-2. Such an interleaver is called a convolutional interleaver, since the read and
write process are occurring continually and there is no block structure to the resulting data.
Good block interleaving structures also exist, but generally require twice the buffer size for
the same performance as a convolutional interleaver, since the buffer must be filled entirely
before it can be read out.

The most commonly used type of interleaver is the periodic convolutional interleaver. Such
an interleaver writes data into its buffer using the address sequence

ai = modN2D  i (ND+l)

where N is the decoder memory length and D is the smallest integer such that ND is
greater than the burst length. The buffer size is then N2D. The symbols are read out of the
buffer with a sequential address. When this is done, for any two symbols within a group of
N that are consecutive prior to interleaving (and hence within the memory of the decoder)
there will be some integer multiple of ND symbols between them on the channel. Thus an
error burst on the channel of ND symbols can only affect one symbol from any span of the
decoder memory, and the decoder thus receives the appearance of random errors when the
symbols are deinterleaved.



3.4.  Interleaving With Intelligent Jamming

When the burst source is generated by a source specifically intended to obstruct
transmission or existing in the area (radars for example), a periodic interleaver may not be
the most effective means to combat the interference. The reason for this arises from the
repetitive nature of the interleaver. If the jammer is able to jam every NDth symbol, for
example, the deinterleaver will construct a burst of N bits to present to the decoder;
exactly the phenomenon it is meant to prevent!

The most cost effective solution to this problem is often to use “random convolutional
interleaving”. Here the interleaver still uses a sequential address to read from the buffer,
but the write address is generated according to some pseudorandom pattern upon which
only one requirement is placed; that each address can only occur once each M symbols,
where M is the buffer size.

In this case, the interleaver/deinterleaver are no longer matches to a particular burst length,
and many bursts will result in more than one affected bit being within the memory length
of the decoder. This results in a small degradation in performance for the dumb jammer
case, but in the case of the smart jammer, if the pattern is chosen carefully the only
successful jammer strategy is one in which a very long burst is generated. If M is chosen to
be large enough, this is usually impractical.

4.  Airborne Equipment Design

The airborne equipment for this telemetry system consists of a high data rate integrated
encoder/random convolutional interleaver and a low data rate soft decision Viterbi
decoder. Both encoder and decoder use the same constraint length 7 rate 1/2 code. A wire-
wrapped breadboard of both encoder/interleaver and decoder is shown in figure 4-1.

4.1.  Encoder/Interleaver

The encoder/interleaver occupies one 20 square inch printed circuit board (PCB) and is
implemented in standard LS ana S TTL. The encoder is easily implemented using a shift
register and a read only memory (ROM) to compute the appropriate parity symbols. The
interleaver consists of a RAM buffer with an address multiplexer which selects between a
sequential address and one generated by a lookup table stored in ROM. Including circuitry
for self test, the total IC count is less than 30 chips for an interleaver buffer size of 4K
symbols. (See block diagram in figure 4-2.)



4.2.  Soft Decision Viterbi Decoder

The decoder is built on a PCB of the same dimensions as the encoder. It uses a variety of
LS TTL and CMOS logic, as well as a custom LSI IC for performing the add-compare-
select trellis operation that must be executed 64 times per bit. The decoder accepts three
bit quantized soft decision data; i.e. the demodulator provides the decoder with
information about the quality or its samples as well as the samples themselves. This added
information is easily extracted from the demodulator and provides 2 dB more coding gain
than decoding with just the raw samples. (See block diagram in figure 4-3.)

Because the data rate of the decoder is low, the architecture can perform the 64 trellis
computations required in serial fashion. This means that computations for each of the 64
states can be performed using the same logic provided an adequate memory organization is
used to store results. This architecture results in an great savings in complexity over high
data  rate designs. The hardware makes extensive use of lookup ROMs to produce branch
metrics and perform other functions needed for decoding.

The decoder is able to provide the system with a measurement of link quality. It does this
by re-encoding the decoded data and comparing it to the received symbol stream. Since the
bit error rate (BER) of the decoder output is at least two orders of magnitude better than
the channel error rate (CER), most of the disagreements between re-encoded data and
received data are caused by errors on the link. The result of this comparison is thus an
accurate measurement of link quality, and can be used for a variety of applications, such as
deciding to request retransmission.

Synchronizing the decoder requires the ability to properly pair up symbols associated with
the same information bit input (symbols are in pairs because the code is rate 1/2).
Obviously, there are two sync states to try. The decoder is able to reject incorrect sync
states by observing the results of its internal computations. A synchronized decoder should
perform at least one computation with a small result during each bit time; when all
computations are yielding large results, the decoder tries the other sync state.

The circuitry required to perform all of these functions is implemented in about 40 ICs
requiring less than 3 watts.

5.  Ground Equipment Design

The ground equipment is considerably more complex than the airborne equipment, using
far more parts and power. This is primarily due to the complexity of the high data rate
Viterbi decoder, but is also due in some measure to the difficulty in implementing a fast
synchronization strategy for the deinterleaver. The ground hardware is shown in figure 5-1.



The uplink portion of the ground equipment is a simple rate 1/2 convolutional encoder
requiring four or five chips. The uplink is of almost no consequence in considering
complexity in the ground equipment.

The deinterleaver hardware is almost identical to the interleaver logic except that the soft
decision bits must be deinterleaver along with the received symbols, requiring a buffer that
is 4Kx3 in size. The read and write addresses used for interleaving are exchanged for
deinterleaving, but the sequences or addresses are identical.

Because there are 4K sync states in a random deinterleaver such as this, a fast sync search
machine is needed. LINKABIT has developed a design capable of rejecting false states in
as little as 50 bit times. Using this design, interleaver sync is typically acquired in a million
bits or so with no special sequences or start of message patterns. The bits lost due to
acquisition time are not critical for video, thus a sync time on the order of a half second are
easily tolerated.

The decoder is based on an existing 10 Mbps Viterbi decoder design (LV7017 series). The
decoder achieves its high data rate by performing trellis computations in parallel; all 64
trellis computations are performed in one clock cycle. Management of the path memory
and decision output are also very difficult at this speed, but clever memory management
makes it possible to implement the trellis computer and path memory on two PCB’s. The
entire ground FEC system requires only 3 cards in a ruggedized chassis 7"x8"x18".

6.  Performance

The AWGN performance of the interleaved system is identical to that of the non-
interleaved system. This is intuitively satisfying, since the interleaver is transparent to
Gaussian noise. Measured performance results are plotted in figure 6-1. The curves show
BER plotted against energy-per-bit to noise ratio (Eb/No) for three cases; an ideal PSK
modem with no FEC, an ideal PSK modem with hard decision K=7 Rate 1/2 Viterbi
decoding, and an ideal modem with soft decision decoding. At a BER of 10-5 the modem
alone requires 9.6 dB, but with soft decision decoding, this figure is reduced by 5.1 dB.
This allows the system to operate with an antenna reduced in area by a factor of three, or
to reduce transmit power by a factor of 5.1 dB, or to operate at a much better BER.

The most commonly used type of interleaver is the periodic convolutional interleaver, used
to combat arbitrary burst interference. Interleaved performance in the presence of a
jammer is much more difficult to characterize. Many assumptions must be made about the
jammer with regard to average and peak power, duty cycle and repetition rate. In addition,
the effects of the jammer on the modem AGC must be considered, since the jammer can
affect the accuracy of the soft decision information associated with unjammed bits, which
further degrades performance.



Some data has been accumulated for the case where the link is jammed by a periodic
interferer such as radar, where the burst length is relatively short (5 code symbols), but the
repetition rates are high. In this scenario, the unjammed Eb/No is assumed to be about
11 dB; a very benign level. A plot of BER vs. jammer duty cycle is shown in figure 6-2.

7.  Conclusions

The use of forward error correction is an effective means to improve Link quality for
telemetry of control links. Small, low power decoders can easily provide 5 dB or more of
link margin over the uncoded channel. Interleaving techniques make forward error
correction a valuable tool for non-memoryless channels, and can be designed to provide
increased perfromance even in the presence of intentional interference. The technology for
such equipment is currently quite mature, with many types of equipment available off-the-
shelf or easily modified for a particular application.
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ABSTRACT

Existing spacecraft/satellite control requires access to a group of “experts” familiar with
each satellite subsystem to be able to analyze and correct spacecraft malfunctions. When
remote, mobile satellite control systems are deployed, these “experts” will not be
available. Automation of many of the functions currently being performed by these experts
and the operators at the consoles will allow these mobile systems to operate autonomously
while correcting for anomalies that can be logically identified. This automation can be
achieved by implementing artificial intelligence (AI) processes/techniques to the fault
detection, command correction process. Techniques from the artificial intelligence
development process and algorithms from statistical forecasting methods will be analyzed
and tested for applicability in providing automated spacecraft health and status information
for one DOD program. Key issues in applying these processes to all critical DOD
programs will be identified and discussed.

INTRODUCTION

The United States has become increasingly dependent on space resources - for
communications, surveillance, weather data, navigation and defense. Figure 1 identifies the
various segments of a space system that all must operate together to provide this vital
information. The space segment is the most costly to develop for each program; however,
the ground segment is costly to operate and maintain over the more than 7 year program
lifetimes. Most commonly the ground segment facilities are fixed buildings with command
& control (C2) rooms (centers) dedicated to each program. A large staff of technical
analysts and spacecraft subsystem experts supports each C2 center. This arrangement was
necessary when each spacecraft was a new development and the support had to be
performed in a research and development environment. However, many space programs
are now in the operational mode and either would like to reduce the cost of supporting
such a large cadre of experts on a permanent basis and/or must operate from a mobile
platform where there is no room for a large cadre of experts. The objective of our project



is to replace many of the experts with an automated “expert system” in a cost effective
manner. Techniques from the field of artificial intelligence (AI) are being analyzed and
tested for applicability to such an automated system. Expert Systems are already being
used to assist in medical diagnosis. These systems analyze available data to determine the
most likely cause of symptoms and then recommend treatment. On the surface, detecting
the fault in the spacecraft that is producing anomalous telemetry and then recommending a
set of corrective commands appears to be an identical process that could use the same,
already developed, software. Indeed, the processes are similar enough that the same
general software architecture can be used for both. However, there are several important
differences in the two processes that will require unique approaches to be developed
before many of the spacecraft ground support functions can be efficiently handled
automatically by an “expert” system.

GENERAL STRUCTURE OF EXPERT SYSTEMS

Expert systems (also called expert consulting systems, knowledge-based consultants, or
knowledge engineering systems) provide human users with expert advice about specialized
subject areas. Expert systems have been built that can diagnose diseases, evaluate
potential ore deposits, suggest structures for complex organic chemicals, and even provide
advice about how to configure the components of a computer system.

A key problem in the development of expert consulting systems is how to represent and
use the knowledge that human experts in these subjects obviously possess and use. This
problem is made more difficult by the fact that much of the expert knowledge in many
important fields is often imprecise, uncertain, or judgemental (although human experts use
such knowledge to arrive at useful conclusions).

In general, expert systems are characterized by:

• A modular knowledge base that allows for flexibility in adding, removing, or changing
knowlege in the system.

• Use of domain-specific knowledge imbedded in action rules

• Recognition of a situation and application of action rules appropriate for that situation.

• Maintenance of a line of reasoning that is comprehensible to the domain specialist and
the ability to explain its line of reasoning in a language convenient to the user.

• Use of “classical” AI heuristic-search techniques--plan, generate, and test.



Expert systems built by knowledge engineers to date consist of three main parts:

First is the subsystem that “manages” the knowledge base needed for problem solving and
understanding.

Second is the problem-solving and inference subsystem that discovers what knowledge is
useful and relevant to the problem at hand, and with it constructs - step by step - a line of
reasoning leading to the problem solution, the plausible interpretation, or the best
hypothesis.

Third are the methods of interaction between human and machine, in modes and languages
that are “natural” and comfortable for the user. Ordinary human natural language is often
preferred, but the stylized notations of some fields like chemistry are also desirable for
specific groups of users.

Knowledge-based management, problem solving and inference, and human interaction
functions have all been approached in our present expert systems via software innovations
that have pressed traditional von Neumann hardware architectures to their limits. However,
new specialized parallel hardware architectures have been developed that more effectively
implement these AI functions.

Knowledge-Based Management

The knowledge in the knowledge base must first be represented in symbolic form, and in
memory structures, that can be used efficiently by the problem-solving and inference
subsystem. This representation can take many forms. One of the most common is the
“object”, a cluster of attributes that describe a thing. An object is usually associated with
other objects by symbolic references (links) in the memory. A typical kind of associative
network is the taxonomy, known as “The                is - a hierarchy.” For example, “The
sparrow is - a kind of bird.” In this case, both sparrow and bird are objects within the
knowledge base. If the knowledge base is informed that “The bird is - a kind of animal that
can fly”, the knowledge-based management system must automatically propagate the
deduction that sparrows can fly. It must also be able to handle the exceptions it is told
about, such as flightless birds like ostriches, penguins, and kiwis.

Another common and useful representation is the “rule”. A rule consists of a collection of
statements called the “if” part, and a conclusion or action to be taken called the “then”
part. For example, “IF the fog ceiling is below 700 feet and the official weather forecast
calls for no clearing within the hour, THEN landing is dangerous, will violate air traffic
regulations, and diversion to a neighboring airfield is recommended.” To find out if a rule
is relevant to the reasoning task at hand, the problem-solving program must scan over the



store of “ifs” in the knowledge base. That search can be immense for some practical
applications. Here again, the knowledge-based management subsystem is designed to
organize the memory in ways that will reduce the amount of processing to be done.
Parallel processing capabilities in both the software and hardware levels of the system will
also speed associative retrievals.

Knowledge is stored in a large file known as a relational data base. The job of
automatically updating the knowledge in the file, and of organizing appropriate searches
for relevant knowledge, will be performed by the knowledge-based management software.
The interaction between the hardware file and the software file manager is handled by a
logical language called a relational algebra.

Problem Solving and Inference

Knowledge serves as the basis for reasoning by a knowledge information processing
system, but it is not sufficient in itself to discover and use lines of reasoning. Piecing
together an appropriate line of reasoning that leads to the solution of a problem or the
formulation of a body of consultative advice is the job of the inference process and the
problem-solving strategy that employs it. Inference processes can be very much of the
common sense sort in which relevant knowledge is simply chained. A syllogism (IF X
implies Y and IF Y implies Z, THEN X implies Z) is an example of such an inference
process. Inference processes have been studied by logicians and mathematicians for
centuries, and many different procedures for inference are known. From this logician’s tool
kit, artificial intelligence uses routinely only a few devices. Some of these methods allow
for reasoning “inexactly” from knowledge that is uncertain. One, a favorite of AI, is
“resolution”, constructed on a foundation of mathematical logic formulated in the 1960s by
the logician Allan Robinson. “Resolution” is subtle, nonintuitive, and especially suited for
computer processing.

An inference process is the tool of some problem-solving strategies. For example, the
strategy of one kind of problem solving might be goal-directed backward chaining. One
works backwards from a desired set of end results through all the steps that must be taken
along the way to ensure that all objectives are met. Forward Chaining is used when data or
basic ideas are the starting point to solving a problem. Forward and backward chaining are
combined when the search space is large or it can be divided hierarchically. It is
particularly applicable to complex problems incorporating uncertainties, such as satellite
control.



Human Interaction

Most knowledge-based systems are intended to be of assistance to the human endeavor;
they are almost never intended to be autonomous agents. An operator-system interface
subsystem is therefore a necessity - one that allows interaction to be as natural as possible
for users in both language and mode of interaction. This requirement means language
understanding the ability to speak directly to the machine - as well as image understanding
the ability to show it pictures.

To realize these objectives across the spectrum of human knowledge and images is one of
the most difficult of the long-term goals of artificial intelligence research. But if constraints
are applied to the amount of vocabulary and areas of subject matter the subsystem is
expected to handle, the problem becomes tractable, though still very difficult.

Knowledge-based expert systems are important for the task of automating satellite control
because the methodology is domain-independent (hence applicable to a diversity of
domains) and they are emerging as practical systems. Some developmental systems
(DENDRAL, for example), created primarily for the purpose of advancing AI, have
yielded useful results in the specific domains in which they operate (e.g., in the case of
DENDRAL, inferring chemical structures). We have finally reached the point at which
practical expert systems are appearing outside the laboratory environment. It is important
that we apply their architectures and search techniques to similar problems that can’t be
solved using traditional techniques.

APPLICATION TO SATELLITE CONTROL

The functions that need to be automated to perform satellite control include elements of
planning, detection of abnormal situations, diagnosis, problem-solving, and many such
simple and straightforward tasks as verifying that a message has been received. They
include:

• Off-line, prepass planning, including the preparation and verification of commands to
be sent during the pass is performed. Schedules, checklists, and logs to be used during
the pass and contingency plans that are dependent on information received from the
spacecraft during the pass are generated and made easily accessible.

• Circuits are set up and tested on line and prior to the pass. The various equipment and
software to be employed during the pass are tested and verified, and commands are
then loaded in readiness for transmission to the spacecraft.



• During the pass, the analyst first determines whether or not the spacecraft is in the
expected condition, so that transmission of the planned commands can proceed. He
does this by looking at displays generated from telemetry data received from the
spacecraft. The displays are formatted to show relevant parameters and conditions,
and may also show allowable ranges or flag parameters that are out of limits. If
everything is in order, the analyst sends the commands. If not, a contingency plan may
be executed. If the situation is not covered by a contingency plan, the situation may be
diagnosed and corrected during the pass - or many have to await off-line analysis and
possible action during a subsequent pass. The diagnosis may require consultation with
experts knowledgeable about almost any aspect of the spacecraft. Following the
transmission of commands to the spacecraft, a copy of its command memory is
retransmitted to the ground station for verification by the analyst.

• After the pass, the analyst records, reviews, and verifies the preceding events, and
makes appropriate entries in the log.

• Off-line, in-depth analysis may be required after the pass to diagnose a problem. If the
problem is serious, the lead analyst will be called, as well as other appropriate experts.
Telephone consultation may take place any time of day or night. Meetings may be
necessary to review the data, possibly followed by analysis, simulation, and/or
experimentation.

Some of the above functions have already been automated using a deterministic approach.
Figure 2 indicates the differences between using a deterministic, table-driven approach and
a heuristic, expert-system approach to automate the satellite control functions. The table-
driven approach is adequate and most cost effective for automating the routine functions
and anomalies that are easy to identify and resolve.

Automation of the more complex aspects of satellite control lies in the areas of symbolic
modeling and representation, two of the pivotal areas of AI. Presently, the human’s
presence in the loop is required to make connections between what the human’s symbolic
model of the mission and spacecraft say should be happening at any moment and what is
actually happening. In this role, the human monitor draws primarily upon his knowledge of
cause-effect relationship, ones which are specific to the craft and others which are of a
more generic nature. Because of what he knows about the current phase of the mission, he
is able to compare the incoming parametric data with the expected conditions supplied by
his model. When anomalies arise, he can not only recognize them, but also use them in
combination with his symbolic model to hypothesize the nature of the, fault. He can then
issue further diagnostic commands to the craft, commands that will remedy the fault, or
commands to reconfigure and bypass it. This process is what the expert system must
automate. Figure 3 indicates the recommended approach for each level of spacecraft



anomaly resolution. The data base set up for the deterministic approach can also be used
by the expert system providing it was set up within the context of an expert system
architecture. Thus automation can proceed from the simple, straight-forward tasks to the
more complex, heuristic tasks by building on existing techniques and expanding existing
data bases.

ACCOMPLISHMENTS TO DATE

Basic tracking, telemetry and command (TT&C) and electrical power distribution
subsystem functions have been analyzed for one spacecraft program to identify the
deterministic “rules” that should be followed whenever an anomaly appears. Heuristic
rules to expand this knowledge base are being added as they are identified and can be
quantified. The inference logic that searches and draws on this knowledge base to arrive at
a solution has yet to be selected. There are many alternatives for choice of solution
direction, reasoning in the presence of uncertainty and searching a large knowledge base
space. Existing medical diagnosis expert systems have inference architectures that might
be adaptable to our application, but the degree of modification required has yet to be
established. Some aspects of the satellite control function that will require modification of
the medical diagnosis expert system architecture are: (1) The medical expert systems ask
questions of the operator to eliminate unprofitable search areas. The satelite control expert
system will get most of its information from a data base of raw and processed telemetry
data. The inference logic will have to be modified if the data necessary to decide which
path next to pursue is not in the data base (reasoning in the presence of uncertainty). This
difference is particularly important if the satellite controller is operating autonomously and
has no access to spacecraft system experts. (2) Existing diagnostic systems are focused in
one area of application. The satellite control system must accommodate multi-disciplines
and complex relationships between subsystems. (3) The expected spacecraft state must
usually be forecast from previous data. Therefore comparing current telemetry to a
“forecasted” state to determine if there is an anomaly or not only identifies whether the
forecast agrees with the actual data or not. If there is disagreement, the forecast may be
wrong or the spacecraft may actually be in an anomalous state. Current diagnostic systems
assume that the desired state is known with certainty.

CONCLUSION

Recent advances in the design of expert systems and the hardware/software developed to
support these systems allows this approach to be considered for automating higher levels
of satellite control than was possible using table-driven deterministic approaches. By
developing such a system for one spacecraft program, we hope to develop enough insight
so computer system size and performance requirements for various levels of automated
anomaly resolution can be provided. Another goal is to identify a “basic TT&C” expert



system that automatically would control “most” spacecraft. Spacecraft unique rules could
then be added to the basic knowledge base for each program as required.

The potential application of expert systems for automation of network scheduling, mission
planning, image processing, and configuration status and control is a parallel effort. AI
promises to simplify the operation of space support systems in general and hence reduce
operation costs significantly.
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ABSTRACT

The paper is an extension of two previous works published in the ITC 1974 and 1976
proceedings by the same author. It is the intent of this publication to summarize the two
previous papers; to include corrections; to expand the explanations; and to add new
material. This information has been accumulated from many system designs based on the
described procedures.

It deals with a variety of transmission systems and combinations of multiplexing schemes.
A number of tables and constants are provided as standards to be used in telemetry system
design thereby reducing calculating time.

System engineers are given a basic step by step procedure and format for the design of any
type of transmissions system. Also a computer program is now available to automatically
calculate all of the parameters necessary for the system design.

The last presentation of the system design procedure dealt with the information
accumulated over several years, and established the parameters from which the design
equations for PCM and PAM were updated. Since that time a concentrated effort was
initiated to verify the correct bandwidth equation which would be optimum for FM/FM
Multi-tone Systems. Again cognizant scientists and engineers were contacted and
interviewed. From past history and successes, it was well known that the bandwidth
equation known as “Carson’s Rule” provided an adequate bandwidth to guarantee the
system accuracies. However, it was also known that systems were in use, operating with
smaller bandwidth than specified by Carson’s Rule, and also providing acceptable data
accuracies. From the best information available, these systems were designed empirically
with painstaking testing effort to insure their accuracy. The investigation lead to another
bandwidth equation which appears to be the correct approach for providing the optimum
bandwidth for Multi-Tone Systems.



There is no doubt that this is not the first application of this bandwidth equation, but this
author could not find any documented information as to its use or validity when applied to
multi-tone systems. This presentation has designated the new bandwidth equation as the
“Multi-Tone Bandwith Equation” or “M/T Bc”. The actual equation and its verification are
provided later in this presentation.

A second corrective update was made in the design of the PAM/FM/FM Channel where
the subcarrier design equations are established based on the same parameters as PCM.
Since PCM and PAM are both pulse modulation, their design theories are similar for a
subcarrier channel. In the final PAM/FM/FM analysis, a lower frequency SCO will be
used as compared to that which was previously specified.

Again, the validity and verification of this update in the procedure is described later.

Finally, a third and significant addition to this presentation has been provided by
Mr. Matthew Egler, of Microcom Corporation, who has written four (4) computer
programs based on this procedure. Not only does this program provide the system design
effort, but also provides a program for the mixing networks required for systems with
PCM or PAM baseband, modulation together with a higher frequency SCO Multiplex
system on the same baseband PCM/PAM/FM + FM/FM. Without this network, the
baseband pulse adulation is rendered useless when coupled with an SCO Multiplex
system.

A third program available on the same floppy disc, is the computation of the SCO
Voltages and mixer amplifier gain necessary for modulating a transmitter with a specified
modulation sensitivity in accordance with the channel deviations as computed by the
System Design program.

The final program is the margin calculation based on the equations and procedure specified
in Attachment E of this presentation.

Hopefully this presentation will represent the final procedures and equations. However, if
any new information is accumulated based on analysis, experimentation, or field use,
which has an impact on the result of this paper, a further update will be submitted to keep
the methods described herein current and state-of-the-art. It is the author’s contention that
the capability to accurate system design lies in the use of the noise equations, and the
procedures developed around those equations.



INTRODUCTION

Analytical and mathematical methods have been employed in developing a straightforward
technique applicable to telemetry system design. The procedure is presented in a manner
which allows the designer to identify the crucial and important parameters and calculate
from closed form equations the values which are optimum for his system. Although a
system may be demonstrated empirically to operate properly under laboratory conditions, a
more quantitative approach is required to insure proper operation at receiver threshold
conditions.

System performance at receiver threshold, signal to noise ratios at the receiver output or
discriminator output, and operation under environmental conditions, are primary
considerations in the design effort. The following factors are some of the fundamentals
which characterize the system for threshold performance. From laboratory test results, the
realistic value of (S/N)in or (S/N)c equal to 12db has been accepted as the accurate value.
The subcarrier discriminator output signal to noise (S/N)d is 40db which allows a 1% noise
contribution. (S/N)d can be selected at any desired level based on the system requirements.
The accepted S/N levels are 37db or 31db for PAM decoders and 15db for PCM bit
synchronizers to attain the desired accuracy. The S/N levels for PAM channels are based
on the results of laboratory tests performed on the Heberling decommutator and verified by
decommutator manufacturers. Many technical articles and experiments have established
the S/N level for PCM systems.

With these basic design criteria established, the design objectives can be listed.

OBJECTIVES -

1) For FM/FM Multi-Tone Systems, calculate the optimum receiver bandwidth pre-
emphasis characteristics and total deviation where all channels fade simultaneously at
receiver threshold.

2) For PAM or PCM systems, calculate the receiver bandwidth, the total deviation, and
pre-modulation filter cutoff frequency, for optimum performance at receiver threshold.

3) For any system, calculate the minimum receiver IF bandwidth which supports the
modulation without contributing to distortion.

4) For any system, calculate the minimum RF power requirement which provides
successful system performance.

5) Specify voltage controlled oscillator performance specifications.
6) Determine special discriminator specifications such as center frequency, bandpass

and low pass filter characteristics, peak deviation requirements, and output voltage
characteristics.



7) For PAM or PCM, decide on baseband or SCO channel modulation, and make the
selection of SCO channel if chosen.

It should be stated that the contents of this paper and two previous papers which appeared
in the 1974 and 1976 ITC proceedings are extensions of the basic noise equations as
presented by Ken Uglow in 1957 and published by the I.E.E.E. Major contributions were
made by Gene Law of Point Mugu in the performance of laboratory tests and suggestions,
which influences the information contained in this presentation. The Glossary defines all of
the terms.

GLOSSARY -

A = The sum of the ratios of the SCO channels modulation a transmitter, where
the deviation of each SCO is normalized with respect to the deviation of the
highest frequency SCO modulating an RF carrier.

A' = Square root of the sum of the squares of the normalized SCO peak deviation
values

B =   multiplier factor

Bc = Receiver IF Bandwidth

Bout = Receiver Output Narrow Band Filter (3db Frequency Points),
Subcarrier Discriminator Input BPF (3db Frequency Points)

Bc(cal) = Receiver IF Bandwidth Calculated from Design Procedures.

Bc(sel) = Receiver IF Bandwidth Selected from IRIG Standards.

C1 = Constant, (S/N)out/(S/N)in related to Equations 2 and 3.

C2 = Constant,   as related to Equation 4.

Ckt = Channel Check Numbers to Insure Threshold Performance.

D = Pulse Duration in Seconds, Milliseconds, or Microseconds.



FB = PCM System Bit Rate

Fcr = PAM Commutator Clock Rate

FL = Lower Modulation Frequency (General Case)

Fm = Narrow Band Modulation Frequency (Center Frequency, Bandpass Filter
Case)

Fr = Rise Time Factor   related to Frequency in kHz.

FU = Upper Modulation Frequency

Fud = Maximum data frequency response of any SCO channel. (SCD output low
pass filter -3db frequency for simple modulation channels).

f D = Carrier Peak Deviation Produced By Baseband Modulation (for PAM or
PCM Baseband Modulation).

fD' = Relative Modulation Amplitude of Baseband Modulation Signal.

fDf = Final Transmitter Deviation for Baseband Modulation Resulting from Bc(sel).

fdc = RF Carrier Peak Deviation for an SCO Channel.

fdc' = Relative Modulation Amplitude of an SCO Channel.

fdcf = Final SCO Channel Transmitter Deviation Resulting From Bc(sel)

fdc(min.) = Required minimum SCO channel deviation to limit or lock subcarrier
discriminator fdc(min.) = 5kHz.

fdcu = Highest SCO Channel Transmitter Deviation.

fds = SCO Peak Deviation Due to Data Modulation.

fs = SCO Center Frequency

fsu = Highest Frequency Channel in an SCO Multiplexer.



fU = PCM or PAM Pre-Modulation Filter 3db Frequency for Baseband
Modulation.

fU ' = PAM Pre-Modulation Filter 3db Frequency for PAM Multiplex Systems
using (S/H) Deconmutator.

fu = PCM or PAM Pre-Modulation Filter 3db Frequency for SCO Channel.

fVU = Receiver Output LPF 3db Frequency for PAM or PCM Baseband Multiplex
Systems.

fVU ' = Receiver Output LPF 3db Frequency for PAM Baseband Multiplex Systems
Using (S/H) Decommutator.

)f = Peak Deviation of RF Carrier by a single SCO Channel

)f ' = Total Peak Deviation of an RF Carrier by all of the SCO channels as
calculated by the square root of the sum of the squares of the individual SCO
peak deviations.

K =    = Percentage Modulation of an SCO.

M = Modulation Index as Related to Transmitter Modulation.

N = Modulation Index As Related to SCO Modulations.

Nr = Number of Rise Times Related to Leading Edge of a Pulse and Ultimate
Amplitude.

SCD = Subcarrier Discriminator

SCO = Subcarrier Oscillator

(S/N)c = Receiver Carrier to Noise Ratio, Expressed as a Voltage Ratio Related to the
FM Multiplex System Equation 4.

(S/N)d = Data or Discriminator Output RMS Signal to Noise Ratio Expressed as a
Voltage Ratio Related to the FM Multiplex System Equation 4.



(S/N)in = Receiver Carrier to Noise Ratio Expressed as a Voltage Ratio Related to the
Baseband Modulation Equation 3.

(S/N)out = Receiver Data Output Noise Ratio Expressed as a Voltage Ratio Related to
Baseband Modulation Equation 3.

Tr = Pulse Duration Related to Rise Time.

Four channel noise equations are listed from which the systems design procedures are
developed. Equation 1 is the general noise equation and the subsequent three equations are
special cases of the general case.

GENERAL CASE:

EQ. (1)

NARROW BAND CASE:

Primarily associated with a narrow band filter when used at the receiver output. In FM/FM
Multiplex systems, the RF receiver and BPF of the SCD are the typical examples of this
case and is one of the equations used in the development of the noise equation for any
FM/FM channel.

EQ. (2)

LOW PASS FILTER CASE:

The equation for calculating PCM or PAM baseband modulation parameters, and also for
calculating the subcarrier frequency discriminator parameters, the SCD is a second
receiver in the FM/FM channel.

EQ. (3)



FM/FM CHANNEL CASE:

The combination of EQ. (2) and EQ. (3), where the RF receiver and subcarrier
discriminator BPF represent the narrow band case EQ. (2) and the subcarrier frequency
discriminator fits the low pass filter case EQ. (3).

EQ. (4)

These equations form the basis for developing the procedures and equations for optimum
system design. The bandwidth terms (Bc), and the bandwidth equattion Bc = 2 ()f + FU)
were given considerable discussion in the previous papers, and will be further updated in
this presentation. Reviewing the four channel noise equations establishes the receiver IF
bandwidth (Bc) and the deviation (fD or fdc ) as the two unknowns to be calculated for their
optimum values. Solving the bandwidth equation and any one of the noise equations
simultaneously will result in optimum values for both terms.

BANDWIDTH AND MODULATION CONSIDERATIONS

Three bandwidth equations are applicable for transmission systems. These bandwidth
equations will be described in terms of their significance to this presentation. The full
bandwidth equation, well known as Carson’s Rule, has been expounded in textbooks and
technical papers and used in FM design practice for many years.

Bc = 2 ()f + FU) EQ. (5)

Although this equation is not rigorously derived herein, in my 1976 paper it was compared
to the power relations of the Bessel Power Sideband Function Tables, Attachment D, for
modulation indices greater than one, and found to be accurate for single sinewave
modulation signals. The equation’s accuracy is a function of the bandwidth required to
pass all power sidebands which are greater than 1% in amplitude. The single sinewave
modulation bandwidth equations applies to PAM/FM systems, for reasons which are
discussed later in this presentation. It is not correct for determining minimum bandwidth
required for multi-tone systems.

It now becomes necessary to define the correct bandwidth equation which applies to multi-
tone systems. After extensive discussions with many system engineers who had dealt with
this problem, it was decided that the deviation term )f of the bandwidth equation
Bc = 2()f + fsu) should be calculated based on the square root of the sum of the squares of
the individual channel peak deviations and is now designated delta f prime



where )f sub one thru n are the peak deviations of the

individual subcarrier channels). Then, the new bandwidth equations which is referred to as
the multi-tone bandwidth rule M/T Bc will equal.

M/T Bc = 2()f ' + fsu )

To verify the validity of this new bandwidth equation, the problem was again submitted to
Gene law of Point Mugu who set up various models to provide information and spectrum
analyzer displays of the multi-tone systems. The amplitude of the sidebands were then
measured and it was verified that for a multi-tone system, all of the sideband energy
beyond the bandwidth as calculated by M/T Bc = 2()f ' + fsu ) was less than 1% of the total
sideband energy. Based on these results, it was generally agreed that this new bandwidth
equation will provide the optimum IF bandwidth for multi-tone system.

As a further note, the new bandwidth equation will satisfy Carson’s Rule for a single tone
modulation system where the deviation for a single tone is;

Then, for the purposes of this presentation, the multi-tone bandwidth rule will replace
Carson’s Rule in the calculations of bandwidth for multiplex systems. This includes
FM/FM, PAM/PCM/FM/FM, and system containing PAM or PCM on baseband with
SCO channels located above baseband modulation; PCM/PAM/FM + FM/FM

A second bandwidth equation applies to the FM subcarrier channels for modulation indices
greater than one. An explanation for the validity using this equation is covered later under
the title “Simple Modulation”.

Bc = 2)f = 2fds EQ. (6)

The third bandwidth equation is applicable for modulation indices of less than one,
covering PCM modulating a transmitter on baseband or PCM/PAM modulating an SCO.

Bc = 2FU EQ. (7)

The rules for selecting the appropriate bandwidth equation is based on the type of
modulation signal, the frequency response requirements, and the modulation index.
Modulation is classified into three types - simple, multi-tone and pulse.



SIMPLE MODULATION:

Simple Modulation is defined as a data signal which contains a fundamental frequency and
its harmonics, or a variable frequency with a finite bandpass requirement. DC signals,
thermocouple outputs and sine wave signals are common types of simple modulation
signals.

Standard instrumentation transducers such as Piezo Electric, RTC, and Gilmore pick ups
are examples of more sophisticated devices which develop simple modulation signals. It
applies mainly to the subcarrier channel.

All subcarrier discriminators employ an input bandpass filter (Bout) where the bandwidth is
based on the simple modulation case, (Bc = 2)f). The following explanation justifies its
use for subcarrier channel calculations.

At any modulation index greater than one, the Bessel function Tables indicates that
limiting the bandwidth to 2)f, all sideband energy beyond the modulation peak deviation
is eliminated. Further analysis shows that the energy of the sidebands extending beyond
the peak deviation is equal to approximately 3% of the total spectral energy.

Subcarrier discriminators contain Bessel type input bandpass filters with a 3db bandwidth
equal to 2)f. With simple type modulation applied to a SCO channel, the 3% sideband
spectral energy eliminated by the subcarrier discriminator bandpass filter has the effect of
a slight change in modulation index without adding distortion. The amount of degradation
in frequency response as a result of the small decrease in sideband energy is equivalent to
a .25db change in frequency response (dB = 20 log .97). Therefore, the subcarrier
discriminator bandpass filter with bandwidth equal to 2)f provides sufficient accuracy for
any SCO channel. It is not adequate for multi-tone systems where suedo sidebands are
generated and must be provided for to avoid crosstalk.

MULTI-TONE MODULATION:

A composite FM/FM mixed signal is the prime example of multi-tone modulation. In
multi-tone modulation, the modulation index cannot be expressed in terms of the highest
modulation signal, but must be calculated by the square root of the sum of the squares of
each SCO modulating the transmitter. Also, the transmitter deviation increases in
amplitude with increasing frequency SCO’s to satisfy the (S/N) requirements. In many
FM/FM multi-tone systems, the transmitter modulation frequency is greater than the total
system deviation ()f '). For these reasons the bandwidth equation, with terms reflecting the
multi-tone system, is required. Experimental multi-tone system models have verified the 



following bandwidth equation where the total system deviation ()f ') is equal to the square
root of the sum of the individual channel peak deviations.

M/T Bc = 2()f ' + fsu ) EQ. (5)

PULSE MODULATION:

PAM or PCM channels are examples the of pulse modulation. The frequency distribution
of these pulses are described by the sine x/x equation. A study of this equation indicates
the presence or absence of harmonics based on the pulse width and the period. A
symmetrical square wave has no even harmonics. The period to pulse duration, of a square
wave indicates the harmonics which are not present. As the ratio increases, the wave form
will have less and, less harmonics missing and will approach a steady state condition. The
bandwidth required for this type of modulation must consider a long pulse duration
condition to avoid “thresholding”.

The term “thresholding” relates to the modulation signal becoming noisy when deviating
the carrier to the IF bandedge for long periods. Since the bandedges of a bandpass filter
are 3db down from center frequency, the modulation signal becomes noisy at receiver
threshold under band limited conditions. Threshold is directly related to modulation index
and is the reason for the different bandwidth equations used in PAM and PCM channels.
To avoid thresholding the channel peak deviation is never greater than 80% of the peak
channel bandwidth.

An analysis of PCM modulation (NRZ) results in a modulation index of less than one,
therefore the bandwidth equation which applies is:

Bc = 2FU EQ. (7)

For PAM FM/FM, the subcarrier channel will be designed for the same modulation index
as described for PCM baseband modulation. This design approach will result in an
increase of transmitter deviation required by the subcarrier oscillator modulating the
transmitter to provide 37db (S/N)d at the output of the SCD. Although there will be an
increase in transmitter deviation, the subcarrier channel bandwidth will be minimized due
to operating at a modulation index of less than one (N < 1). This smaller SCO bandwidth
will allow the selection of a lower frequency SCO channel whose bandwidth will be:

Bout = 2Fud

Again, the channel deviation will be as stated before since the PAM Decommutator input
circuitry is equivalent to a low pass filter, whose cut-off frequency is equal to the PAM



clock rate, the PAM FM/FM channel bandwidth equation normalized to the clock rate
where Fud = Fcr and

Bout = 2Fcr

In systems using PAM on baseband, the modulation index will always be greater than one
and therefore, the full bandwidth equation applies using terms related to PAM:

Bc = 2(fD + Fcr) EQ. (5)

SUMMARIZING THE DISCUSSIONS ON BANDWIDTH AND MODULATION,
THE RULES FOR SELECTING THE APPROPRIATE BANDWIDTH
EQUATION ARE AS FOLLOWS:

1) For simple modulation, with modulation indices greater than one, the bandwidth
equation Bc = 2)f applies. Simple modulation applies to sinewave signal, or
transducer signals normally associated with a telemetry subcarrier data channel.

2) For multi-tone modulation, the full bandwidth equation (Bc = 2()f ' + fsu ) is required,
where

3) For PCM (NRZ) or PAM/FM/FM where the modulation index is less than one, the
bandwidth equation is Bc = FB or Bout = 2Fcr

4) For PAM (NRZ) transmitter baseband modulation the modulation index is greater
than one and the bandwidth equation Bc = 2(fD + Fcr ) applies.

TYPES OF TELEMETRY MODULATION AND APPROPRIATE DESIGN
EQUATIONS:

A review of the discussions on bandwidth, modulation, and the noise equations reveal that
only two unknown parameters exist for determining optimum performance. The two
unknowns are the channel deviation (fdc or fD) and the receiver IF bandwidth (Bc).
Optimum performance is defined as maintaining the desired data accuracy at receiver
threshold, with the minimum IF bandwidth.

Referencing the two previous papers published in the ITC proceedings, updated
procedures for solving the noise and bandwidth equations for a variety of telemetry
systems are developed in this presentation. An elaboration of the important factors and
terms in the solution is provided along with new material from more current system
configurations. The new procedures will provide the required information to design any



type of telemetry system for optimm performance and specify the related significant
parameters. To avoid confusion, PAM and PCM will be discussed in terms of an NRZ
format. The system design charts will address the design equations for NRZ format with
reference to the terms required for determining the BI0/ format equations.

PCM MODULATION:

Pulse Code Modulation will modulate a transmitter on baseband or modulate a subcarrier
channel, depending on bit rates and system requirements. In the latter case, the SCO is
treated as the transmitter and the low frequency subcarrier discriminator is considered the
receiver. For any type of system using PCM modulation, the noise equation which applies
is the Low Pass Filter Case (EQ3), and the bandwidth equation will be Bc = 2FU. From an
analysis of the input characteristics of a PCM bit synchronizer, the input is equivalent to a
LPF, having a corner frequency at half the bit rate (FB/2). Then from the noise equation
parameters FU = FB/2 and the bandwidth equation reduces toBc = FB.

Before developing the PCM design equations, it is necessary to discuss the use and impact
of premodulation filters with respect to channel accuracy, and bandwidth requirements.
Also the number of poles the premodulation filter will require is dependent on the system
design. laboratory experiments have clearly shown a degradation in Bit error accuracy with
the use of premodulation filters. The bit error degradation occurs only at receiver threshold
and is caused by the reduction in energy in the pulse resulting from the premodulation
filters. Premodulation filters do have a useful function in the elimination of the sharp
leading edge of the PCM pulse. They limit the transmission of the higher frequency
components, thus eliminating the possibility of ringing in the system due to non-linear
phase type of filter circuits. However, a non filtered PCM signal will result in the best bit
error accuracy, provided the receiver IF is a linear phase type with the correct bandwidth.
The receiver IF bandwidth required is independent of the pre-modulation filter cut-off
frequency because it is determined from the bit synchronizer input frequency response
characteristics (FU). Since any pre-modulation filtering or receiver output video filtering
will contribute to the PCM bit error accuracy, filter design compromises are presented in
this paper to minimize their effects. From this discussion, it becomes apparent that as little
pre-modulation filtering as possible is desired. For PCM/FM systems where PCM
modulates a transmitter baseband or the PCM is applied to an SCO input, the
recommendation is to use a single pole RC filter with a 3db point at one times the bit rate.
This approach will provide moderate filtering to eliminate the sharp leading edges of the
pulse yet have the least effect on reducing the pulse energy. Where PCM is multiplexed
with SCO’s and modulates a transmitter on baseband the use of 6 pole filters are necessary
to minimize the channel separation between the PCM, and the SCO channels. From the
normalized bessel function filters graph contained in the Appendix of this paper, the effects
of various combinations of premodulation and output filters selection can be calculated



Based on the discussions and laboratory experimentation, the following system design
considerations for pre-modulation filters are suggested for PCM NRZ formats.

1) PCM Modulating An SCO: PCM FM/FM

The pre-modulation and discriminator output low pass filter corner frequencies should
be designed for one times the bit rate (fu & fud = FB). A single pole RC pre-modulation
filter and a 4 or 6 pole bessel discrimination output low pass filter will minimize the
bit error degradation of the system. It will also result in the correct discriminator
output low pass filter for adequate subcarrier frequency filtering.

2) Multiplex Systems with PCM and SCO’s Modulating a Transmitter on Baseband:
PCM/FM + FM/FM

The pre-modulation cutoff frequency will be of utmost importance since it will
ultimately decide the frequencies of the SCO Channels. The following criteria is
recomended for selecting the cutoff frequencies of the pre-modulation and receiver
output filters associated with the channel. Both filters shall be at least 6 pole bessel
types low pass filter set at .7FB. The combined filter characteristics is the best
compromise to minimize the bit error and provide the optimum selection of system
components.

3) PCM Modulating the Transmitter on Baseband:

The system is similar to the PCM subcarrier channel except there are no restrictions
on the receiver video filter, as compared to the subcarrier discriminator case. The
premodulation filter and the receiver output video cut-off frequencies are selected to
limit the bit errors. The recommendations for the pre-modulation filter cut-off point is
fU = FB and the receiver video output filter is adjusted for fVU = 2FB.

This information pertaining to the selection of the pre-modulation filter and all other filters
will be summarized in the system design charts.

From the previous discussions, PCM is pulse type modulation at a modulation index of
less than one. The low pass filter case of the noise equations applies with a bandwidth
equation Bc = FB.



LOW PASS FILTER CASE - Equations related to PCM NRZ baseband moduation
including the SCO channels.

EQ. (3)

The following are the known parameters.

FU = ½FB

(S/N)out = 15db (5.62 volt ratio)

(S/N)in = 12db (3.98 volt ratio)

Pre-Modulation and Receiver Video Filters

fU =FB (Single Pole RC)

fVU = 2FB (Receiver Output Video Filter)

Pre-Modulation and Receiver Output Filter for PCM Multiplexed with SCO’s on
Baseband:

fU = .7FB (6 Pole Bessel Type)

fVU = .7FB (6 Pole Bessel ‘Iype)

Pre-Modulation and Discriminator Output Low Pass Filter for SCO Channel:

fu = FB (Single Pole RC)

fud = FB (4 or 6 Pole Bessel Type)

Receiver or SCD Bandwidth Equation

Bc or Bout = FB = 2FU EQ (3A)



FD = (2/3)½ C1   EQ. (3B)

Substituting EQ. 3A into EQ. 3B and solve for modulation index where M = fD/FU

EQ. (3C)

Substitute appropriate S/N ratios into EQ. 3C and determine the modulation index of the
PCM Channel for baseband modulation or modulating an SCO.

The peak deviation fD or fdc is computed from the modulation index equation where:

EQ. (3D)

Note:  The deviation parameter as developed from the noise equations can be compared to
deviation of .35FB developed by other methods. Both deviations provide similar results,
and only in the most severe bandwidth limited cases did the deviation equation fD = .35FB

show any advantage.

The relative deviation amplitude equation of a PCM modulation channel is:

EQ. (3E)

This relative amplitude equation is used when solving for the parameters of a multiplex
system containing more than one modulation disciplines.



Since the modulation index equation of the PCM channel is less than one, the same noise
and bandwidth equations apply to the design and selection of an SCO Channel modulated
by a PCM signal, therefore, the same equations previously developed apply except for
some difference parameter designations. (Bc becomes Bout and M is designated N). Both
the PCM baseband modulation and the SCO PCM modu ation type channels will be
addressed in the system design chart.

Another consideration is the affects of IFM on PCM baseband modulation. One of the
principle advantages of PCM modulation is the small transmitter deviation required to
maintain the bit error accuracy. However, sufficient transmitter deviation is also required
to overcome any system IFM resulting from the mechanical environments such as vibration
and shock. The final system deviation from a PCM channel modulating a transmitter on
baseband should be adjusted (if necessary) to minimize the effects of the IFM. IFM occurs
when the transmitter components are disturbed due to shock or vibration causing a
modulation signal unrelated to the PCM modulation signal. The analysis for developing the
levels of IFM affecting PCM are beyond the scope of this paper. However, based on
reported results from experiments and users, the following suggestion is provided. A safe
level for PCM baseband modulation, with IFM interference from vibration or shock shall
be as follows:

The ratio of the PCM deviation, to the
transmitter IFM specification under
shock and vibration will be 4 to 1.

In designing a PCM/FM/FM Channels, the above discussion does not apply, since an SCO
is virtually IFM free. The System Design Chart will cover the suggested ratio of PCM
deviation to IFM interference in the appropriate part of the procedure.

PAM MODULATION:

The same noise equations and procedures apply to PAM as were developed for PCM. The
following information describes the bandwidth equation, pre-modulation filter and the
channel parameters, as related to PAM modulation. Also discussed will be the different
results in the pre-modulation filter parameter values for the two types of PAM
decommutators which are presently in use (INT) Integration Type and (S/H) Sample and
Hold Type. In some system designs the S/H Decornmutator will be specified because of its
characteristics which can result in closer channel separation for PAM Baseband multiplex
systems.

The characteristics of the PAM Decommutator will determine the values of FU and
(S/N)out. From experiments at Point Mugu, the input characteristic of the Heberling



Decommutator is equivalent to a LPF with a frequency cutoff at one times the PAM
Commutator clock rate. All other PAM Decommutators exhibit the same input
characteristics. Also, from experimentation on the Heberling PAM Decommutator, the
signal level at the receiver output (S/N)out should be designated at 37db. An additional 3db
is contributed by the output data channel filter with a 3db point at twice the data rate. Then
a total of 40db at the PAM Decommutator Data Channel output, results in a 1% noise
contribution to the overall channel data error analysis. If a 2% noise system is acceptable,
the (S/N)out reduces from 37db to 31db. This same analysis applies for the S/H type
Decommutators. The advantage of a lesser accuracy system is the reduction in required
system bandwidth. Since the Decommutator input characteristics dictate the frequency of
the FU parameters in the noise equation, the pre-modulation and receiver output LPF are
religated to limiting the transmission response and the receiver output noise. Again, it is
stated that pre-modulation and receiver output filters will contribute some error to the
system accuracy. The pre-modulation filter does become significant in the design of
baseband multiplex system to insure closer channel separation, and will require 6 Pole
Bessel Type filters. For single channels PAM baseband systems, the single pole RC pre-
modulation filters are sufficient.

The procedure for determining the various pre-modulation and receiver output filter cutoff
points (fU and fVU) can be described by the following discussion.

From the wave forms of the NRZ PAM Pulse (Figures 1A and 1B) the rise time and
frequency response of the pre-modulation and receiver output LPF can be analyzed for the
Integration Type (INT) and Sample and Hold Type (S/H) Decommutators.

An integration type PAM Decommutator, Figure 1A, samples the signal during the middle
50% of the channel pulse. The sample window is integrated and the channel output is a
function of the amplitude of the integrated sampling window. A pre-modulation filter
conditioning the pulse as shown in Figure 1A, will limit the frequency response and will
have minor effects on the system accuracy, because nothing occurs in time until the
beginning of the sampling window. It is important that the ultimate amplitude is reached in
sufficient time, to avoid errors in the sample window.

From Figures 1A and 1B, it is obvious that any encroachment into the sampling areas will
have less effect on the integration type decommutator due to its much larger sampling
window, than would be experienced in the S/H type decommutator.

For this reason, when designing the filters for a PAM system using an integration type
decommutator, both the premodulation and receiver output LPF 3db frequency points will
be based on the pulse rise time eualling one fourth thepulse duration. (Tr = D/4) (Figure 4).



Figure 1A Figure 1B
Integration Type Decom Sample & Hold Type Decom

(INT) (S/H)

In analyzing the effects of filtering as related to the S/H type decommutators, the
cascading of the pre-modulation and receiver output low pass filters will affect the ultimate
amplitude of the pulse to a much greater extent. For this reason, the frequency cutoff
points of the pre-modulation and receiver output low pass filters are extended so that the
combined attenuator of the filters at the sampling point will be a maximum of 3db down.
The sample and hold type decommutator (Figure 1B) samples a narrow pulse at ½D.
Experiments were performed on the sample and hold type (EMR 515) decommutator to
determine the performance characteristics. Using a linear phase 6 pole Bessel filter, it was
shown that a PAM signal conditioner at ½D, while operating at receiver threshold
(S/N)in = l2db, resulted in no crosstalk between channels and a 40db signal to noise ratio at
the output of the PAM data channels. A rise time of less than ½D did not improve
performance, and a rise time beyond the ½D point resulted in crosstalk. As the system
(S/N)in dropped below threshold the PAM data channel noise increased until the PAM
decommutator lost lock.

These discussions on PAM signal conditioning will result in separate equations for
determining the system filter cutoff points of the Integration Type Decommutator as
compared to the S/H type decommutator.

The rise times and corresponding frequency responses are calculated in the following
manner for a single pole RC pre-modulation filter. The number of rise times related to any
point on the rise time curve is given by:



Nr = -ln (1-p) EQ. (8)

Nr = Number of Rise Times

p = The Proportion of the Ultimate Level Desired

ln = Natural Log Operator

The number of rise times is related to frequency response in terms of radians. Dividing the
number of rise times, Nr by 2B radians, converts Nr to a frequency response term (Fr)
related to the pulse rise time. By dividing the rise time factor Fr by Tr , the point where the
sampling window begins is designated in terms of frequency. The following table is based
on EQ. (8) to show the number of rise times and the factor (Fr) for determining the
frequency response necessary to satisfy various ultimate amplitudes of a  single pole RC
filter.

Table 1

RISE TIME FACTORS Fr

p (% of Ulti
mate Amplitude)

N = (# of
Rise Times)

99.8%
99%
98%

6.28
4.60
3.91

1.000
.733
.623

In many telemetry systems, four or six pole Bessel type pre-modulation filters are specified
for their response and attenuation characteristics. The mathematical derivation of the
equations for 4 or 6 pole filters, Attachments B1 and B2, to determine the number of rise
times Nr for different ultimate amplitudes is beyond the scope of this paper. However,
from experimental results the factors,  Fr determined for a single pole RC filter, with
respect to 98 to 99.8% amplitudes are sufficiently accurate when applied to both the 4 and
6 pole Bessel filters.

Careful consideration is necessary in selecting the rise time factor Fr for PAM modulation.
This selection affects the amount of error introduced into the channeirby the pre-
modulation filter. It is obvious from Figure 1 that any infringement into the sample window
results in error. For the purposes of this paper, and the development of procedure which
follows, the best compromise in terms of the rise time factor, Fr is 98% or .623.



Thus, the selection of the rise time factor Fr and pre-modulation filter response must be
made by the system engineer with a view toward minimizing the effects on data accuracy.
Understanding the characteristics of the modulation signal, the system parameters, and
having the equations required to make the appropriate selections and calculations will
result in the optimum system design. The frequency response for the different types of
decommutators is computed by the equations:

Integration Type Sample and Hold Type
 Decommutators       Decommutators      

fU = 3db Frequency Response Point

Fr = Rise Time Factor = .623 for
98% Ultimate Amplitude

D = Pulse Duration = 1/Fcr

For S/H type decommutators, the 3db points of the pre-modulation and receiver output low
pass filters are extended based on the following discussions. If both the pre-modulation
and receiver output LPF are designed for the cut-off point fU as previously specified, then
the combination of both filters would result in the response curve being down 6db instead
of 3db at the point of interest. To avoid this problem, a suitable compromise is to extend
the cutoff frequency so that each filter is 1.5db down at fU instead of 3db down. Bessel
type filters are used for pulse type modulation to avoid ringing. Referring to the 4 and 6
pole normalized curves, Attachments B1 and B2, the attenuation is 1.5db down at .7 times
the 3db cutoff point. To extend the cutoff frequency of the filters, the calculated value of fU

must be divided by 0.7. The new value (fU ') for pre-modulation and receiver output low
pass filters 3db points, where using a S/H type decommutator will be:

Summarizing the discussions on pre-modulation and receiver output IPF filters, for PAM
single channel baseband modulation the premodulation filters will be a single pole RC set
at fU = 2.5Fcr and the receiver output video filter should be set at 2fU = 5Fcr .

For subcarrier channels both the premodulation and the SCD output LPF are designed for
the same cutoff frequency for either the integration or S/H type of decommutators.



fu and Fud = 2.5Fcr

The premodulation SCO filter will be a single pole RC and the SCD output LPF will be 4
or 6 pole Bessel type.

For systems where PAM is multiplexed with SCO’s both modulating the transmitter on
baseband, and using an integration type decommutator, the PAM channel filters (fU and
fVU) will equal 2.5Fcr and each filter will be at least a 6 pole Bessel type. This procedure
will provide the lowest frequency SCO’s which can fit the system. When using a S/H type
decommutator fU ' and fVU ' will equal 1.78Fcr and each filter will be at least a 6 pole Bessel
Type.

LOW PASS FILTER CASE - Equations related to PM Baseband Modulation:

EQ. (3)

The following are the known parameters:

FU = Fcr , (S/N)in = 12db (3.98 volt ratio)

(S/N)out = 37db (70.8 volt ratio) = 1% Noise or

(S/N)out = 31db (35.5 volt ratio) = 2% Noise

Single Channel Systems

Pre-Mod and Receiver Video Filters

fU = 2.5Fcr (Single Pole RC)

fVU = 5.0Fcr (Receiver Video Filter)

Multiplex Systems

Pre-Modulation and Receiver Output Filter

fu = 2.5Fcr (6 Pole Bessel Type)
Integration Type Decommutators

fVU = 2.5Fcr (6 Pole Bessel Type)



fU ' = 1.78Fcr (6 Pole Bessel Type)
S/H Type Decommutators

FVU ' = 1.78Fcr (6 Pole Bessel Type)

Receiver Bandwidth Equation:

Bc = 2 (fD + Fcr) EQ. (3A)

Solve Noise Equation (3) for fD and substitute the following:

Cl = (S/N)out/(S/N)in , FU = Fcr

EQ. (3B)

Square both side of the equation and substitute Bc = 2(fD + Fcr)

Cross Multiply:

Divide by Fcr where the mod index 

EQ (3CC)

Solve mod index equation for (S/N)out = 37db and (S/N)in = 12db (1% Noise data channel)



Solve mod index equation for fD and BW equation for Bc .

fD = MFcr

f D = 4.4Fcr EQ. (3DD)

Bc = 2(fD + Fcr

= 2(4.4Fcr + Fcr)

= 10.8Fcr

The same parameters calculated for (S/N)out = 31db and (S/N)in = l2db (2% Noise Data
Channel) are:

M = 2.7

fD = 2.7Fcr

Bc = 7.4Fcr

Where the system will be configured with PAM on baseband multiplexed with SCO’s, the
relative amplitude equation is:

fD ' = (2/3)1/2  Cl (Fcr)
3/2 EQ. (3EE)

Equations Related to PAM Modulating an SCO:

The procedure for PAM/FM/FM where PAM modulates an SCO, results in equations
which are the same as a PCM FM/FM channel. The channel will operate at N = .82
because Fud = Fcr and (S/N)d is selected at l5db. Operating the SCO in this way will require
a subcarrier discriminator input signal above threshold, but the trade offs of the signal to
noise ratios and modulation index will result in the selection of the lowest SCO channel
frequency and a minimum receiver IF bandwidth.

For selecting an SCO for a PAM modulating signal, the known facts are as follows:

(S/N)d = 37db

Based on the PCM baseband calculations, we know the modulation index will be:



N = .82

Then, the required subcarrier channel bandwidth for a channel whose modulation index is
less than one is:

Bout = 2Fud

From the previous discussions, Fud is dictated by the PAM decommutator characteristics
where:

Fud = Fcr

And the subcarrier deviation will be calculated from the modulation index equation:

The SCO peak deviation will be 82% of the channel peak SCD bandwidth which will
satisfy the requirements of thresholding as described in the PCM discussions.

The bandwidth equation will be:

Bout = 2Fcr

Where Fcr = Fud

substituting the bandwidth equation into the deviation solution (fds) of the noise equation
result in the modulation index (N) equation:



Dividing by Fcr where 

EQ. (3cc)

Equation (3cc) can be solver for (S/N)in by substituting the known values of
(S/N)out = 37db and N = .82, the result will be:

Then for a PAM/FM/FM channel designed as described above, the subcarrier
discriminator (S/N)in at receiver threshold (S/N)c will be 33.95db or (33.95 - 12), 21.95db
above the subcarrier discriminator threshold point. The PAM Channel can also be
designed for (S/N)d = 31db (2% Noise) using the same equations.

As described earlier, the premodulation filter and subcarrier discriminator output low pass
filter for an SCO channel are calculated as follows:

fu = 2. 5Fcr (Single Pole RC)

fud = 2.5Fcr (4 or 6 Pole Bessel as part of the
subcarrier discriminator)

The same IFM CONSIDERATION problems exist with PAM modulating baseband as
discussed in the PCM section of this paper. Sufficient deviation is necessary to overcome
IFM to insure noise free data. Multiplex system with PCM on baseband are most
susceptible because of the small deviation. Much less of a problem exists with PAM
modulation because of the large (S/N)out (31 or 37db) dictating larger deviations; however
the same IFM rule as stated for PCM will apply for PAM.



NARROW BAND MODULATION:

Narrow Band Modulation is governed by the Bandpass Filter Case and from Equation
EQ. (2) the system design equations are developed. A doppler signal which is received
with a tracking filter at the output of the receiver, is an example of narrow band
modulation. The greatest use of the narrow band case and its equations, is for an FM/FM
channel with a receiver and a subcarrier discriminator bandpass filter with a bandwidth
equal to 2fds .

NARROW BANDPASS FILTER CASE EQUATIONS:

EQ. (2)

EQ. (2A)

EQ. (2B)

Substitute EQ. (2A) into (2B) and where   and solve for modulation index M.

EQ. (2C)

The peak deviation (fD is computed from the basic equation  after calculating the
modulation index M. EQ. (2C)

fD = MFm EQ. (2D)

The relative amplitude equation of a Narrow Band Modulation Channel is:

fD ' = 2 @ Cl @ (Bout)
½ @ Fm EQ. (2E)



FM/FM MODULATION:

The noise equations which apply to multiplex systems are a combination of the Bandpass
Filter EQ. (2) and the Low Pass Filter EQ. (3) Cases. The RF receiver and the subcarrier
discriminator bandpass filter represent the bandpass filter case. The subcarrier
discriminator is the low pass filter case. When combining the receiver with a subcarrier
discriminator, the receiver output signal to noise ratio, is the predetected signal at the
output of the subcarrier discriminator bandpass filter (S/N)out . This same (S/N) ratio is the
(S/N)in of the subcarrier discriminator. Through substitution, the subcarrier channel noise
equation is developed:

EQ. (4)

The ratio            is the modulation index (N) of the SCO channel. The ratio              is the

modulation index (M) of the SCO channel modulation the transmitter.

By solving EQ. (4) for the deviation (fdc ) it can be seen how the 3/2 power law was
developed for proportional bandwidth systems and a 6db/octave taper for constant
bandwidth systems.

To maintain a constant (S/N) ratio for all the channels in a system, the deviation of
proportional channels is a function of (fs)

3/2 and for constant bandwidth channels it is a
function of (fs). The (fdc) equations are employed in determining the deviation of each SCO
channel and the overall transmitter pre-emphasis curve. However, in the initial design of an
FM/FM system, the two unknowns are channel deviation (fdc) and the optimum receiver IF
bandwidth (Bc). Although the deviation varies on a per channel basis, the receiver IF
bandwidth is common to all channels. Thus, the bandwidth term (Bc) can be dropped from
the equation, and the relative amplitude of the channel deviation (fdc) can be determined
from known parameters. This equation is the key in designing the system for optimum
performance, Step 3 of the System Design Chart, The (fdc) equations are also necessary in
Step 2 of the System Design Chart in solving for the parameters of a PCM or PAM/FM +
FM/FM system.

For this reason, the relative amplitude equations, fD ' and fdc ' , for all modulation cases are
listed and required in the design of FM/FM systems. Both proportional and constant
bandwidth equations for fdc ' are presented. Although they can be interchangeable, it is
convenient to use the appropriate equation to facilitate the system design effort. 



Attachment C is an fdc ' table of values for standard IRIG channels with modulation indices
of 2 and 5.

In the system design procedure, the values of fdc ' or fD ' are normalized with respect to the
highest modulation frequencies and each channel is represented by a relative amplitude
“A” one thru n. The total A prime factor (A ) is developed by combining the relative
amplitudes for each individual channel using the equation,

The A' factor will represent a number related to the total deviation of a multi-tone systems.
Note A1 will always equal one since it represents the relative amplitude of the highest
frequency channel.

Since an SCO multiplex system represent multi-tone modulation, the bandwidth equation
MT Bc = 2()f + fsu) is necessary in the development of the design equations for an FM/FM
system. )f is the total transmitter deviation as calculated by the square root of the sum of
the squares of each of the SCO’s peak transmitter deviation and fsu is the highest SCO
center frequency in the multi-tone system.

FM/FM MODULATION EQUATIONS:

EQ. (4)

Bc = 2 ()f ' = fsu) = 2 (A 'fdcu + fsu), EQ. (4A)

)f ' = A ' fdcu 



Substitute C2, N, and K into EQ. (4) and solve fdc , for both proportional bandwith
channels and constant bandwidth channels.

EQ. (4B)

EQ. (4B)

Substitute EQ. (4A) Bc = 2(A 'fdsu + fsu) into EQ. (4B) where   develop the
modulation index equation (M).

EQ. (4C)

The modulation index equation is solved for the highest frequency subcarrier channel fsu

then the deviation fdcu of the highest SCO channel is

Fdcu = Mfsu EQ. (4D)

The relative amplitude equations of an SCO channel modulating a transmitter are:

EQ. (4E)

EQ. (4E)

More detailed derivations of the various noise equations are contained in the 1974 and
1976 papers published in the ITC preceedings. As stated before, the contents of this
presentation makes necessary corrections; gives more detailed explanations; provides
definite rules for making important decisions; and formulates each type of system into an
independent step-by-step procedure.



DEVELOPMENT CHANNEL CHECK TABLES:

As part of the system design chart, channel check equation and tables are developed to
assure subcarrier discriminator threshold performance. Compliance with the check
equations eliminates the heretofore unexplained discrete channel dropouts which have
plagued system engineers over the years.

In explaining the method of checking channels for the correct deviation, Tables II and III
are devloped based on the Low Pass Filter Case equation as related to a subcarrier
discriminator. The (S/N)out is tabulated for various modulation indices (N). If the subcarrier
dis criminator of (FM/FM) multiplex channel represents the Low Pass Filter Case designed
with an input BPF (Bout) equal to twice the peak deviation of the SCO, then the bandwidth
equation will be Bout = 2fdds = 2)f.

The modulation index equation for the subcarrier discriminator can be developed for a
standard subcarrier channel using the low pass filter case of the noise equations:

Low Pass Filter Case:

EQ. (8)

The following are the known parameters.

Bout  =  2fds EQ. (8A)

From Equation (8):

EQ. (8B)

Square both side and substitute Bout 2fds



Divide both side by Fud
3 and solve for mod index where 

EQ. (8C)

Let  volt ratio and substitute into EQ. (3A).

Then, for subcarrier discriminators operating at threshold (S/N)in = 12db; the subcarrier
discriminator output noise (S/N)out is computed for various modulation indices, by EQ. (9).

EQ. (9)

Equation 9 applies for the standard subcarrier channel for any modulation index.

PCM or PAM/FM/FM are special cases of the subcarrier channel for which the
modulation index is equal to .82(N), and Bout = 2Fud .

EQ. (3CC)

Substitute N = .82 and                                     and solve for (S/N)out

EQ. (10)

Table II lists the (S/N)out and the related percentage of noise at the discriminator output in
accordance with Equations 9, and 10.



TABLE II

SUBCARRIER DISCRIMINATOR OUTPUT
NOISE AT (S/N)in = l2db

MOD
INDEX

N
(S/N)in

(db)
(S/N)out

(db)
Subcarrier Disc.

Noise Output (%)

PCM/FM/FM
PAM/FM/FM
FM/FM

.82

.82
1

12
12
12

15
15
16.7

17.7
17.7
14.5

2
3
4

12
12
12

25.8
31.1
34.8

5.13
2.79
1.81

5
6

12
12

37.74
40.0

1.30
1.0

Table III is based on determining the (S/N)in of the subcarrier discriminator channel
necessary to maintain desired (S/N)out . Solving the following two equations (EQ. 11 (A),
and (B) provides this information.

PCM or PM FM/FM (A) FM/FM (B)

                                                      EQ. (11)

From this table, the channel check factors (Ckt) are developed for all SCO channels.

The channel threshold check numbers, Ckt are calculated by comparing the computed
(S/N)in EQ. (11) to threshold (S/N)in = l2db (3.98 volt ratio):

EQ. (12)



TABLE III

CHANNEL CHECK FACTORS (Ckt)

Modulation N (S/N)out(db) (S/N)in(db)

Threshold
Check

Ckt

EQ.
11

PCM on SCO (S/N)out = 15db
PAM on SCO (S/N)out = 1%
PAM on SCO (S/N)out = 2%

.82

.82

.82

15
37
31

12
33.95
27.95

1.0
12.52
6.27

A
A
A

SCO
SCO
SCO

2.0
3.0
4.0

40
40
40

26.2
20.9
17.2

5.13
2.79
1.81

B
B
B

SCO
SCO

5.0
6.0

40
40

14.3
12.0

1.30
1.0

B
B

For FM/FM Channels, Table III clearly shows that only at a modulation index of 6 the
subcarrier discriminator will require a (S/N)in equal to threshold. For lower modulation
indices, an input (S/N) greater than threshold is required to maintain an output S/N ratio =
40dB.

Then, for SCO data channels (fs) at any modulation index (N), the argument of EQ. (2)
shown as Equation 13 must be equal to or greater than the values listed in the last column
of Table III to insure the correct performance of the SCO channel, at receiver threshold.

EQ. (13)

Another consideration consistent with the channel check equations, is the effects of
increases in IF bandwidth (Bc) and or channel deviation (fdc) as related to an FM/FM
channel. From the basic channel noise equation of an FM/FM channel, EQ. (4):



Any increases in Bc or fdc improve the channel noise performance. Normally, when the
bandwidth selected due to available equipment is larger than calculated, the deviation of
each channel is increased proportionally to fill the new bandwidth. Based on the system
design results, and the desire to minimize the receiver IF bandwidth as much as possible, it
may be judicious to increase the transmitter deviation of only those SCO channels which
do not satisfy the channel check equations, or to increase the deviation required by PCM
on baseband to overcome undesired transmitter deviation due to vibration or shock.

PROCEDURE FOR SELECTING SCO CHANNEL COMPATIBLE WITH
BASEBAND MODULATION: PCM or PAM/FM + FM/FM

To complete the information required for the design of any type of telemetry system, a
method is presented for selecting the first SCO channel above a PAM or PCM signal
modulating a transmitter on baseband. To avoid intermodulation, the signal levels of the
baseband modulation which fall into the SCO channel should be at least 40dB below the
selected SCO signal level. This is based on worst case conditions of pulse modulation
where the waveform is symmetrical.

A second parameter that must be considered in designing multiplex systems with PCM and
PAM baseband modulation is the affects of IFM of the baseband modulation. If sufficient
deviation of the baseband modulation is not provided, then the entire baseband modulation
can be destroyed by the IFM. From EQ (3B) and EQ (3C) representing the deviation of a
PCM or PAM channel, it is evident that the amplitude of the deviation is a direct function
of C1. Since the data channels are designed for threshold (S/N)in = 12db, performance, then
the deviation amplitude is a direct function of the (S/N)out . PCM data channels are
designed for (S/N)out equal to 15db. PAM channels are designed for (S/N)out = 37db for 1%
noise contribution and (S/N)out = 31db for 2% noise contribution. Because of the lower
trasmitter deviations required in PCM systems and the possible effects of IFM, it is evident
that the PCM system will require additional consideration in determining the PCM
baseband channel deviation, and the separation between PCM baseband modulation and
the first SCO channel.

To obtain the closest channel separation (in multiplex systems) between baseband PCM or
PAM and the lowest frequency SCO, a PCM or PAM pre-modulation filter with 6 and 7
poles is necessary for system design.

The basic procedure for determining the separation of channels where the system has
baseband modulation is as follows.

There are four (4) parameters which make up the 40db difference between baseband and
SCO modulation.



1) Relative amplitude of the baseband modulation signal (fD ') to the amplitude of the
SCO channel (fdc ').

2) Harmonic content of baseband signal falling into the SCO channel. This parameter is
based on the harmonic content of the unfiltered squarewave of a PAM or PCM
modulation signal. Although only odd harmonics are present in a squarewave, the
harmonic number will be the ratio of the selected SCO frequency to the frequency of
the squarewave.

3) Pre-modulation filter attenuation as related to the normalized filter curves for 4 and 6
pole Bessel filters, Attachments B1 and B2.

4) The modulation index of the SCO channel (N), which affects the discriminator
capture ratio and provide improved S/N performance.

Since the Bessel filter curves, Attachments B1 and B2, are not expressed in terms of an
equation, the method for selecting the SCO channel is by trial and error.

The procedure for selecting the appropriate SCO channel compatible with baseband
modulation is as follows: A standard SCO channel is selected, whose frequency, fs is
approximately 2.25 times (fU) which is computed from the appropriate pre-modulation
filter equations. The selected SCO channel must also meet the data response as specified
by system design requirements.

1) Calculate relative amplitude of baseband modulation.(fD ') using equations 3(E) and
the relative amplitude of the selected SCO channel (fdc) using equation 4(E), (standard
values or fdc ' are located in Attachment C). Their amplitude relationship is determined
by thequation:

2) Calculate the harmonic relationship of the baseband fundamental squarewave
frequency of PAM or PCM modulation, to the selected SCO channel frequency (fs).
The fundamental squarewave frequency of PCM or PAM is equal to the bit rate of
PCM or the clock rate of PAM. For NRZ systems, the fundamental squarewave
frequency is 1/2 the bit rate or 1/2 the clock rate. To determine the level of
squarewave harmonic which falls into the passband of the SCO channel, the following
equations apply.



3) Determine the contribution of the pre-modulation filter in attenuating the baseband
modulation signal. Calculate X axis normalize number of Attachments B1 and B2
using the relationship:

PCM fU = .7FB

PAM fU = 2.5Fcr

PAM fU ' = 1.78Fcr

fs = 2.2S (fU or fU ')

From the filter curve determine the attenuation (Y) related to the calculated
normalized value X.

db3 = Y

4) db4 is directly related to the modulation index (N) of the selected SCO:

db4 = N

The summation of db1 through db4 must be equal to or greater than 40db.

db1 + db2 + db3 + db4 $ 40db

If the total is larger than 40db, then the selected SCO frequency is too high and a lower
frequency channel should be selected, provided it satisfies the modulation data
requirements. If the total is less than 40db, then a higher SCO channel must be selected.
Again, this is a trial and error method, because the pre-modulation filter curves are not
presented in terms of an equation.

From past experience in designing systems with PCM baseband modulation, mixed with an
SCO mux, the channel separation between the PCM channel and the first SCO will follow
the requirement fs = 2.25fU . In using the recommended channel separation, the summation
of db1 through db4 will be substantially greater than 40db. However, the final adjustment of
the PCM channel deviation required for correct operation will result in a channel
separation very close to 40db.



To insure sufficient PCM channel deviation as related to IFM, a final PCM channel
deviation adjustment may be required. The deviation of the PCM baseband modulation
will be modified to satisfy the equation fD = .41FB or equal 4 times the transmitter IFM
specification whichever is larger. As a final check for channel separation a new value for
the first parameter (db1) must be calculated using the fdc and fD final values as listed in the
System Design Table. This new value of db1 is added to the original values of db2, db3,
db4, and the total must still be equal to or greater than 40db. All pre-modulation and
receiver output video filters shall be 6 or 7 pole Bessel type.

When designing systems with PAM baseband modulation, the results will not require any
special channel deviation adjustments. This is due to the large transmitter deviations
required to obtain the large (S/N)out values related to PAM channel design.

All of the discussions are completed and procedures for designing a data system can be
expressed in the form of a design chart.

The System Design Chart as presented in this paper incorporates the work of two previous
papers (Reference 1 and 2) and includes the updated information described in this text.

The established practices for selecting SCO channels from IRIG standard applies. When
possible, channels having a modulation index of 5 are selected to minimize the bandwidth
and total deviation. When necessary, channels with a modulation index of 2 are selected to
provide higher data response.

From any system data list, the system design procedure of this presentation can provide a
set of parameters for optimum performance.

The System Design Chart starts with the analysis of PAM or PCM baseband modulation.
It continues into the case of multichannel systems consisting of PAM or PCM on baseband
and a number of SCO channels operating somewhere above the baseband modulation. The
chart is completed with the design procedures for an FM multiplex systems including
channel check equations. Also included is a method and equation for performing the
margin calculations, Attachment E.
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Attachment “A” is an expansion of the IRIG Tables of subcarrier channel assignments. It
is not intended to set any standards for the industry, and may not represent the actual
channels assigned by IRIG in future expansion of the FM/FM System. It does present the
natural progression of the standards based on IRIG established criteria.

This author does suggest a small change in the assignment of the proportional bandwidth
high frequency channels. By reassigning Channel 25 to a center frequency of 525kHz
instead of 560kHz, two additional SCO channels can be assigned and the frequency
spectrun can remain essentially below one megahertz. SCO’s up to 1MHz are within the
capabilities of most telemetry manufacturers. The new channels suggested (525kHz,
700kHz and 930kHz) will meet the guardband requirements as established for the IRIG
channels and follow the progression of the mid range proportional bandwidth channels.

The constant bandwidth channels are extended using the channel spacing criteria of 4
times the peak deviation. The lowest frequency in any grouping represents an SCO where
the peak deviation is 25% of the channel center frequency. The highest SCO in any
grouping represents an oscillator where the peak deviation is approximately 2.0% of the
channel center frequency. Both the lowest and highest channel frequency assignments in
any grouping of Attachment “A” (Constant Bandwidth Channels) are based on the
practical aspects of the manufacture of the SCO. The high frequency SCO performance
specifications required are well within the capabilities of most telemetry manufacturers.
 



















“HIGH POWER S-BAND TRANSISTORS FOR TELEMETRY”

George W. Schreyer
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ABSTRACT

High power silicon bipolar devices have been developed for CW telemetry applications in
low S-Band (1.7 - 1.85 GHz). To date, 50W CW has been obtained from a single device
with 9dB gain and 45% efficiency with a simple, low cost structure. Continuing
development work should soon result in a device capable of over 70W.

Telemetry systems span a diverse range of applications and missions. However all
telemetry applications, by their very nature, require some form of compact transmitter.
These transmitters are usually required to operate under conditions of high ambient
temperature, heavy vibration and shock and variable system supply voltage. The
transmitters must provide large amounts of RF output power while consuming as little
prime power as possible. Finally, the transmitter must work properly after long periods of
dormancy for the entire life of the mission, be it 10 minutes or 10 years.

Solid state devices have been used in telemetry applications for many years with excellent
results. The primary advantage provided by solid state devices over their tube counterparts
are small size and weight, low power consumption and excellent reliability.

In order to increase the range and signal-to-noise ratios of telemetry links, systems
designers continue to specify more and more RF power, but often do not allow a great
amount more physical room or heat sinking for the transmitter. To allow the transmitter
designer to build larger transmitters in the same volume as previous transmitters, TRW has
developed two new high power silicon bipolar telemetry transmitter transistors. These
devices provide both more gain and more power than previously available devices in two
important telemetry bands, 1700-1800 MHz and 2000-2300 MHz. These devices are
configured in common-base and are suitable for operation in either class “B” or class “C”.

Both of these new devices incorporate internal matching circuits to allow for higher
performance, greater bandwidth, and smaller simpler external matching circuits. A novel
matching structure called a “direct return shunt inductor” is used to simplify the realization



of an effective distributed shunt inductor element and to allow more effective parallel cell
combining of very large devices. The shunt inductor element, a bond wire loop, is
connected from the collector, through a dc blocking capacitor, directly to the base bonding
pads of the transistor cells. This simple structure has proven to be both effective and
manufacturable.

All of the wire bonds are formed with a semi-automatic gold wire bonder. This machine
produces extremely consistent wire loops and allows excellent device consistency and very
good manufacturing thru-put.

The transistor cells used for both of these devices are self-aligned interdigitated structures.
They both employ gold refractory metallization. The 2000 MHz device further uses a
2-layer gold metallization system to reduce parasitics.

The 1700-1850 MHz device shown in Figure 1 will provide typically in excess of 50 watts
CW at 28 volts with 9dB gain and 45% collector efficiency. The output power derates to
about 35 watts at 100 degrees Centigrade heat sink temperature. This device consists of 12
cells of the LB-5 die, a device now used in large volumes in L-Band Radar applications.
The transfer characteristics of this device are shown in Figure 2. The response of this part
is smooth and continuous at all levels of RF drive. Further, the response is smooth and
predictable as a function of power supply voltage, as shown in Figure 3. These two
characteristics are very important in battery operated environments where the available
voltage at or near the end of the mission life is decaying. A similar 22 volt device is in
development for applications requiring lower system supply voltage. 16 cell devices are
also in development to provide powers up to 70 watts CW.

The 2000-2300 MHz device, Figure 4, will provide typically 25 watts at 20 volts with
10dB gain and 40% collector efficiency. The power derates to about 15 watts at 100
degress Centigrade. This device uses 2 cells of the SB-15 die, which is also used in
S-Band Radar applications. The power response and efficiency versus frequency of this
device is shown in Figure 5. The transfer characteristic and response to supply voltage are
similar to the 1700 MHz device.

These two new devices will provide the telemetry transmitter designer new degrees of
freedom in his designs, and provide the end user with a higher performance telemetry link.

 



FIGURE 1.   PHOTO OF 50W 1700-1850 MHz DEVICE

FIGURE 2   TRANSFR CHARACTERISTIC OF 1700 - 1850 MHZ DEVICE



FIGURE 3   VCC RESPONSE OF 1700 - 11850 MHZ DEVICE

FIGURE 4.   PHOTO OF 25W 2000 - 2300 MHZ DEVICE



FIGURE 5    POWER OUTPUT AND EFFICIENCY OF
2000 - 2300 MHZ DEVICE
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Los Angeles, CA. 90009

ABSTRACT

Transmitters currently being used throughout the Satellite Space Ground Link System
(SGLS) network are TWTA types installed in the late 1960’s. These systems are
approaching the limit of their life expectancy and are contracting high maintenance and
operating costs. The major disadvantages of these devices are the long lead time for
procurement or repair, limited life time, and single point catastrophic failure. A definite
need now exists to examine alternative approaches to implement a more reliable and low
life-cycle cost system to replace TWTs. Currently, solid-state power transistors and low
loss power combining technology have reached a stage where S-band CW transmitters of
several kilowatt power are possible. This paper presents the results of an extensive
technology survey made to determine: (1) the state-of-the-art of solid-state RF power
devices operating in the lower S-band frequency region, (2) the current power-combining
technology for developing medium/high power solid-state transmitters, and (3) conceptual
design approaches for a 2 kW, S-band solid-state transmitter aimed at replacing the
existing transmitter for SGLS application.

The survey was conducted by The Aerospace Corporation in support of the Air Force
Satellite Control Facilities (AFSCF). The purpose of the survey was to assist in
modernizing and improving the AFSCF Remote Tracking Stations (RTS) and the future
planned capability of other similar programs.

ITC '84
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SOLID STATE TECHNOLOGY APPLICABLE TO TRANSMITTERS

Arthur Woo
Zahir Bardai
Lyle Leverich

Recent advances in silicon bipolar and FET technologies are making solid state power a
vital component of the emerging microwave communications network. Silicon transistors
today are central to the design of a wide range of systems from cellular radios at 900MHz
to high power phased array radars at S-Band frequencies. With the application of state of
the art technologies of ion-implantation, sub-micron lithography and dry processing, silicon
device based systems offer sufficient reliability and bandwidth advantage to make a vast
number of new designs economically practical.

Consider the power/frequency options available today using high power bipolars:

• 55 Watts at 900 to 950MHz
• 35 Watts CW at 1.6 - 1.8 GHz
•   6 Watts Class A at 2.3 GHz
• 20-50 Watts at 2.9 - 3.1 GHz.

Also waiting in the wings, for some application is a new silicon device called the ISOFET.
It offers more gain per stage and is easier to modulate resulting in simplified power
amplifier designs and broadband matching rechniques. The state of the art performance for
this device is:

• 40 Watts CW at 200 - 400MHz
• 300 Watts CW at 88 - 108MHz

The ISOFET is a technology that will provide a 3-4 db improvement in gain over Si
bipolar devices at the same power level.

Together with innovations of process improvement in Silicon bipolar transistors at S-Band,
material improvements in GaAs FET power transistor and device structure improvement in
Silicon ISOFET it is clear that the solid state viability of transmitters are both cost
effective and available today.

ITC '84
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A distributed architecture design which interconnects terminals, microcomputers, and
larger host computers must eventually face the question “who has access to this system?”
Potential subscribers who do not have an appreciation for their need for security run the
risk of a intermixed intercommunication network. There are typically additional
responsibilities and security-related concerns about having controlled access. The
introduction of operationally flexible microcomputers into systems also introduces a
greater distribution of critical control tasks and greater access to sensitive communications.
The classic solution would be to physically separate and thus electrically isolate inputs,
outputs and the necessary computing hardware. Typically separate and dedicated
connections would be used to securely pass data and control signals between the
equipment. However, as a result of state of the art hardware design and software
programming microcomputer technology is already waiting with programmable
inputs/outputs, layered protocols, local area networks and powerful computing operations.
Modularity, multi-tasking functions and conceptual system engineering have all
contributed to the aforementioned integrated applications. Thus the need for an access
control system which can be integrated into every connection of the system is inevitable.

Microcomputer tasks are usually programmed to be very efficient in accomplishing the
assigned job. By designing a Separation Kernel with compartmentation and guarded
privilege or discretionary data base access the assigned jobs can be performed without
regard to security concerns. The resulting isolated data base could be containerized within
the particular microprocessor RAM by using a variant addressing mechanism unique to
each terminal. One example is the handling of both secure and clear digitized voice within
a microprocessor based terminal. A Seperation Kernel directs the RAM access through a
guard. This guard can be implemented either in hardware or software or a combination of
both. However, verification of software separation is a task of varying difficulty. Whereas,
hardware verification is relatively straightforward.



Maintaining the isolation of secure/clear (sometimes labeled Red/Black separation) over a
common transmission medium requires careful design. In a distributed system, the
definition of a connection-oriented TRANSMISSION SECURITY or TRANSEC based on
initiator-connector protocol has many advantages. First it is relatively easy to appreciate
from the users viewpoints. Secondly, if cryptographic devices are employed such as a
Federal Data Encryption Standard (DES) implemented algorithm then mechanisms are
definable for both initialization and synchronization of discretionary connections. One such
application is illustrated in Figure 1 Security Protocol Design. Access to a connection can
be granted or denied at the discretion of the initiator of the connection. The design protects
against unauthorized intercept. The environment is defined to be nonmalicious i.e. no user
is performing traffic analysis or imitative deception.

The DES design was chosen as the cover/decover pseudorandom algorithm
implementation because of its validated correctness, its availability without T/SEC
nomenclature and its 256 or over 72 quadrillion possible encryption DES keys. The security
protocol is built into a custom gate-array LSI and requires an initiator (m) of both secure
and privacy connections to distribute its unique DES key and acknowledges by receiving
back a message authentication code (MAC). The MAC is a function of the connectors’
serial number SN (n), the received DES key (m), an initialization vector IV, and the DES
algorithm itself. The MAC is then checked independently by the initiator. An audit count is
kept by the initiator and when a connection is terminated the DES key of the connector is
zeroized and the audit count adjusted. Connections are quickly made, authenticated and
broken via the control bus. The physical separation of DES key transaction ports from
distributed data bus ports prevent input/output failures which bypass security protocol.

The security protocol involves both operator and machine interactions. In order to ensure a
secure connection the operator must not be allowed to bypass or ignore the operational
steps. This implies that simple, well understood steps are needed and any default condition
is safeguarded. The sequence of operational steps necessary to establish and maintain
secure digital data on data bus is shown in the Security Operational Model flowcharts
Figure 2 and Figure 3. This operational flow is dichotomized between initiator (Figure 2)
and the corresponding connector action (Figure 3). Operator and machine actions are
included in both cases. The load of a operational connectivity plan into each user terminal
represents the initialization of the system. The supplied communication plan includes the
user dependent connectivity matrix and the set of DES keys used to establish a user
initiated connection. This communication plan is loaded via the control bus. A unique key
is allocated for each of the permissable secure interconnections that can be supported by a
particular user at any given time. Each key that is loaded into an individual terminal is
checked for parity. If a parity error occurs, the operator is alerted and then takes corrective
action by requesting a key reload.



At this point, the central initialization is complete and the initiator is ready to commence
channel intialization. The initiating operator selects a communication channel and
exercises the secure/clear option. The channel is checked against the connectivity matrix to
verify that selected channel is a permissable interconnection. If a secure connection is
required, the initiator sends a DES key via the control bus to all intended user connections.
The recipient connector acknowledges by sending a message authentication code (MAC).
This MAC is generated using the received key to encrypt the connector’s serial numer.
The initator then determines if the proper recipient connector has been contacted by
deciphering the MAC and checking the received serial number against the allowable
connection list. If a MAC error occurs, the operator is alerted and reestablishment of
connection is attempted. At the time the DES key is received by the connector, a
timeout/zeroize safeguard mechanism is activiated. This mechanism will zeroize the
received connection key if the connector fails to respond to the initiation before a specified
time has elapsed. Illuminated security indicators alert the operators at both the initiator and
connector ends that secure communications are underway.

The initiator accounts for each connection key that is sent by using a key count register.
This register is incremented each time the initiator sends a key to a particular connector.
When a connection is broken, the initiator zerorizes the connection key at each user
location and decrements the key count register. This audit trail mechanism prevents the
erroneous storage of connection keys at any connector.

A distributed secure/clear architecture has been described that provides a limited, but
useful form of connection oriented secure operation. The limitations are mainly in personal
security controls and in distributing the DES key. Because the initiator itself controls
discretionary access, the system must have some form of complete mediation over all of
the terminals. A separate control bus has been provided which is used to initially load
unique DES keys to each terminal. The central controller used to accomplish this task
mediates individual secure access control. Through denial of a Des key the central
controller inhibits any terminal from initiating a secure connection without proper
authorization. If a terminal is removed from the system and a replacement terminal
connected then the central controller must be notified.

Hughes MSD is actively pursuing the application of computer security architectures to
systems containing microcomputers, terminals and intermixed data transmission mediums.
Operational environments include both airborne and naval ship intercommunications.
Distributed networks such as local area networks are rapidly contributing to the
requirements of access control and secure connectivity. Standardization of secure
algorithms is quite important to the further development of baselined generic systems.
Enhancements can be developed for future multi-level security networks integrating both
cryptographic and trusted software solutions.
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Figure 1 - Security Protocol Design



Figure 2 - Connection-Orientated Security Operational Model



Figure 3 - Initiation Oriented Operational Model
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ABSTRACT

Microprocessors are incorporated in several hardware features of a patented new system
which uses the wasted power inherent in standard AM Broadcast Radio transmission. This
unique system can be used for many applications. The first large-scale demonstration of
the capabilities of the system was conducted for the purpose of electrical demand limiting
by utility companies. In these trials, control signals were sent to several hundred receivers
to shut-down equipment during times of peak load on the utility grid. The receivers for this
system were low-cost and microprocessor operated. They were placed over a wide area,
up to 175 km from the transmitter, which in these trials was a high-power (50kW),
standard AM broadcast station. Control signals did not interfere with the quality nor the
reception range of the broadcast station’s audio signal. Data reception by the system
receivers had error rates under 1%.

INTRODUCTION

It is a well known phenomenon of standard AM radio that the information contained within
the signal is utilizing less than 50% of the power transmitted. This is because the carrier
contains at least 50% of all the transmitted power while containing no signal. In addition,
to avoid intermodulation distortion, the broadcast of a single sinusoidal tone can be done
with a maximum efficiency of only 33%. However, the presence of carrier signal allows



the AM radio receiver to be of very simple design and therefore of very low cost. Given
this broadcast system and its inherent information inefficiency, a system has been
developed which uses part of the broadcast energy to send data signals simultaneously
with the audio signals of the AM broadcast station. To do this, several conditions had to be
met:

1) The additional signal could not interfere with the AM broadcast and vice versa.

2) The signal had to be reliably received at sufficient data rate for the application.

FCC authorization to use the broadcast band for this new system was received under these
conditions. The first application was electric utility load management. Control signals were
sent to several hundred receivers to shut down equipment during times of peak load on the
utility grid.

Figure 1 is a block diagram of the distributed broadcast system components.
Microprocessors are important elements in design of the receivers, but also are the major
functional components of the control console and transmitter-modulator. The processors
provide very flexible data and command entry to the system and do all code conversion
and interface control.

THEORY

The approximate and stylized power spectrum of the typical broadcast band radio station
is shown in Figure 2. It is seen that sidebands within 150 Hz of the carrier are very small.
The signal for standard AM is

SAM (t) = (Ac + fs (t))cos wct (1)

neglecting the arbitrary phase of the carrier. This signal has a power spectrum of

(2)

where F’s are the Fourier transforms of the autocorrelation functions of the signals. If fs(t)
were a simple sine wave,

fs(t) = As Cos wst (3a)

and



SAM(t) = (Ac + As coswst)coswct (3b)

then
(4a)

(4b)

+ * (w + wc + ws) + * (w + wc - ws))    (sidebands)

The power is found from

Power  =   (w) dw = A2 c /2    for the carrier (5)
               = A2 s /4    for the sidebands

As cannot be larger than Ac to avoid modulation distortion. Therefore, the maximum power
in the sidebands is A2 c /4 or 1/3 of the total power output of the AM broadcast channel
sending a pure sine tone.

From Figure 2, it is tempting to view the large carrier power and empty bandwidth of
approximately +/- 150 Hz surrounding the carrier and devise some system to make use of
this power and unused bandwidth. The system under discussion, devised by Altran
Electronics, has demonstrated such use of the power and bandwidth using a phase
modulation of the carrier signal.

A phase modulated signal can be written as

Spm (t) = Ac cos(wct + f p (t) + 2) (6)

Again, if fp (t) is a simple sine wave, to illustrate, the signal

Spm (t) = Accos(wct + Apsin wp t) (7)

ignoring arbitrary phase 2.

The autocorrelation of this signal is

(8)



where Jn (Ap) are the Bessel functions of variable Ap of n’th order.

The Fourier transform or power spectral density is

(9)

When both standard AM and PM signals are present on the same carrier, the combined
signal is

Sam+pm (t)=(Ac + ascoswst)(cos(wct+Apsin(wpt)) (10)

The Fourier transform of the autocorrelation of this combined signal is then the power
spectral density of this combined signal. This expression uses simple sine wave modulation
for illustration and also ignores arbitrary signal and carrier phase angles.

The combined signal can be rewritten as

Sam+pm = Accos(wct + Apsinwpt) (11)
+ Ascoswst(cos(wct + Apsinwpt))

The first part of this expression is similar in form to (7), the PM waveform with a spectral
density given by (9). It can be seen that by adjusting Ap and wp , this first part of the power
spectrum of the signal, equation (11), could neatly fit within the unused broadcast radio
bandwidth. The second term of Sam+pm , (11), is similar in form to the second term of (3b)
with a power density given by an expression very similar to (4b) with wct + sinwpt taking
the place of wct. This leads to the expression for the remaining part of the power spectral
density of (11) as

(12)

*(w - ws + wc + nwp + *(w + ws - wc - nwp) +

*(w + ws + wc + nwp))

These spectral components are within the baseband of the audio program. If Ap were very
small, Jo – 1



and Jn – 0 for *n*>0. Equation (12) would then reduce to (4b), the standard AM sidebands.
If, for example, Ap  were approximately B/6 radians and wp were 20 x 2B radians per
second,

J0 (.5) = .9385
J1 (.5) = .2423
J2 (.5) = .0306
J3 (.5) = .0026
J4 (.5) = .0002
Jn ’s are very small for all n > 4.

The effect at 20 Hz of the phase-data spectrum within the baseband may be found by
experiment to be unnoticable to the listeners of the audio broadcast program. The criteria
needed to determine what phase modulation spreading the baseband spectrum causes
audible distortion needs further investigation and depends not only on electronic and
communication theory but also on the discriminatory powers of the human auditory
system.

A narrow-band phase detection receiver designed to detect the signal  
would find from (9) that total power in this signal is given by

and since J2
n (ap) = 1

Power = A2
c /2,

the same power as existed in the carrier in the case where there was no PM modulation.
Similarly, from (12), the sideband power is A2’s /4. If As and Ac were equal, as in the case
of the largest possible sine wave modulation before distortion, the PM signal would
represent 67% of the power transmitted. Of that total, 12% of the power would be in the
PM sidebands close to the carrier.

CONCLUSION

The distributed broadcast system described here is capable of using the power left unused
in the transmission of standard AM stations. The capability of a receiver to receive data by
PM detection is largely due to the high power of the signal being detected. It is, in fact, on
the order of twice as powerful as the baseband audio signals. Error of signal detection in
this data system is affected not only by data rates of this transmission method, but also by



the inherent phase jitter of the broadcast transmitter and the limitation imposed upon the
size and waveshape of the PM signal modulated on the broadcast carrier.

Determination of the optimum data signal wave-shape, modulation index and modulation
frequency without interference to the audio baseband AM signal needs further
investigation. In addition, the limitations on the rate of data transmission with this system
are still dependent on the acceptable error rate. Applications allowng larger error can, as
usual, allow higher data transmission rates.

This theoretically sound framework for this system by no means made it a practical
operating system. Other unique features are also incorporated, made possible by
microprocessor and integrated circuit technology and by microcomputer software.

Additional applications of this system are numerous and await exploitation by potential
end users and broadcast station operators.
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 Figure 1.  Distributed Broadcast System Components

Figure 2.  Approximate and stylized power spectrum
of typical broadcast band radio station
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ABSTRACT

Numerous future space-based systems are being conceived that will require the on-board
processing of a volume of data many orders of magnitude greater than the current state-of-
the-art. Such systems must in addition be extremely low power and autonomously fault
recoverable. This paper describes a microprocessor-based distributed architecture that has
been evolving as a solution to this problem. This proposed architecture features three sub-
architectures: synchronous pipeline, dedicated-channel microprocessor array, and multiple-
bus oriented microcomputer array; as well as internal data compression, distributed control
and self testing, and a building block approach to system implementation. Emphasized is
the roll of microprocessors in this architecture and the challenge of reducing the overhead
required by fault-tolerant processing.
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ABSTRACT

A very powerful and flexible antenna control unit is described. This control unit is built
around a Z-80A microprocessor, the STD Bus, and optional math processor. It is designed
to work with many existing antenna/pedestals. The unit features modular construction, low
profile, intelligent controls, programmability, self-test and self-calibration. The controller is
easily customized to specific requirements and user preferences for displays, switch legend
and location, and is easily extensible with standard extension panels for additional controls
and displays or with custom extension hardware. The controller can be remotely controlled
via the IEEE-488 Bus or a variety of serial data link configurations.

INTRODUCTION

The purpose of this paper is to present an overview of the flexibility and intelligence of an
antenna control unit, the EMP Model ACU-6.

The ACU-6 functional definition was a synthesis of requirements and recommendations
from two entirely different application markets: the Broadcast Industry for Electronic
News Gathering Station, and the Military for remotely controlled telemetry tracking
systems. The ENG application requires one or more remotely located single axis antenna
positioners or autotrackers controlled from a central location. The antenna stations, at
“high-ground” locations, receive video data transmitted from ground vehicles and/or
helicopters that are dispatched to the “news scene.” These antenna stations, which include
a tracker and two remotely tunable receivers, are typically controlled from the news studio
via serial data links implemented using private telephone lines or radio links.

The military requirements were defined by a poll of many users. These applications
include: remote control of single and dual axis autotracking systems and associated
receivers, computer control via GPIB or RS232 links of two single or one dual axis



system(s), and either of the above with computational ability to perform either parallax
correction, coordinate conversion or ship board antenna stabilization. In addition, the unit
had to be cost effective to compete with existing analog or dedicated serial data link
controllers. Obviously, to meet all the above requirements, the unit must be designed with
flexibility in mind. Indeed, not only must the hardware be modularized but so must the
associated software.

HARDWARE DESCRIPTION AND FEATURES

The Model ACU-6 Antenna Control Unit shown in Figure 1 is a standard rack mounted
chassis fitted with slide mounts and 5-1/4 inch high front panel. The 30 pound unit can be
controlled manually (Local) or via a computer (Remote). The ACU-6 provides complete
control of the antenna, pedestal and associated receivers). Pedestal or rotator control
includes Manual, Search, Slave, Designate, and Autotrack modes with Auto-acquire,
Position and Rate memory submodes. The Designate modes include Immediate and Pre-
Programmed Designate. Receiver controls include Acquire Threshold Adjust, Noise Floor
and Hysteresis setting, and Manual and Automatic receiver selection (RHCP or LHCP).
Antenna controls provide Manual and Automatic selection of the High Gain or Low Gain
tracking antenna. The Control Unit houses up to two power supplies, two card cages
(containing up to eight PC boards) a rear panel subassembly, and a front panel assembly
composed of a thick aluminum panel and three PC boards. Figure 2 shows the architecture
of the unit. One card cage utilizes the 55 pin industry standard bus which allows many off-
the-shelf PC boards to be used in rapid response to many special interface requirements.
The second card cage utilizes the EMP 50 pin party line bus which can be extended to
devices outside of the chassis. The front panel assembly is entirely PCB based for fast
repair. The Display PCB (highest failure rate) is easily removed. The entire front panel
assembly can be removed from Remote units that are slaved via the RS232/modem serial
data link. Ribbon cable and internal power connectors allow quick module removal and
replacement.

The generic front panel can accommodate up to 37 control switches, 18 seven segment
Numeric displays and 60 LED annunciators which allows customized location and legend
nomenclature for backlighted switches and indicators. Cutouts for front panel switches and
back panel connector are tape mill selected. All switch actions are independent of
indicators. Switch actions are defined by table driven software for momentary, alternate,
trinare and multi-mode capabilities. All indicator lamps and LED’s are assigned by table
driven software. Dead-front displays are seen only when active/valid.

The STD bus card cage employs only four cards for a standalone unit. Add one PC board
for computational capability, or an additional card for GPIB or RS232/Modem interface. 



Two 16 Bit (TTL compatible) slave angle words can be inputted (or outputted) by the
addition of a single standard card.

The PLI card cage employs only three cards for standalone Antenna/Rotator control. Add
one LSI module to an existing PC board, and one more card for two axis Antenna/Pedestal
control. A fifth card is required to interface with the auxiliary Handwheel panel and
Commanded Position Display panel. The addition of one more card provides primary
power control of four remote pieces of equipment. This card cage can be located and
operated in another chassis up to 10 feet away from the Party Line Interface PC Board on
the STD bus.

SOFTWARE DESCRIPTION AND FEATURES

Just as the hardware had to be modularized to meet the many diverse industry and
customer requirements, yet hold cost and complexity to a minimum, the software used for
generating the CPU firmware had to be partitioned. Through this technique the sampling
speed was held to better than 50 per second and the firmware was held to 18K and 28K
bytes of memory space for a full up standalone single and dual axis autotracker,
respectively. Use of a real time executive program, which uses a proprietary priority
interrupt scheme, allowed sampling rates as high as 200 per second for critical parameters.
The software has been divided into over 30 different tasks. Each task is an independent
program that shares the transition processor with other tasks required by the system. These
tasks are executed by real time executive and machine state processor. The task
transaction processor supports a wide variety of hardware configurations by providing a
set of modular software components that allows quick and easy implementation of
customer requirements. The customer requirements are entered into system definition file
(through use of keyboard and a System Definition program) which is linked into all basic
tasks. Through this technique, new software modules can be easily added to expand
system capability. Some of salient features provided by the software design are:

Software Position Loop Closure

Eliminates pedestal drift or wind induced position error (Manual mode)

Allows automatic gain/bandwidth scheduling based on signal strength or range data
interface

Provides automatic rate limiting in Sidelobe Compare and Search modes

Makes possible advanced transfer-function design as need arises



Intelligent Mode Interactions

Mode memorization from Autotrack and Designate modes

Rate memory goes to “target lost” position after time-out if position memory also
enabled, always resumes previous mode

Position memory goes to “target acquired” position if rate memory not enabled,
resumes previous mode

Sidelobe comparison commands rate limiting and functions while in any pedestal
mode

Both auto-acquire and forced autotrack

Time-out confirmation cycle on mode switching when in autotrack, and on other
critical functions

Error flash of current mode indicator when an invalid operation is commanded (e.g.,
INC while in Manual causes MAN indicator to flash)

Intelligent Signal Strength Functions

Scaling of AGC voltage to signal strength/noise ratio in dB
Value used/displayed is biased to user-programmed level, allowing true use of
signal/noise ratio

Saturation indicator

Hysteresis indicator

Loss indicator

Auto-acquire threshold adjustable in operate mode from front panel

Fault Tolerance Features

Conditional assembly means only required code/data will be in system

System has fall back modes for bad slave data, bad A/D data



Spurious interrupt handling, built-in ROM execution traps

Power-fail is sensed to insure orderly shut-down, and warm start performed (previous
mode/activity resumed) if power restored within 10 seconds

Spurious interrupts, unused ROM, unused RWM traps catch erroneous execution
paths

Sanity (watch-dog) timer will reset system if for some reason (nearby lightning strike)
the processor halts or “gets lost”

Math-pack Computation Capabilities

Parallax correction

Ship-board antenna stabilization/trailer auto-leveling

Full coordinate conversion

Tilted pedestal operation for vertical target tracking

Ephemeris generation capability

CONTROL UNIT INTELLIGENCE FEATURES

Not only has the design approach for the above described hardware and firmware lead to a
flexible and extensible system with friendly and versatile control panel, but many selected
constants and parameters can now be easily programmed by the user. (These constants are
retained in battery backed-up RAM for a period exceeding one year.) Further, not only has
high reliability been attained, but the internal pre-programmed operation of the CPU has
been made highly tolerant of hardware and software faults. The many features of the
ACU-6 Control Unit are:

Self-Test

Read only memory and battery-backed memory sum checks

Hard and soft fail RWM checks

Party Line bus checks



Front Panel lamps check

Pedestal/Rotator function checks

Self-Calibration

Autotrack position loop gain

Dual axis tracking antenna

Crosstalk

Cable wrap display calibration and self-aligning on counterclockwise limit (designate
functions “unwrap” cable wrap automatically)

Field Programming Capability

Bias angles (eliminates data pack alignment)

Cable wrap soft limits (eliminates cable wrap potentiometer and makes system triple
safe)

Warning sector (for controlling transmitter or flagging blockage sectors)

Rate Memory time-out period

Multipath clipping elevation active angle

Auto-acquire Hysteresis range

Signal strength noise floor setting

16 Angle coordinate pairs

Antenna Control

High or low gain tracking antenna selection based on signal strength or optional range
data

Sidelobe lock prevention based on signal strength from sidelobe reference antenna



Polarization selection control (Manual or Automatic)

Preamp bypass control

Receiver or Downconverter Control

ON/OFF control

Frequency selection

IF bandwidth selection

AGC time constant selection

Receiver Selection

Selects optimum AM signal for tracking and base band signal for data reduction
based on relative signal strength (back up for dual polarization or frequency
combiner).

Pedestal Control

Manual mode provides:

Exponential (single button) slew control (axis independent)

Aided rate or position control from handwheel driven incremental optical encoders
in optional handwheel control panel.

Dial-in designation angles

Memorized (16) angle coordinate pairs for quick designation

Search mode provides:

Raster mode in dual axis systems - major axis selected on relative sector values
(horizontal or vertical raster)

Search window moves in increments of one-half antenna beamwidth



Search window increased/decreased in units on antenna beamwidth

Makes possible circular and random walk search patterns

Slave Mode Option Provides

Synchro (single and dual speed)

Parallel TTL (14 to 16 bits)

Parallel RS422 (differential)

Serial, asynchronous and synchronous (byte oriented)

Autotrack Mode Provides

Auto-acquire submode with front panel threshold adjustment

Rate memory submode with programmable time-out

Position (target acquired) memory submode

 



FIGURE 1 - ACU-6 DUAL AXIS CONTROL UNIT
(TOP COVER REMOVED)
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ABSTRACT

The remote control capabilities of a smart antenna control unit are briefly described.
Examples of how these capabilities can be used to improve range coverage and operation
are given, and various network configurations are illustrated. Examples of the command
language for this antenna controller are also given to illustrate the flexibility of control
available and the ease of use of the interface language.

INTRODUCTION

Many real-time telemetry applications require collection of telemetry data across wide
geographical areas. This is especially true of telemetry missions associated with joint test
operations and war gaming. In addition, weapons testing requires range operations in
remote locations often requiring many hours just to deploy range support personnel and to
make the range operational and ready for test. Site selection is often dictated by ease of
access rather than collection/tracking coverage criteria.

In order to increase equipment availability, many range directors have initiated automated
test and calibration schemes for range critical equipment in an effort to keep the equipment
operational using the smallest number of highly skilled personnel possible. Centralization
of these efforts is also typically a goal because this allows better management of the range
by simplifying maintenance procedures and reporting, and also allows centralized, total
range system performance testing/monitoring.

Centralization of range data processing is common, both for real-time and post-mission
analysis. Data collection is by necessity usually distributed and the collection sites, if in
any way complex, are usually manned, bringing on the problems mentioned above. The
ACU-6 Antenna Controller has been designed to help the range and mission planners to



address these problems by allowing flexible remote control schemes to be implemented for
a wide variety of antenna systems.

THE ANTENNA CONTROL UNIT UNDER REMOTE CONTROL

This paper expands on the EMP Model ACU-6 Antenna Control Unit remote control
features. The full capability of the ACU-6 is described in a companion paper.

The ACU-6 antenna controller is an extremely competent antenna control unit capable of
interfacing to almost any single or dual axis antenna system. In addition to controlling the
antenna system, the ACU-6 can also be equipped to control several different telemetry
receivers. All ACU-6 functions can be remotely controlled.

The ACU-6 can be programmed to provide one of three different control capabilities:

1. Slave - This type system controls an antenna system from its own front panel (Local
mode), or acepts remote control commands from any of the physical link protocols
listed below. All functions in the ACU can be accessed/commanded remotely.

2. Master - This type system cannot control an antenna, but instead acts as a network
master for up to eight slave systems. The front panel looks and behaves almost
identically as a slave front panel for the currently selected slave. Switching between
slaves can be done at any time, and significant events on all slaves are reported
regardless of the slave selected.

3. Hybrid - This type system can control one local antenna system and one remote
slave.

The ACU-6 can be remotely controlled using any of the following protocols:

1. IEEE-488 (GPIB) - This interface is a standard Talker/Listener device very useful in
systems integrating equipments in automated collection and test capabilities.

2. RS-232 - This is the standard long distance interface for ACU-6’s controlled from
the users computer. The ACU-6 software and software for this interface option
supports full modem control for asynchronous and synchronous modems.

3. 202T Modem - With this option, the ACU-6 is equipped with an integral (internal)
300/1200 Baud FSK modem. Most applications using ACU-6 Masters use this
option, allowing direct hook-up to private lines or radio data links.



Figure 1 illustrates the basic remote control scheme for centralized operations where the
antenna systems are relatively close.

Figure 2 illustrates a useful variation on the Slave system that implements a command
stream “switch” and protocol conversion. In this system, developed for the Navy, an
ACU-6 Slave behaves very much like a Hybrid. Commands for either slave system are
accepted over the GPIB, and when addressed to the remote slave, are buffered out the
serial link using the internal modems and a private voice-grade line. The GPIB slave
cannot, however, control the remote slave via its own front panel the way a hybrid can (see
below).

Figure 3 illustrates a hybrid controlling both a local antenna and a remote slave system. A
dual axis version of this arrangement was developed for the Yuma Proving Grounds. The
hybrid and its associated antenna and receiver are located at the Range Control Center.
The remote control data link to the slave ACU and the remote telemetry data link are both
multiplexed onto one microwave data link, allowing the remote station to track targets and
collect flight data completely unattended.

Figure 4 illustrates a dual slave network implemented using both private line and radio link
to two ACU-6 slaves. The user computer can control either slave using one RS-232 port to
a standard modem.

Figure 5 illustrates a network implemented without any user computer. Five ACU-6 slaves
are controlled over private lines and radio link using one ACU-6 master. Three slaves are
attached to the private line using balancing networks in a multi-drop scheme while the
other two slaves are linked via to serial radio relays. In this scheme, the three slaves on the
private line are distributed fairly close to the control center, which houses the master
ACU-6. The slave linked via the first radio link is on a mountain peak and provides
coverage of a valley that would be masked by any antenna system in the main range
complex. The second radio link extends this coverage to the next mountain range, again
allowing coverage to extend beyond the line of sight. This network arrangement allows
total coverage of an extended flight test over remote and/or inaccessible terrain, without
the need to deploy operators to remote sites. These systems can be colocated with existing
microwave relay sites for convenience and expediency. The only requirement to visit the
remote sites if for periodic or corrective maintenance.

THE ACU-6 COMMAND LANGUAGE

The Command Language designed for the ACU-6 possesses some very significant
attributes. It is defined using only printable ASCII characters - no “special” or control
characters are used. This means that virtually any computer can be connected to the



ACU-6 over any protocol supported with no risk of collision with other communication
protocols or operating system idiosyncrasies. The only exception to this is the use of
“XON and XOFF” in systems specifically requiring this form of buffer synchronization.
Even this is not likely since the ACU-6 protocol is half-duplex in nature. Full-duplex links
are easily supported for compatibility, but the language definition and networking schemes
are really implemented as half-duplex.

An example ACU-6 message is shown below to illustrate the message format. The various
fields within the message are marked and explained. Note that the “spaces” in the
messages are legal - all undefined characters are treated as “white space” allowing for
imbedded spaces, carriage returns, and other control characters and even comments. This
can be useful in messages more readable. Binary state variables are commanded and
reported with readable messages: “ON” and “OFF”, “MN” (manual) and “AT” (auto),
“HI” (high) and “LO” (low), and so on. ANSI standards are followed for the
representation of real and integer numbers, and the ACU-6 will accept a real when
expecting an integer, and vice versa, when possible, responding with a “questionable
argument” status instead of rejecting the argument and responding with an “argument
error” status.

The following is an example of a message from a master (user computer or Master
ACU-6) to a slave:



The slave response to the above message might look something like this:

The examples above are relatively simple. The language definition allows for broadcast,
repeat messages, error handling and notification, short status requests for rapid polling,
and much more. The complete ACU-6 command language definition is many pages, and is
therefore not presented here. It is hoped that the examples above convey the flavor of the
protocol, and illustrate the flexibility, power, and ease of use this definition represents.

CONCLUSIONS

The ACU-6 remote control capabilities offer a new set of solutions to the range planner.
Integrated testing and control of range equipments, both for system verification and
troubleshooting, and for integrated mission control is becoming more attractive as more
equipment manufacturers offer remote control in various forms. The ACU-6 is useful in
these configurations, and also in configurations where no existing integration has been
implemented. These capabilities offer options for unattended collection sites and range
coverage extensions heretofore unavailable.



FIGURE 1 - REMOTELY CONTROLLED ACU-6

FIGURE 2 - SLAVE SYSTEM WITH PROTOCOL SWITCH

FIGURE 3 - HYBRID CONFIGURATION



FIGURE 4   ACU-6 NETWORK USING EXISTING
USER COMPUTER AS MASTER

FIGURE 5 - ACU-6 EXAMPLE NETWORK USING ACU-6 MASTER



RECENT DEVELOPMENTS IN
EHF SATCOM TECHNOLOGY
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ABSTRACT

Increased recent activity in the evolution of EHF (20/30 and 20/44 GHz) satellite
communications systems has resulted in corresponding advances in EHF component and
subsystem technology. Accordingly, for current SATCOM system design concepts, this
paper identifies key space and ground segment EHF transmitter and receiver technologies
with respect to current state of the art and specific hardware examples.

INTRODUCTION

The evolution of advanced EHF SATCOM systems in the 30/20 and 44/20 GHz
commercial and military uplink/downlink bands for deployment in the late 1980’s and
early 1990’s has emphasized the use of wideband digital traffic, servicing many dispersed
user ground terminals via a single satellite, operated in a Time Domain Multiple Access
(TDMA) mode. The emerging design philosophy for such systems features (Figure 1):

• complex, sophisticated space segment architecture, (Figure 2), providing TDMA
interconnectibility between a multiplicity of large and small ground terminals, with the
latter, in light, low power and low cost configurations, predominating.

• space segment configured as demodulation/modulation regenerative repeater rather
than simple translational transponder.

• high gain multiple aperture spacecraft receive and transmit antennas, permitting an
optimum combination of multiple beam hopping between many ground terminals and
beam steered adaptive nulling.

• low ground terminal transmit ERP and receive G/T for low production cost and ease
of transportability.

• moderate spacecraft receive G/T and transmit ERP to assure sufficient link margin.
• multiple spacecraft receivers and transmitters, where required for compatibility with

multiple aperture antennas.



The foregoing features of advanced EHF SATCOM systems depend, in turn, upon the
successful evolution of the following critical areas of EHF component/subsystem
technology:

• wideband transmit power amplifiers
• low noise receive amplifiers and downconverters
• frequency multipliers and upconverters (for EHF local oscillator and carrier

generation )
• functional control and processing circuits, e.g. phase shifters, phase modulators etc.

Considerable development effort is currently in progress in each of the foregoing EHF
technology areas. A brief assessment of the current state of the art is presented in the
following paragraphs along with specific examples of hardware.

TRANSMIT POWER AMPLIFIERS

Two basic candidates for EHF transmit power amplifier usage are the travelling wave tube
(TWTA) and solid state power amplifier (SSPA), with the former providing higher RF
power output and DC/RF efficiency and the latter considerably longer life, graceful
degradation, simpler (low voltage) prime power conditioning, smaller size and lower cost
reproduceability.

The current spaceborne and ground based EHF TWTA developmental state of the art has
encompassed 10-50W at ~20-30 percent overall efficiency for 20 GHz spaceborne and
80-250W @ ~10-20 percent efficiency for 30/44 GHz ground based operation.

The solid state power amplifier (SSPA), on the other hand, provides all of the advantages
enumerated above, but at the expense of more modest RF power output and DC/RF
efficiency capability.

In its most general form, the EHF SSPA consists of an input driver section and
combinatorial output power section (Figure 3), wherein the former composes a cascade of
amplifier stages utilizing low-to-medium power devices(GaAs FETs to ~25 GHz or GaAs
Gunn diodes ) and the latter a cascade of individual or power combined stages utilizing
medium to high power devices (FETs or IMPATT diodes).

Each FET amplifier stage is connected in the common source three port positive resistance
topology, either in the single ended or hybrid-coupled balanced configuration, whereas the
single or multiple diode IMPATT or Gunn amplifier stages can be operated in the
circulator-coupled negative-resistance reflection topology in either the injection locked
oscillator (ILO) or stable amplifier mode. The former can deliver full RF power output at



higher gain and higher efficiency than the stable amplifier but only at the expense of
inferior bandwidth, dynamic range, output spectral noise/spurious content and transient
response. Hence the stable amplifier is generally preferable for wideband digital traffic.

Power combining can be accomplished either actively (multiple devices within a single
amplifier stage) or passively (a multiplicity of single device “building block” stages
interconnected in a passive combinatorial network). In principle, the former has the
advantages of simplicity, compactness and lower parts count but, in actuality, is prone to
spurious oscillation, poor combining efficiency due to the need for balancing resistors or
mode suppressors, catastrophic degradation on random device failure, and bandwidth
degradation inversely with the number of devices. Passive power combining, on the other
hand, provides stability, wide bandwidth and dynamic range and graceful degradation
capabiltiy.

A summary of the current state of the art in EHF power amplifier technology, utilizing
GaAs FET and Si and GaAs single or double drift (SDR or DDR) IMPATT power devices
is presented as follows:

• 20 GHz FET’s provide ~ 0.5 to 1.25W RF power output apiece at 3 to 4 dB operating
gain and, in an 8-way passive combinatorial SSPA, provide ~8W overall output over
the 17.7-20.2 GHz band

• 20 GHz GaAs SDR and DDR IMPATT’s exhibit ~ 1.5-2.5W and 4.5-7WRF
oscillator power, respectively, at ~15-22 percent DC/RF efficiency. Single stage,
stable “building block” amplifiers using these devices provide 2.5 to 3 and 4.5 to 5W
RF output power, respectively, at 3-4dB operating gain and ~1.5 to 2 GHz
bandwidth. 6 and 12 way active combinatorial injection locked oscillators using 5 and
2W devices, respectively, exhibited ~13.0-16.5W and ~19W RF output power over
1GHz and 0.2 GHz locking bandwidth and at ~9 and 12 percent DC/RF efficiency,
respectively. 4 and 8 way passive corporate combinatorial SSPA’s, using stable 5 and
2.5W “building blocks” exhibited 16-18W and 18-20W RF output power over 1 GHz
bandwidths with 10-11 and 12-13 percent DC/RF efficiency.

• 30-35 GHz GaAs DDR IMPATT diodes yielded 1.5 to 2W RF power output at 15 to
20 percent efficiency and demonstrated 5 to 10W output in injection locked active
power combiners

• 40-44 GHz GaAs and Si DDR IMPATT diodes exhibited ~2 and 1.5W RF power
outputs at ~15-20 and ~8-12 percent DC/RF efficiencies. Injection locked 2 and 12
way active power combiners exhibited 3W and, ~11W RF output powers over
~1 GHz and ~0.4 GHz at ~44 and 41 GHz, using GaAS and Si IMPATTs,
respectively.



An example1 of a 4 way passive corporately combinatorial 20 GHz 10 W IMPATT power
module utilizing 2.5W stable “building block” stages is depicted in Figure 4, whereas the
RF power-frequency profiles of such “building blocks” and corresponding 2,4 and 8 way
passive combinatorial power modules are presented in Figure 5. The capability for DC bias
-backoff-derived continuous power-down operation, inherent in this SSPA design and
demonstrated for the 8-way combinatorial 20W power module in Figure 6, enables a
substantial reduction in IMPATT diode junction temperature with relatively modest roll off
in RF output power (such as can be tolerated in all but the most unfavorable propagation
conditions in a 20 GHz SATCOM down-link). This in turn leads to orders of magnitude
improvement in potential IMPATT diode lifetime, a phenomenom of paramount
importance in spaceborne downlink deployments.

RECEIVER LOW NOISE AMPLIFIERS AND DOWN CONVERTERS

The current and near term projections of the state of the art in EHF low noise receiver
technology, underlies the development of the following key EHF SATCOM spacecraft and
ground terminal “front end” (low noise amplifier/mixer-downconverter/IF amplifier)
configurations:

• uncooled FET LNA’s for potential ground terminal “front end” usage at 20GHz have
already exhibited # 4 dB NF over $1 GHz bandwidth, whereas the projected near
term capability for spacecraft FET LNA’s at 30 and 44 GHz comprise noise figures of
5-6 and 8-9 dB respectively.

• uncooled paramp LNA’s, through more complex, larger and more consumptive of
prime power than FETs, are capable of considerably better noise performance as
exemplified by 2, 3 and 4 dB noise figures at 20, 30 and 44 GHz respectively, with
the latter configuration being currently under internal development by at least one
contractor.

• Image-enhanced mixer “front-ends” can provide the required downconversion
function with sufficiently low overall single sideband noise figure in the ~5 to 8
percent spacecraft uplink receiver bands (~5 to 6dB and ~6 to 7 dB at 30 and 44
GHz, respectively) without requiring the incorporation of an EHF LNA ahead of it,
and with the added advantage of high dynamic range.

The latter approach has been exemplified by the development and demonstration2 of a
POC model “front end”, consisting (Figure 7) of the closely integrated combination of a
27.5-30 GHz,3.5 to 4dB conversion loss image-enhanced mixer, coupled to a
3.7-6.2 GHz,1.7-2.2dB NF FET IF amplifier and driven by a self-contained 23.8 GHz
phase-locked LO source. The overall receiver, packaged in a EMI-shielded, milled-out
8.75"x6.5"x2.5 enclosure, exhibited over the 27.5-30 GHz RF/3.7-6.2 GHz IF band,
5.5 dB (typ.)/7.0 dB (max) SSB noise figure, 19 dB minimum conversion gain and +23



dBm minimum third order two tone inter-modulation output intercept point. The adaptation
of this configuration to the 2 GHz wide uplink band at 44 GHz should yield 6.0 to 7.0 dB
overall receiver SSB noise figure.

FREQUENCY MULTIPLIERS AND TRANSLATORS

In the most recent generation of EHF SATCOM receivers and transmitters, frequency agile
down and/or up-converter LO sources and carrier generators utilize microwave (C-to
X-band) synthesizers the outputs of which are multiplied or translated up to the required
EHF bands. In particular, varactor quadruplers (such as used in the LO source for the
receiver depicted in Figure 7) can provide up to 50mW RF output power at / 10 percent
conversion efficiency at frequencies to 50 GHz. Alternatively, high power varactor
upconverters may be used to translate up to octave bandwidth synthesized (or phase
modulated) spectra to EHF with output powers up to 100mW. This is exemplified by a
recently developed3 S-toQ band varactor upper sideband upconverter (USUC) subsystem,
incorporating a self-contained phase locked solid state Q-band pump source, (Figure 8).

• These 20 GHz power modules were developed under AFWAL/AFSpaceDivision
Contract F-33575-80 C1182, with initial diode and breadboard circuit contributions
form NASA LeRC/AFSD Contract NAS3-22491

• This effort was sponsored by NASA LeRC/AFSD under Contract No. NAS3-22494

• This effort was sponsored by NOSC under Contract N00123-79C-1529

Utilizing a balanced pair of large-signal GaAs Schottky varactors, the USUC translates a
2 GHz wide S-band input signal spectrum to the 44 GHz upper sideband output. At 400
mW pump power and 50 mW signal input level, the upper sideband output power ranges
between 60 and 110mW with better than 40dB lower sideband rejection. A lower power
version of this USUC delivers 20MW 44GHz output power under 50mW S-band signal
and 100mW pump drive.

This high level S/Q-band USUC is also eminently useful as a source of high-level swept
Q-band drive signals (as derived from readily available swept 2-4 GHz inputs) which in
turn are useful in the development and testing of 44GHz transmit amplifiers. For lower
power applications, mixer converters and translators requiring much lower LO drive are
useful, such as under development for 30/20 GHz loop tests.



CONTROL AND PROCESSING CIRCUITS

The advanced functional concepts embodied in the next generation of EHF SATCOM
equipment (Figure 2) have given rise to the development of such FET, PIN and Schottky
diode based control and processing circuits as phase shifters, direct PSK modulators,
switches etc. directly at EHF, that were previously incorporated at IF. Unique examples of
20 GHz circulator eoupled Schottky diode 0 to 360E analog reflective phase shifter and
QPSK path length modulator, each implementable in the highly integrated TEM line
structure depicted in Figure 9, and each requiring virtually zero drive current, are
particularly useful in adaptively nulled phased array antenna systems and high data rate
QPSK downlink transmitters, respectively.

FUTURE TRENDS

As subsequent generations of EHF SATCON systems evolve, the EHF component and
subsystem technology will advance even further toward the directions of:

• FET receiver LNA’s and transmitter power modules for spatial combining
• GaAs monolithic (MMIC) functional components and subassemblies, such as INA/

downconverter/IF amplifier, phase shifter/amplifier etc.
• multiaperture hopped or steerable beam receive and/or transmit antenna systems,

incorporating steerable receiver INA and transmit power modules.
• single-thread FET/IMPATT SSPA’s with graceful degradation under random device

failure and adaptive power down capability for enhanced device reliability.

The technology enumerated above will not, however, completely supplant such high
performance “single thread” receive and transmit subsystems as parametric amplifier and
image-enhanced mixer “front ends” and TWTA’s when link budgets demand their extra
measure of performance.



FIGURE 1.



FIGURE 2   ADVANCED TECHNOLOGY EHF SPACE VERATIVE COMMUNICATIONS
REPEATER



FIGURE 3.  GENERAL BLOCK DIAGRAM OF EHF SSPA



FIGURE 4.   10W, 20 GHz 4 WAY COMBINATORIAL IMPATT
POWER MODULE



FIGURE 5   MEASURED PERFORMANCE OF N-WAY CORPORATE
COMBINATORIAL IMPATT SSPA SERIES



FIGURE 6   MEASURED PERFORMANCE OF 20W, 20 GHZ 8-WAY
COMBINATORIAL IMPATT SSPA UNDER DC BIAS VOLTAGE

BACKOFF/POWER DOWN OPERATION



FIGURE 7.   30 Ghz POC MODEL SPACECRAFT RECEIVER



FIGURE 8   EHF (44 Ghz) POWER UPCONVERTER



FIGURE 9.   TYPICAL 20 Ghz QPSK DIRECT MODULATOR OR 0-360EE
PHASE SHIFTER IMPLEMENTATION
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ABSTRACT

Millimeter wave systems have had a 20 year development period starting with the pursuit
of radio astronomy in the 1950’s to the mm-wave satcoms of the 1980’s. This paper traces
the developments of both mm-wave technology and satcom systems to both the present
NASA ACTS system and the developing military mm-wave satcoms.

INTRODUCTION

The question is often asked, “Are mm-wave systems just around the corner?” The fact is
that mm-wave systems were actually born in the 1950’s when radio astronomers first
searched for cosmic radio emissions at frequencies above 18 GHz. Table 1 lists many of
the subsequent driving forces to the development of modern mm-wave systems.

The first major mm-wave communication system was the guided mm-waveguide system
which was born at the Bell Telephone Laboratories in the mid 1950’s. This system used a
special waveguide lined with an internal helix and had a bandwidth from 20 GHz to over
100 GHz. It was developed in many countries of the world for heavy trunking applications
until it was superceeded by the advent of fiber optics in the 1970’s.

During the 1970’s, many other mm-wave systems were born. 18 GHz terrestrial radio
relay systems were developed in Japan, U.S., and the United Kingdom; electronic
countermeasures reached into the 40 GHz region; earth sensing systems used mm-wave
radiometers; military systems developed mm-wave radar for precision tracking and target
seeking to 94 GHz; and a crowning mm-wave development in the 1970’s was the launch
of the Japanese Communication Satellite CS on December 14, 1977 which exploited the
30 GHz and 20 GHz communication bands, using an extensive family of 30/20 GHz earth
stations and 60 Mbps TDMA developed in Japan. This communication satellite joined the
historic propagation experiments by NASA’s Louis Ippolitto with the ATS-6 satellite
which explored 30 GHz and 20 GHz; satellite links in the United States and led eventually
to the start of development of both NASA’s Advanced Communication Technology



Satellite (ACTS), and the military communication satellite, MILSTAR, in the United
States in 1983.

MM-wave satcom developments were also forthcoming in Europe with the development of
Italy’s SIRIO in the 1970’s with its 18/11 GHz transponders, and with the development of
Italy’s ITALSAT and European Space Agency’s L-Sat in the 1980’s with 30/20 GHz
transponders using SS-TDMA.

Japan’s second generation mm-wave communication satellites CS-2A and CS-2B were
launched in 1983 and became operational - creating the start of a mm-wave satcome era
which has given impetus to the development of many required technologies in Japan.

MILITARY AND COMMERCIAL MM-WAVE COMMUNICATION
SATELLITES

Commercial mm-wave satcoms have the advantages of large available bandwidth and the
use of relatively small antennas and are therefore attractive to dense traffic and high data
rate users. The rapid saturation of the geostationary arc by present and forthcoming
C-band and Ku-band satcoms over North America located in an arc region with a total
potential of around 1400 equivalent 36 MHz transponders, is creating interest in the
mm-wave frequencies as a means of escaping this saturation.

 Military users, after long exploitation of UHF with Fleetsatcom, and the 8/7 GHz
freqencies with DSCS-11, are also finding the use of a 44 GHz uplink and a 20 GHz
downlink very attractive because of ability to use mobile small antennas and also accrue
certain advantages of secure communications. As pointed out by Dr. Pravin Jain of DCA,
who led the move to the mm-wave military satcoms, anti-jam and low-probability-of-
intercept (LPI) considerations for the tactical users strongly favor use of higher frequencies
(e.g., 44 GHz) also on the the uplink. Relative comparison of the AJ/LPI performance of
mobile users in the UHF and EHF bands indicates that the potential for meeting the
postulated threats are far better at EHF than at UHF. Satellite anti-jam and LPI satellite on-
board processing may include: despreading, demodulation, decoding, and demultiplexing
of the uplinks; correspondingly coding, modulation, and spectrum spreading on the
downlink. The extent of onboard processing, however, needs to be carefully balanced with
respect to system operational complexity and processor technology.

Figure 2 provides a comparison of the basic characteristics of a commercial type (ex:
ACTS) satcom and a candidate military type satcom, illustrating key differences in
capacity.



Satellite on-board processing was first experimentally tested on the highly successful
LES-8 and LES-9 satellites which operated in the 34 and 36 GHz bands in the late 1970’s.
These satellites were also the first to demonstrate Ka-band satellite-to-satellite
communications in space.

THE MM-WAVE SATCOM SYSTEMS AND REQUIRED TECHNOLOGIES

Figures 3, 4, and 5 illustrate representative earth station and satellite transponder systems
which are candidates for various mm-wave satcom systems. Figure 3 illustrates an earth
station which uses mm-wave antennas, low noise amplifiers (LNA) and high power
amplifiers (HPA) in addition to frequency synthesizers which have been developed at
L-band for use with military frequency hopped systems. The February 1982 issue of
Microwave Journal contains an excellent up-date on new agile synthesizer developments
in the 1 - 1.5 GHz frequency bands.

Figure 4 shows the basic “bent pipe” satellite transponder which, in mm-wave satcom
requires an LNA, filters, and a power amplifier such as a TWT. Figure 5 shows the signal
routing and processing transponder of the NASA ACTS satellite which introduces RF
switching, and demodulation, FEC, baseband routing and remodulation - all between fixed
and scanning antenna beams. This satcom, in 1988, will provide a major step forward in
communication satellite systems, i.e., a switchboard in the sky.

Some of the required mm-wave technologies to implement these mm-wave satcom systems
include the following:

• scanning and multiple beam antennas for the space craft. Tracking and precision
surface antennas for the earth segment.

• low noise amplifiers in both space and ground to provide the required figure of merit
G/T with the antennas. These low noise amplifiers include FET amplifiers and low
noice mixers.

• power amplifiers in both space and ground segments to provide, with the antennas,
the required effective radiated power, EIRP.

• the filters which channelize the frequency band. Dual-mode elliptical filters have
now been developed for use up to 30 GHz. Contiguous multiplexers too are now
being used in mm-waves.

• frequency hopping synthesizers are in advanced stages of development for mm-
wave FSK systems using new surface acoustic wave (SAW) filter development.



• modulation systems for QPSK and MSK have been developed for data rates up to a
gigabit, and mm-wave direct frequency modulatiors and demodulators have been
built in integrated circuit form.

• voice and video signal processing has undergone a major revolution in the quest for
minimum bit rate representation of voice and video.

• Gallium arsenide and Indium phosphide are becoming key mm-wave component and
MMIC materials; and the development of monolithic GaAs mm-wave integrated
circuits and mm-wave LSI is experiencing considerable world-wide effort.
Monolithic Ga As IC’s are being given additional impetus by the development of
12 GHz direct broadcast systems.

LOW NOISE AMPLIFIER EVOLUTION

For many years, achieving sensitivity at any cost at millimeter waves was a primary
problem. Figure 6 shows how low noise amplifiers have developed over the years starting
with masers, and cryogenic paramps at 4 GHz for INTELSAT earth stations and at
mm-waves for radio astronomers in the 1960’s. However, the advent of the field effect
transistor, in the 1970’s has revolutionized low noise amplifier design, cost, and
availability at all frequencies up to 60 GHz and today a 3 db noise figure is obtainable with
a FET amplifier at 21 GHz - where a major costly paramp development was required only
a decade ago.

A CHRONOLOGY OF 20 GHz AMPLIFIER TECHNOLOGIES

Figure 7 illustrates the chronologies of four key 20 GHz mm-wave amplifiers; the 3 db
noise figure FET amplifier, the 10 watt FET power amplifier, the 20 watt IMPATT
amplifier, and the 30 watt and 75 watt TWT amplifier. As shown, all of these technologies
essentially “started out” at much lower frequencies at least a decade ago, spurred by
4 GHz requirements from INTELSAT and other satellites and from synergistic terrestrial
radio relay systems, and various military communication developments.

As shown, the advance of these technologies to the millimeter waves has resulted from an
orderly advance in technology developments resulting primarily from government
sponsored research in the United States, Candada, Japan and Europe.

As an illustration, the NASA ACTS satellite procurement has been preceeded by more
than three years of technology developments sponsored by the NASA Lewis Research
Center. These technology developments, leading to proof-of-concept models, has greatly
advanced the realization of each of the technologies shown in Figure 7.



VIDEO AND VOICE SIGNAL REPRESENTATION

A decade ago, a digital representation of the human voice ranged from 16 Kbps (military)
to 64 Kbps (commercial) and the digital representation of a video NTSC signal required a
data rate of almost 100 Mbps. During the last decade, a major assault has been made on
processing voice and video signal and as shown in Figures 8 and 9, the use of VLSI and
SLIC chips has produced digital representations of the voice at bit rates approaching one
kilobit, and of a color video signal at bit rates approaching one megabit. These low bit rate
representations of voice and video, along with computer outputs at bit rates from less than
one kilobit to 9600 bits, is making possible the development of military and commercial
integrated data, voice, video systems leading to the development of global integrated
services data networks (ISDN). This move to efficient digital systems, along with new and
improved modulation systems, will increase the attractiveness of mm-wave communication
systems for both military and commercial communications.
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FIGURE 1: DRIVING FORCES TO THE USE OF MILLIMETER
WAVE SYSTEMS

• RADIO ASTRONOMY
• RADAR
• RADIOMETERS
• PRECISION TARGET SEEKERS
• ELINT
• SECURE COMMUNICATIONS
• ELECTRONIC COUNTER MEASURES
• TACTICAL WEAPON SYSTEMS
• EARTH SENSING (REMOTE) SYSTEMS
• ATMOSPHERIC MEASUREMENTS
• GUIDED MM-WAVEGUIDE SYSTEMS
• 20 GHZ TERRESTRIAL RADIO SYSTEMS
• 40 GHZ TERRESTRIAL RADIO SYSTEMS
• EXPERIMENTAL SATELLITE COMMUNICATIONS (ATS-6,COMSTAR,

ETS-2,LES 9/9)
• COMMERCIAL SATELLITE COMMUNICATIONS (CS-2A,L-SAT, SIRIO, ACTS,

ITALSAT)
• MILITARY SATELLITE COMMUNICATIONS (MILSTAR)



FIGURE 2:  COMPARISON OF THE BASIC CHARACTERISTICS OF
MILITARY AND COMMERCIAL COMMUNICATION SATELLITES (ACTS

COURTESY OF NASA)

ITEM MILITARY NASA ACTS PROGRAM

FREQUENCY 44/20 GHz & UHF 30/20 GHZ

TERMINAL CAPACITIES #16 KBPS 1-500 MBPS

TERMINAL TYPE MOBILE FIXED

SYSTEM CAPACITY <1 MBps 4-10 GBPS

AVAILABILITY .98 .995-.9999

RAIN COMPENSATION FIXED MARGIN FEC, POWER
AUGMENTATION & SITE
DIVERSITY

ACCESS FDMA UP/TDMA TDMA

SPECIAL PROCESSING
FOR ANTI-JAM
AND LPI

SPREAD SPECTRUM
FREQUENCY HOPPING,
ANTENNA NULLING

NONE

SWITCHING AND
NETWORK CONTROL

FEW NUMBER OF
CIRCUITS VIA SAT.
BASEBAND PROCESSOR

20x20 IF SWITCH
MATRIX WITH 100,000
CIRCUIT CAPACITY
60,000 CIRCUITS VIA SAT.
BASEBAND PROCESSOR

FIGURE 3: BASIC EHF EARTH STATIONS



FIGURE 4:  BASIC “BENT PIPE” SATELLITE TRANSPONDER

FIGURE 5:  SIGNAL ROUTING AND PROCESSING TRANSPONER OF THE
NASA ACTS EHF COMMUNICATION SATELLITE (COURTESY OF NASA)



FIGURE 6:  LOW NOISE AMPLIFIER EVOLUTION

FIGURE 7:   THE CHRONOLOGY OF FOUR BASIC AMPLIFIER
TECHNOLOGIES FOR MILLIMETER WAVE SATCOMS



FIGURE 8: EVOLUTION OF VIDEO SIGNAL REPRESENTATION

FIGURE 9:  EVOLUTION OF VOICE SIGNAL REPRESENTATION
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ABSTRACT

This paper describes the development of low noise GaAs FET amplifiers for 20-22 GHz.
These amplifiers achieve a 3 dB noise figure and 19 dB gain with two hybrid stages. In
addition, data will be presented on state-of-the-art GaAs FET noise performance above
18 GHz.

INTRODUCTION

For satellite communication systems there is a continuous effort to lower the ground
station noise figure in order to improve sensitivity and reduce antenna size. This is as true
below 18 GHz as it is above 18 GHz where the problem is compounded by limitations in
device, measurement, and circuit technology. These three main topics will be discussed in
detail and followed by results of the low noise amplifier.

GaAs FET TECHNOLOGY

As shown in Table 1, noise figure of GaAs FET’s has dramatically decreased over the
years with corresponding increases in associated gain.

YEAR NOISE FIGURE ASSOCIATED GAIN REFERENCE

1978
1980
1981
1982

2.4 dB
1.9
1.75
1.55

6.6 dB
7.0
8.5

12.3

(1)
(2)
(3)
(4)

Table 1. State-of-the-art 18 GHz Noise Figures and Associated Gains of GaAs FET’s.



The latest state-of-the art report (4) is achieved with the GaAs FET shown in Figure 1.
Notable features of this device are the very small gate length (< 0.25 micron), small gate
width (75 microns), and air bridge gate feed to three 25 micron fingers. The 75 micron
gate width was chosen to optimize input capacitance for simple noise matching at 20 GHz.
The sub-quarter micron gate length is achieved with a two step lithographic process which
yields a large cross-section gate for low ohmic resistance. The airbridge is then used to
connect the three gate pads for low ohmic resistance and minimal phase delay of the input
signal along the gate stripe. These features add up to very high performance with 2.0 dB
noise figure and 10.5 dB associated gain at 22 GHz. This device is also used in 26.5 - 40
GHz amplifiers (5) and has an extrapolated fmax well in excess of 100 GHz.

A plot of minimum noise figures with associated gain from 18 - 40 GHz is shown in
Figure 2. Note that data above 32 GHz is linearly extrapolated.

MEASUREMENT TECHNOLOGY

Several test systems were assembled to determine minimum device noise figure and the
matching conditions necessary to achieve it. The device is first mounted onto a microstrip
carrier and inserted into an APC-3.5 coaxial test fixture. This fixture is then connected
between tuners in a noise figure station where the DC bias and tuner positions are
optimized for minimum noise figure. The tuners are then removed and measured on an
18-26.5 GHz Automatic Network Analyzer (6). Finally, the tuner reflection coefficients
are rotated to the reference plane of the device to determine the noise matching conditions.
This procedure was repeated for several individual frequencies in the 20-22 GHz range.

CIRCUIT TECHNOLOGY

Given the noise matching conditions and device S-paramters, input and output matching
circuits were synthesized for low noise and flat gain over the 20-22 GHz band. These
matching circuits were first built as single-ended amplifiers and later incorporated into the
balanced amplifier stage of Figure 3. This microstrip circuit measures 0.64cm (0.25 in) x
0.51 cm (0.2 in) and contains Lange couplers, input and output matching circuits, quarter
wavelength bias chokes, and tantalum nitride resistor bias networks on 15 mil thick
alumina substrates. The balanced configuration is used for low input-output VSWR and
cascadability of stages.

Features of the balanced amplifier stage are the simplicity and small size of the RF
matching circuit. Most of the tuning is achieved with the input and output bond wires with
fine tuning provided by small capacitive pads. This circuit presents the correct reactive
impedance to the device and requires little if any extra tuning to achieve minimum noise
figure. The DC circuit is designed to drop the supply voltages of +5 volts and -2 volts to



the minimum noise bias. This circuitry is isolated from the RF circuit with high impedance
quarter wavelength transmission lines.

The complete amplifier appears in Figure 4 and consists of two balanced amplifier stages
in a machined aluminum case that measures 2.3 cm (0.9 in) x 2.5 cm (I in) x 1.3 cm
(0.5 in) excluding connectors. APC-3.5 precision connectors are used on the input and
output for low loss and VSWR. Production versions of this amplifier (7) will be different
in that they have more gain, hermetic packaging with SMA connectors, and use a single
positive supply for bias.

RESULTS

Since the original reports on this amplifier (7, 8), the units have been remeasured with a
more accurate noise diode (AILTECH 7626). The results of gain and noise figure
measurements from 12-22 GHz appear in Figure 5. Note that the bandwidth of 12-22 GHz
is significantly wider than the design range of 20-22 GHz. This is primarily due to the low
pass matching structure and low device equivalent noise resistance, Rn.

SUMMARY AND CONCLUSIONS

This paper has reported state-of-the-art GaAs FET noise figures above 18 GHz and a
detailed description of a low noise amplifier optimized for 20-22 GHz. Measured results
for a two-stage amplifier are 3.5 dB maximum noise figure with 19 dB ± 1 dB gain from
12-22 GHz.
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FIGURE 1.   75 MICRON LOW NOISE GaAs FET



FIGURE 2. MINIMUM NOISE FIGURE AND ASSOCIATED
GAIN - 75 MICRON GAAs FET

FIGURE 3.   BALANCED LOW NOISE AMPLIFIER STAGE



FIGURE 4.   TWO STAGE LOW NOISE AMPLIFIER

FIGURE 5.  LOW NOISE AMPLIFIER GAIN AND NOISE FIGURE.
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ABSTRACT

During the past three years, interest in satellite communications in the frequency bands
above Ku-band has expanded dramatically. As a result, a number of key technology
developments, targeted to meet specific next generation spaceborne needs, were
undertaken. The state-of-the-art in solid state power transmitters, including critical passive
component technology, is presented. This includes filters as well as a series of rugged high
performance ferrite components such as isolators, circulators and latching switches.

SUMMARY

In the solid state power transmitter area, several key development efforts are summarized
in Table 1.

Table 1. Summary of Solid State Power Transmitter
Developments for Space Applications

Type Frequency Power Output Comment/Status

FET Amplifier 15 GHz 7 Watts 1 GHz BW. Complete and space
qualified (TRW)

FET Amplifier 20 GHz 8 Watts Eight 1.25W modules. 8W
achieved March 1983

IMPATT Amplifier 20 GHz 20 Watts 19 Watts achieved, gain 10 dB,
100 MHz BW (TRW)

IMPATT Amplifier 38 GHz 5 Watts 10 dB gain, 500 MHz BW. 8% ef-
ficiency. Completed 1979 (TRW)

IMPATT Amplifier 41 GHz 11 Watts 30 dB gain, 400 MHz BW, 7% effi-
ciency. Completed 1981 (TRW)



IMPATT Amplifier 44 GHz 0.5 Watts 2 GHz BW. First 6 stages, with
40 dB gain and 0.5W output
power completed June 1982 (TRW)

IMPATT Amplifier 44 GHz 5 Watts 2 GHz BW. Status: 3.5 Watts
achieved.

Each of the above amplifiers will be described in detail, three of them are shown in
Figures 1 to 3 below.

Since 1975, a series of ferrite high performance components have been developed at
TRW. The rugged design employed in both circulators and switches was readily space
qualifiable and has been selected and used on a number of space programs. Table 2 and
Figure 4 summarize this hardware.

Table 2. Typical Performance of Space Qualified
High Power Ferrite Components

Frequency
Range

    (Ghz)    Type

Insertion
Loss

   (dB)   
Isolation
   (dB)   VSWR

Bandwidth
      (%)      

CW Power
   (Watts)   

7-10 Circulator 0.1 -25 1.10 35 100

7-8.5 Latching Switch* 0.35* -37* 1.05 3 100

18-23 Circulator 0.2 -25 1.2 24 75

17.5-20.5 Latching Switch* 0.3 -20 1.2 15 75

27.5-30 Latching Switch* 0.4* -40* 1.2 9 6

26.5-34 Circulator 0.1 -20 1.2 26 12

32-40 Circulator 0.1 -20 1.2 23 12

37-46 Circulator 0.15 -20 1.2 22 12

59-62 Circulator 0.3 -20 1.25 3 **

92-99 Circulator 0.5 -20 1.3 7 **

* Two Junctions
** Not Tested for High Power

In the filter area, we have evaluated a number of different transmission media in
constructing filters, but have found only waveguide filters to be acceptable for demanding
space applications. A comparison of the different types of filters evaluated is shown in
Figure 5.







FIGURE 5. THEORETICAL vs. EXPERIMENTAL TRANSMISSION
RESONATOR (FILTER) FOR VARIOUS TRANSMISSION
MEDIA (FUNDAMENTAL MODE)
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ABSTRACT

Hughes Aircraft Company - Electron Dynamics Division experience in providing 20 and
30 GHz TWTs for space application is summarized. Development programs for 25 and 50
Watt TWTs at 20 GHz are reviewed. A brief overview of development efforts at 40 to 44
GHz is presented.

INTRODUCTION

The worldwide increase in satellite communications has resulted in significant orbital
congestion at the lower frequency bands. This condition will only worsen in the near
future. Development of communications technology above 18GHz will allow access to
relatively unused bands and wider bandwidths. This will provide higher data rates and a
greater number of circuits. Special military considerations(1),(2) such as anti-jamming
requirements also compel access to wider bandwidths at higher frequencies. Therefore, it
is timely to review the progress that has been made in developing traveling wave tube
(TWT) technology above 18 GHz.

This paper begins with an overview of Hughes’ experience in designing and manufacturing
TWTs at these higher frequencies. Special attention is given to two current development
programs. A 25 Watt, 20 GHz TWT is being developed as a part of the Air Force Space
Division’s Generic TWTA Program for application on the MILSTAR Program. The
Generic Program emphasizes utilization of proven design concepts to maximize reliability
and manufacturability. The TWT will be manufactured on a Monitored Production Line
which is also being established under the Generic Program. The second program to be
reviewed in detail involves a 50 Watt, 20 GHz TWT. This multimode TWT development
is directed toward application in NASA’s Advanced Communications Technology Satellite
Program. Finally, the objectives of three major development efforts in the 40 to 44 GHz
range are briefly summarized.



OVERVIEW OF HUGHES EXPERIENCE ABOVE 18 GHz

Hughes has been involved in manufacturing TWTs for space application since 1960. A
2.5 Watt, 2 GHz TWT (designated the 314H) was developed for the Syncom satellite
which demonstrated the feasibility of geostationary satellites for space communications.
Since that time, power and frequency capabilities have continually increased. Table I
summarizes Hughes’ experience in production programs and development efforts above
18 GHz. The first K-band devices were manufactured for the Applications Technology
Satellite (ATS-6). This satellite, launched in 1974, carried both 20 and 30 GHz TWTs.
Subsequent major programs include a 4 Watt, 19 GHz device for the Japanese
Communication Satellite (CS-I) launched in 1977 and a large production program for an
upgraded 4 Watt, 20 GHz TWT, also for space application.

Table I. EXTREMELY HIGH FREQUENCY (EHF) HELIX TWT’S
FOR SPACE APPLICATION

Hughes has recently completed two development programs above 18GHz. A 10 Watt
TWT (Model number 950HA) capable of operation at either 23 or 32 GHz was developed
for Intelsat’s Inter-Satellite Link under Contracts IS-048 and IS-053. The design of this
device includes a type-M cathode and a two-stage depressed collector. A low perveance
gun provides excellent focusing as evidenced by a measured beam transmission of
98 percent at saturated output power. An overall efficiency of 35 percent has been
demonstrated.



A second development effort has been successfully completed with the delivery of two
TWTs providing 75 Watts peak output power at 34 GHz. Output power as high as
100 Watts has been demonstrated. This pulsed tube (Model 924H) is modulated by a
modified aperture grid and operates at 20 percent duty. The device focuses extremely well,
with beam transmission of 99 percent at saturated output power levels.

Having briefly reviewed Hughes experience above 18 GHz, two major development
programs currently underway will be discussed in detail.

25 WATT, 20 GHz TWT DEVELOPMENT

The first of two major development efforts to be reviewed involves the 25 Watt, 20 GHz
TWTA being developed under the sponsorship of the Air Force Space Division’s Generic
TWTA/Monitored Production Line Program (AF Contract F04701-82-C-0023). The
amplifier development is beyond the scope of this paper and only the TWT effort will be
discussed here. The design of the TWT (Model number 927H) will be developed, qualified
for space, and put into flight model production in 1985 at a one per month rate. Presently,
the electrical and mechanical design have been completed and parts procurement has
begun. Breadboard testing will commence later this year.

The operating band for this device is 19.6 to 21.2 with a saturated gain of approximately
50 dB. Gain flatness and AM to PM conversion are expected to be less than 1.0 dB and
6.0E/dB, respectively. The total DC input power for the TWT should be less then 77 Watts
with an overall efficiency of 32 percent.

The primary requirement for all devices developed under the Generic Program is the
establishment of a highly reliable and manufacturable design. Proven concepts are being
employed in all aspects of the design. The design is being developed in strict adherence
with the Generic Design Standard, a compilation of extremely conservative design criteria
and guidelines. Major features of the design include a coated type-M dispenser cathode
operating at I A/cm2 loading mounted in an unpotted gun (high voltage potting has thereby
been eliminated), a Beryllium-oxide (BeO) helix support structure heat shrunk in a
conventional way, and a two-stage depressed collector which also employs an unpotted
design. By selecting the type-M dispenser cathode in place of the oxide cathode and by
eliminating high voltage potting, the two major contributors to TWT failures have been
avoided.

The Generic Design Standard mentioned above is but one of ten different standards
developed under the Generic Program. These standards were developed through a
cooperative effort between Hughes and the Aerospace Corporation in order to more
effectively control the design, its analysis, and the manufacturing and testing of TWTs.



The Analysis Standard is a comprehensive detailing of the thermal and structural analyses
which are to be performed to verify the integrity of the design under all manufacturing and
thermal and dynamic operational environments. A major portion of the design evaluation
involves the empirical verification of theoretical predictions through an extensive
environmental testing program. The objective of this detailed analysis and testing program
is to assure a conservatively designed device with demonstrated margins of safety before
the device is put into full scale production.

Other standards define the Monitored Production Line itself, covering all aspects of
manufacturing and testing. In-process sampling and monitoring, control of production
facilities and equipment, and training and qualification of operators are defined, as well as
the formal quality, reliability, and configuration management systems which will be
employed on the program. Other detailed standards define both the testing to be performed
to verify performance and the test equipment configuration. In a separate effort, a
computer-driven 20 GHz test station is being developed. This will not only significantly
reduce testing time, but should enhance considerably both the accuracy and repeatability of
the measurements.

Through the establishment of these Generic Standards there can be developed and
produced a family of devices which are conservatively designed, highly reproducible and
manufacturable, with the greatest possible commonality of design features consistent with
specific program requirements.

50 WATT, 20 GHz MULTIMODE DEVELOPMENT

Numerous efforts are underway at Hughes at even higher power levels than discussed
above. In terms of new technology being developed at 20 GHz, the most significant of
these is the 50 Watt, 20 GHz multimode TWT(3). This tube (Model number 918H) is being
developed for the NASA/Lewis Research Center (under Contracts NAS 3-22333 and NAS
3-23345) and is designed for satellite communications systems requiring operation in the
frequency range of 17.7 to 21.2 GHz. The most interesting performance feature of this
device is its multimode capability. It is capable of operation at three different saturated
power levels: 5, 17 and 50 Watts. This on-command multimodle operation allows TWT
output power (and the resulting DC input power to the tube) to be optimized for the
particular propagation losses being encountered at a specific time. In this way, power
consumption and thermal power dissipation can be minimized in best-case conditions and
need only be increased during worst-case conditions. This multimode performance is
achieved at constant beam voltage through anode modulation of the beam current. In
addition to the three saturated output modes, operation at reduced input drive levels is
possible. This operating mode approximates small signal drive operation and results in
extremely low distortion performance.



In order to obtain good efficiency over this wide range of operating conditions, a five-stage
depressed collector has been developed. This design allows the electrons entering the
collector from the RF circuit interaction region to be collected in a highly efficient manner.
For example, in the high power saturated and backed-off modes, collector efficiencies of
88 and 94 percent, respectively, have been demonstrated. In order to suppress emission of
secondary electrons from the collector, titanium-carbide coated collector electrodes have
been incorporated into the design. Secondary suppression through the use of pyrolytic
graphite electrodes is also being investigated in conjunction with this program.

A tungsten helix supported by a BeO support structure was selected to assure an adequate
thermal design. A direct helix-to-waveguide transition was developed for the output
section, thereby eliminating the conventional helix-to-coaxial line-to-waveguide design. A
conventional design, with the relatively small center conductor in the coaxial section and
with the helix-to-center conductor weld joint, would have been exposed to significant
thermal stresses at this power level. The direct helix to waveguide transition provides both
an extremely conservative thermal design and an excellent output match.

A considerable effort was directed toward developing a helix support structure employing
diamond rods. Several TWTs were manufactured with diamond support structures and
these devices produced up to 75 Watts of output power at 19 GHz. While considerable
advances were made in the manufacturing technology required to implement this design,
the power handling capability of the conventional BeO support structure proved to be more
than adequate for this application. The diamond supported helix design is now being
implemented on an internal research and development program for a 50 Watt, 40 GHz
TWT. This effort is discussed below. The performance and design features of the
multimode tube are summarized in Table II.

Table II.  FEATURES OF THE 50 WATT, 20 GHz MULTIMODE TWT (918H)



DEVELOPMENT EFFORTS AT 44 GHz

In anticipation that the trend to higher frequencies will not stop at the 2 GHz bands,
Hughes is already looking forward to the next available communication band at 40 to 44
GHz. Three development programs in the 40 to 44 GHz range are presently being pursued
at Hughes. These efforts are directed at power levels of 25, 50 and 150 Watts respectively,
all designed for CW operation.

An internal research and development effort is directed toward a 50 Watt device operating
at 40 to 44 GHz. In order to provide high efficiency operation at these power levels, the
support structure for the helix will be fabricated from diamond. The design includes a
direct helix-to-waveguide transition as is used on the 50 Watt, 20 GHz device described
above. A DC model beam tester has been successfully tested to evaluate the gun design
and focusing structure. Fabrication of RF devices is now underway and testing will
commence later this year.

CONCLUSION

The dramatic increase in satellite communications during the last decade has resulted in
considerable interest in the higher frequency communications bands in order to relieve
congestion in the lower freqeuncy bands and because of the advantages greater bandwidths
offer. Hughes has had considerable experience in providing 20 GHz TWTs for space
application, beginning in 1974 with 20 and 30 GHz devices for ATS-6 and continuing to
the 4 watt production program currently in progress.

TWT development programs have been successfully completed recently for 10 Watts at
both 23 and 32 GHz and also for 75 Watts at 20 percent duty and 34 GHz. Major
development efforts at 20 GHz include a 50 Watt device for NASA/Lewis and a 25 Watt
TWT for MILSTAR. The latter device is being developed on the Air Force Space
Division’s Generic TWTA Program which includes the establishment of a Monitored
Production Line for TWT manufacture. This effort will result in significant improvements
to TWT reliability and manufucturability through improved control of design and
manufacturing disciplines.

Continuing development programs in the 40 to 44 GHz range at power levels up to 150
Watts will assure the evolution of the technology base required to provide high reliability
TWTs for space application at frequencies well above 20 GHz for the next decade and
beyond.
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ABSTRACT

The Navstar Global Positioning System (GPS) is presently undergoing full-scale
engineering development by the Department of Defense. A unique telemetry system has
been developed to support field test and evaluation of the GPS user equipment. Most of
the field testing is being conducted at the U.S. Army Yuma Proving Ground, which is
equipped to receive and process GPS telemetry. The telemetry system allows real-time
processing of GPS test data to support rapid on-site test planning, operations, and analysis.

Telemetry transmission hardware has been integrated on a variety of GPS host vehicles.
These include the Air Force’s C-141 cargo aircraft, B-52G bomber, and F-16A fighter, the
Navy’s Convair 880 and A-6E attack aircraft, and the Army’s UH-60 helicopter and M-35
truck.

Portable test station (PTS) units have also been developed to support the telemetry system.
The PTS will function as ground support equipment for host vehicle modification center
installation checkout, staging area premission checks, and telemetry transmission system
troubleshooting. it also functions as a GPS-unique self-contained, man-portable telemetry
receiving station for real-time GPS performance demonstrations and for remote range
telemetry display and processing.

INTRODUCTION

The Global Positioning System (GPS) is the culmination of approximately 30 years of
evolutionary development in satellite navigation systems. The Navy’s Transit System,
originally supporting the fleet ballistic missile force, became operational in 1964 and is
now widely used in both Government and commercial applications. Transit provides
intermittent positioning accuracy of better than 100 meters. Both the Timation and 621B
programs proceeded through hardware demonstrations and, in 1973, were combined into a



common, joint-service development. DCP-133, authorizing concept validation of GPS,
was signed in January 1974, with the Air Force assigned executive service responsibilities.
All of the military services and the Defense Mapping Agency have been involved from the
beginning of GPS, with the Department of Transportation and NATO joining later in the
development.

Concept validation of GPS, involving the launch of two Timation and six GPS
development satellites, establishment of an interim control segment, and development and
test of a variety of user receiver equipments, was successfully completed with a DSARC II
decision in July 1979 to proceed with full-scale engineering development.

The present Phase II full-scale-development contractors are Magnavox and Rockwell
Collins in a competitive program for user sets. This equipment is being tested on
multiservice class sets of host vehicles to demonstrate military utility. A DSARC III (full
production) decision is scheduled for October 1984.

The operational testing of these user sets is being conducted primarily at the Army Yuma
Proving Ground in Arizona and at the Navy SOCAL Range off San Clemente Island,
California. Telemetry of user set performance is being utilized on a variety of aircraft and
ground mobile host vehicles doing test missions at Yuma Proving Ground. These
telemetry-equipped host vehicles are being staged out of El Centro Naval Air Facility in
California, Fairchild Air Force Base in Washington, and Yuma Proving Ground. This
paper describes the development, integration, and the operational performance of the GPS
host vehicle telemetry system its associated portable test station.

SYSTEM DEVELOPMENT

For successful operational testing of the GPS user sets, the GPS Joint Program office
needed a host vehicle telemetry system that could support rapid on-site test planning, allow
real-time control of test operations, and facilitate quick-look test data analysis. The system
had to provide real-time display and processing of the GPS test data with simultaneous
dual mission capability over a 50 mile range link. The JPO generated the telemetry system
technical requirements shown in Table I to meet mission requirements. Subsequently, in
November 1981, Loral Data Systems in San Diego, California, was awarded the contract
for system development and hardware production. Pre-production installation and
kitproofing were performed in May 1982 on a Convair 880 aircraft from the Naval Air
Test Center, Patuxent River, Maryland. Flight testing out of El Centro Naval Air Facility
and over Yuma Proving Ground was immediately successful, and full-scale production and
integration on other host vehicles were initiated. Figure 1 is a photograph of the host
vehicle telemetry system hardware.



SYSTEM INTEGRATION

The integration of the host vehicle telemetry system was accomplished with guidelines and
participation by the GPS Joint Program Office to each individual host vehicle modification
center. Special interest was given to antenna aperature installation locations for each
vehicle to avoid blockage and poor link margins. See Table II for link margin calculations.
Power conditioning was not required for the telemetry system was designed to accept the
worst-case host vehicle power. Heat dissipation in the power amplifiers was anticipated to
be a potential integration problem, and a thermal shut down circuit was designed into the
amplifiers to avoid hardware failure. Temperatures at Yuma Proving Ground often exceed
110EF, and cycling of the shutdown circuit was anticipated during extreme temperature
environments. Figure 2 illustrates a typical host vehicle installation and interface to GPS
sets.

OPERATIONAL RESULTS

Performance of the GPS host vehicle telemetry system has been highly successful. Human
factors relating to equipment servicing and mission configuration set up has also been
progressing smoothly with a rapid learning curve with operational personnel.

Interaction with range receiving and data processing personnel has been structured for high
mission success rate. The success rate is an extremely important factor in most real-time
systems, and with GPS user equipment testing involving a large amount of resources, it has
been a critical requirement.

The reliability of the telemetry system has allowed the range operations center to rapidly
process display plots from the real-time data, reducing the quick-look data evaluation time.
Magnetic tape recorders on board the aircraft also record similar data and can be used for
comparisons or backup to the telemetry data.

PORTABLE TEST STATION

A portable test station (PTS) was also developed to support field deployment of the host
vehicle telemetry system. The PTS is a rugged self-contained, man-portable test unit
capable of receiving and displaying GPS host vehicle telemetry data. Figure 3 illustrates
the PTS mechanical design. The PTS provides telemetry system functional checkout and
troubleshooting capability, which has proven to be very valuable at the host vehicle
modification centers for installation checkouts and at the staging areas for pre-mission
system checks. With its own self-contained RF antenna and receiver, the PTS also
functions as a stand-alone telemetry receiving station that provides real-time display of
GPS test data during mission execution. In its normal configuration, the PTS has a nominal



RF receiving range of approximately 15 miles. However, the PTS can be interfaced with
other telemetry antennas and/or receivers to increase its range. It has a number of input
and output ports which can be connected to any compatible range receiving, data
processing, and RS-232C compatible equipment. This feature can instantaneously provide
a limited upgrading of any telemetry receiving station or range that does not otherwise
have GPS telemetry or data processing capability. Figure 4 illustrates these two functional
applications.

CONCLUSIONS

The host vehicle telemetry system has proven to be an effective data system for real time
field test planning and evaluation. Day to day mission planning will be made more
effective and data will be available for source selections and DSARC decisions. Early data
format and frame structure definition coordination with processing departments is very
important. Proper attention to detail in documentation was found to be effective in
reducing integration problems on the wide range of GPS user equipment host vehicles.

Table I. Technical Requirements

OUTPUT CHARACTERISTICS

Output Frequency: 2235.0 MHz
2275.0 MHz
2280.5 MHz
2289.5 MHz

Output Power: 20 watts nominal
15 watts minimum
Over environments and supply voltage
range into 1.5:1 maximum VSWR.

Output Impedance: 50 Ohms nominal. Unit employs internal
isolator allowing operation into open
or shorted output loads without damage.

Center Frequency Stability: ± .003%



MODULATION CHARACTERISTICS:

Type: True FM
Input Impedance: 10K resistive minimum, shunted by

30 pf maximum
Frequency Response: 10 Hz - 300 KHz ± 1.5 dB
Deviation Sensitivity: ±100 KHz/v rms ±10%
Maximum Deviation: ±300 KHz
Distortion: 2% at ±250 KHz deviation
IFM: ±7 KHz over environments.

POWER REQUIREMENTS:

Voltage: +28 VDC ±4 VDC
Current: 8 Amps maximum
Reverse Polarity Protection: No damage from indefinite application

of reverse power.

ENVIRONMENT:

Temperature: -20EC to 70EC (baseplate)
Vibration: 10 G rms
Shock: 100 G peak 11 ms 1/2 sine 3-axis
Acceleration: 100 G peak 3-axis
Humidity MIL-STD-810, Method 507
Altitude: Unlimited
EMI: IRIG 106-80 for antenna conducted and

radiated. MIL-STD-461A (Notice 3) for
power line conducted and radiated
interference.



Table II. Telemetry Link Margins
For Yuma Proving Ground

Frequency . . . . . . . . . . . . . . . . . . . . . 2250 MHz
Range . . . . . . . . . . . . . . . . . . . . . . . . 200 mi
Desired Fade Margin . . . . . . . . . . . . . 20 dB
Bit Error Rate . . . . . . . . . . . . . . . . . . 1 x 10-6

Free Space Atten . . . . . . . . . . . . . . . .  152 dB
Misc. System Losses . . . . . . . . . . . . .  -1.0 dB
Power Out . . . . . . . . . . . . . . . . . . . .    42 dB
Antenna Gain . . . . . . . . . . . . . . . . . .    28 dB
FM Improvement . . . . . . . . . . . . . . . .      3 dB

Total . . . . . . . . . . . . . . . . . . . .    80 dB

Noise Density . . . . . . . . . . . . . . . . . . -174 dB
IFBW . . . . . . . . . . . . . . . . . . . . . . . . + 57 dB
Noise . . . . . . . . . . . . . . . . . . . . . . . . +   3 dB
C+N/N . . . . . . . . . . . . . . . . . . . . . . .    14 dB

Total . . . . . . . . . . . . . . . . . . . .  100 dB

ACTUAL FADE MARGIN

Noise . . . . . . . . . . . . . . . . . . . . . . . . 100
Carrier . . . . . . . . . . . . . . . . . . . . . . . .   80
margin . . . . . . . . . . . . . . . . . . . . . . . .   20

Tx Maximum Gain . . . . . . . . . . . . . . . +   3 dB
Rx Maximum Gain . . . . . . . . . . . . . . . + 25 dB

Total . . . . . . . . . . . . . . . . . . . .    28 dB
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U.S. ARMY YUMA PROVING GROUND
TELEMETRY SUPPORT CAPABILITIES
WITH APPLICATIONS TO GPS TESTING

Anthony G. Bottone
Electronic Engineer

Electronic Section, STEYP-MDP-E
U.S. Army Yuma Proving Ground
Yuma Proving Ground, AZ 85365

ABSTRACT

This paper presents an overview of U.S. Army Yuma Proving Ground Telemetry
acquisition facilities as they relate to developmental tests of the GPS system. These
systems utilize the latest state-of-the-art in telemetry tracking systems, receivers, and
employ a unique scheme for frequency and space diversity combination and signal
selection.

The telemetry systems presently used can accomodate two simultaneous aircraft in various
parts of the range. Through acquisition of telemetry and subsequent reduction, actual real-
time differences in X, Y, Z location between three station laser derived position solution
and GPS satellite solution can be displayed and recorded.

In addition, a summary of latest facility expansion involved in the enhanced support of the
GPS testing at the 1600 square mile U.S. Army Yuma Proving Ground will be presented.

INTRODUCTION

The telemetry acquisition facilities at U.S. Army Yuma Proving Ground (USAYPG),
Arizona, are used to support a number of major test programs. One of the more
predominant support roles of these facilities is for the Global Positioning System (GPS).

MAJOR SITES

The major telemetry receiving facility is located at Site 4, USAYPG. This facility has the
capability of two simultaneous receptions of either L or S Band telemetry data in any of
the various standard formats. Unique UART formats have also been accomodated but have
required special hardware/software modifications. Telemetry is received and recorded at



the Site 4 station and simultaneously relayed in real time by microwave to the USAYPG
Range Operations Center (ROC). At the ROC, the data is introduced to computers for
further analysis and display as required.

Until recently, the majority of telemetry transmissions could be adequately received by the
Site 4 facility. Aircraft flight scenarios involved rather close-in, moderate altitude
transmissions. However, with the advent of the GPS program into Phase II, a substantial
enhancement and expansion of our facilities became a real requirement.

NORTHERN EXPANSION

Flight geometries and altitudes for GPS Phase II would at times, prohibit adequate
reception of telemetry at our Site 4 facility. The concept of operations requires testing in
heretofore completely undeveloped areas of our vast 1600 square mile Proving Ground.
Based on instrumentation optimization of laser tracking as well as telemetry requirements,
the Northern locations of Sites 16 and 18 were determined. Activation of the sites has been
slow due to extreme remoteness. For example, the nearest power and telephone facilities
are some 20 miles from the new sites. Excavation was done, roads were graded and a
mountaintop was leveled for installation of a microwave relay that connects the new sites
to the ROC. Because installation of firm power was not economical, generators are being
utilized. In short, considerable facility and civil engineering challenges have now been
overcome to include total site integration with wideband duplex microwave links that carry
voice, data, telemetry and video as required.

OPERATIONAL CONCEPTS

A GPS satellite receiver is located in any one of a number of different kinds of aircraft.
Through the GPS system, the X, Y, Z positions of the aircraft is determined.
Simultaneously, the test aircraft is tracked with three or more laser tracker systems located
at different locations on the USAYPG range. By using the appropriate software
algorithms, atmospheric modeling/refractive correction techniques and filtering, differences
between the GPS designated location and actual laser solution can be determined in X, Y,
Z to a precision typically within one meter.

FREQUENCY DIVERSITY TECHNIQUES

The airborne GPS telemetry package transmits on two S-Band frequencies which provide a
measure of frequency diversity. Airborne antennas are placed at different locations on the
aircraft to insure a more successful ground reception when banking or performing other
maneuvers.



At our Site 4 facility, a separate RF receiver is used for each of the two S-Band
frequencies. A diversity combiner is used in conjunction with the receiver pair which
outputs the signal with best quality. This, in turn, is microwaved to the Range Operations
Center for further computational analysis and display.

The above paragraph depicts operations where the telemetry signal can be received totally
at the Site 4 facility. When aircraft are operating in or transitioning to the northern areas of
the Proving Ground, particularly at lower altitudes, receiption at Site 4 becomes lost or is
marginal. At that time, reception at our Northern Site 18 becomes realistic.

UNIQUE EQUIPMENT APPLICATIONS/SPACE DIVERSITY TECHNIQUES

At Site 18, two RF streams are received and processed through a diversity combiner where
the best quality signal is selected. That TM video signal, as well as the DC AGC signal
amplitude is transmitted back to Site 4. What happens next is rather unique. In another
specially modified diversity combiner at Site 4, TM video from Site 18 and that from one
of our two receiving systems at Site 4 is again compared and the best of these is
microwaved to the ROC for computer analysis. What this means is that TM video received
at the ROC will be the best obtainable quality when an aircraft flies from Site 4 area to
Site 18 area of the range. Data coverage will be continuous during aircraft transitions and
during various mission geometries throughout the complete range.

One more fact makes the total TM operation rather unique. Site 18 TM facility is
unmanned and is controlled from Site 4 via microwave. Frequency selection, positioning
the two-axis tracking system for acquisition and operational follow-up and status is all
controlled by a single operator at our master TM facility at Site 4.

CONCLUSIONS

The telemetry acquisition systems at USAYPG consists of some of the latest state-of-the-
art tracking systems, receivers, and diversity combination equipments. Some equipments
have unique one of a kind modifications installed in order to insure continious data
reception, even though aircraft may be flying in anyone of a multitude of mission
geometries and altitudes. Although driven in our design and implementation of these
telemetry facilities by the GPS testing, major enhancement and improvement in telemetry
capability at our Range has been realized.



Support Package for PCM Telemetry Systems

James L. Rieger, PE/PTBW
and
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ABSTRACT

An encryption support package--“ESP”--has been designed, built, and used by the Naval
Weapons Center, China Lake, California for providing the interfaces required to interface
the current KUTA series of data encryptor to existing digital telemetry systems. Use of the
ESP module replaces an assortment of individual black boxes and reduces the possibilities
of interaction between components within the telemetry system.
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TRUTH TRAJECTORY ESTIMATION FOR
GLOBAL POSITIONING SYSTEM USER EQUIPMENT TESTS

Lt.Col. Leonard R. Kruczynski, USAF
GPS Yuma Test Force

U.S. Army Yuma Proving Ground
Yuma, Arizona

ABSTRACT

Testing of NAVSTAR Global Positioning System (GPS) user equipment at the U.S.
Amy Proving Ground (YPG) requires accurate position and velocity information. GPS
position accuracy is 15 meters spherical error probable and velocity accuracy is .1m/sec
RMS per axis. Proper evaluation of GPS user equipment requires position and velocity
information more accurate than the equipment under test.  YPG users laser trackers to
develop a real-time estimate (RTE) of the trajectory.  Independent analyses show that the
RTE accuracy is about 3m and that velocity accuracy is about .25/m sec overall.

This paper describes the development of the RTE starting from the raw laser
measurements to the calculation of position and velocity in a local coordinate frame.
Included is a description of the filter. The paper also discusses the methods used to verify
the accuracy of the RTE.
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ABSTRACT

PCM data generated during pre-flight testing and during flight of the Space Shuttle is
subject to contamination from many sources. Excessive noise and other interference can
hamper attempts to process the data. A previous paper (The Recovery of PCM Telemetry
Data in the Presence of Interference Signals, ITC ’82) discussed the sources of
interference and the design of equipment to reduce it to acceptable levels. In the
intervening period work has proceeded aimed at the total recovery of PCM data regardless
of it’s condition. These efforts have been successful and data submerged in noise and
previously unrecoverable has been easily processed. In addition, it has been determined
that the time/phase relationships of different portions of a PCM wavetrain may be altered
during transmission, dubbing, etc. This phenomena when it takes place makes it impossible
to process the data without excessive dropouts. Equipment has been designed to correct
this problem.

INTRODUCTION

This paper deals with efforts to process data recorded on tape at various test sites. This
data is processed by playback into a PCM Decommutation System, where an internal
clock is synchronized to the bit rate of the input data. If this synchronization is lost,
decommutation ceases until it has been restored. This is referred to as a “drop-out”. Tapes
received from test sites may have become contaminated with noise and other signals. This
interference can produce dropouts. This paper describes efforts to remove this interference
and reduce it to acceptable levels. This is a follow on to a previous paper. The work done
in the interim has led to a better understanding of the problem. Technical progress is not
always orderly and the solutions have sometimes preceded a full understanding.



PROBLEMS IMPOSED BY INTERFERENCE SIGNALS

Interference signals and noise can produce dropouts. When this happens, another tape is
usually requested. Delivery takes about three weeks. Those who will analyze the data must
wait. Multiply their salary by their number and the number of weeks and you arrive at a
cost for the delay. This is the real problem caused by interference signals. In the case of an
on-board anomaly hundreds of people may be involved. When the airborne tape is flawed,
requesting another dub is useless. Clearly, finding a way to process PCM data regardless
of it’s condition is a worthwhile goal.

INTERFERENCE SOURCES

Interference may be spreadout over a wide range. It is convenient to divide these signals
into three groups and devise separate techniques for dealing with each type.

LOW FREQUENCY RANGE - Signals from D.C. to 1/10 PCM bit rate.
INTERMEDIATE RANGE - 1/10 bit rate to 1½ times bit rate. Data range.
HIGH FREQUENCY RANGE - 1½ times bit rate and up.

LOW FREQUENCY SOURCES

1. Worn out or poorly aligned mechanical components in the tape path.
2. Bent tape reels
3. Stretched tape
4. Loose cable shields, poor grounds
5. Improper tape tension
6. Dirty record and reproduce heads

Worn out mechanical components can produce amplitude or frequency modulation, often
at the same time. Dirt build up on heads can produce sudden reductions in amplitude. A
few millionths of an inch of dirt can produce a ten db drop in amplitude.

INTERMEDIATE AND HIGH FREQUENCY SOURCES

Many types of Digital and Communications equipment are located in the same general area
as the tape recorders used for dubbing. Normally as many as twenty recorders are used to
create twenty dubs at the same time. Over three hundred coaxial cables are involved. A
loose shield on any one of them can allow extraneous signals to be picked up. Poor
grounding is another source.



NOISE

Noise on PCM data tapes covers the whole frequency range, low, intermediate and high.
The receipt of noisy tapes is usually the result of poor recording practices at the test site.
There is a mistaken belief that the input voltage level is not important when recording
PCM data on an analog taperecorder. This is not true.

Most analog recorders have a specified input voltage range of 0.15 v rms to 15.0 v rms. A
dynamic range of 100 to 1. This is misleading. It means simply that the recorder may be
calibrated to accept any signal in that range. Once calibrated, the level may not be allowed
to vary very much. An increase creates harmonics while a decrease raises the noise level.
A simple test may serve to illuminate the problem.

While recording a one volt rms PCM signal and playing back into a PCM Decommutation
System, the output level may be varied slowly and as it is decreased to 0.1 v rms the PCM
Decommutator will have remained locked up (synchronized). The AGC circuit in the
Decommutator has worked perfectly.

Next, while recording a one volt rms PCM signal and playing back into a PCM
Decommutator, the input level may be varied from one volt down to 0.1 volt. As it is
decreased the output level also decreases and becomes noisy. As 0.7 v rms is reached,
dropouts occur and at 0.3 v rms the dropout rate is about 100 per minute. When 0.1 v rms
is reached, both MF and SF lamps on the Decommutator remain extinguished. No lockup
for even an instant. THE AGC CIRCUIT IN THE DECOMMUTATOR DOES NOT
WORK IN THE PRESENCE OF NOISE.

When recording PCM data on an analog tape recorder, the input level is crucial. It must
not be allowed to vary more than plus or minus 2 db.

When PCM tapes from a test site are examined, often the level on each track is different.
Obviously not enough care was exercised when the recording was made. This has been the
major source of the problem.

In Figure 1, the connections for playback into a PCM Decommutation System are shown,
together with a test set-up to study the dropout problem. The dropout indicator has been
described in a previous paper. Each time the MF and SF lamps blink on the Decommutator
that fact is recorded on a counter and a discrete voltage is recorded on an oscillograph with
a time code from the same tape. Three successive runs of the same portion of the tape may
often reveal a random pattern, few of the dropouts repeat at the same times. This suggests
excessive noise which can be reduced by filtering. In Figure 2, an example of an 



oscillograph record with a random pattern of dropouts is shown. Dropouts that do repeat
are obviously not due to noise.

THE PCM SIGNAL CONDITIONER

The obvious solution is pre-conditioning; conditioning the data before it enters the PCM
Decommutation System. A block diagram of such a device is shown in Figure 3. Both high
and low frequency interference is removed by filters. The pulse shaper converts
interference lying in the same frequency range as the data to leading edge jitter, a form
easily handled by the PCM Decommutation System.

The concept of pre-conditioning widely used at Rockwell today, evolved slowly about
three years ago. The background is interesting. As the first shuttle flight neared, the
number of PCM tapes arriving from test sites increased and the number of these that
couldn’t be processed because of excessive dropouts, also increased. The problem was
tackled at once but with little success. The dropout indicator was hastily designed and it
became apparent that the problem was excessive noise and that if it could be reduced, the
number of dropouts would decrease. A little signal conditioning was needed. But what
kind? A mental block arose. A PCM Decommutation System consists of a PCM Bit
Synchronizer and a PCM Decommutator. The Bit Synchronizer conditions the data before
it enters the Decommutator. Four circuits are used, an AGC circuit, a low pass filter to
remove high frequency noise, a pulse shaper, and a phase locked loop to synchronize an
internal clock to the bit rate of the input data. Loss of this synchronization is referred to as
a dropout. Noisy distorted data may enter a PCM Bit Synchronizer, but what emerges is a
PCM signal of correct amplitude, (5 volts) perfectly shaped and free of all noise and jitter.
The Decommutator then easily extracts the measurements. What instrumentation engineer
has not marveled when a PCM signal with jitter extending one third the width of a pulse
enters the Bit synchronizer and comes out free of any jitter. An astonishing sight the first
time it is witnessed. The present day PCM Bit Synchronizer is the result of thirty years of
cooperation between private industry and government; an era that spanned vacuum tubes,
transistors and integrated circuits, that saw bit rates climb from a few kilobits to one
hundred megabits per second. Many people feel it is the finest signal conditioner
conceived by man. Rockwell engineers hesitated briefly. What kind of conditioning could
be better than that already contained in this unit? Nevertheless, a decision was made to
reduce the noise level by filtering and a pulse shaper was included as an afterthought.

The results were extraordinary. Dropouts were eliminated. Where the rate had been 100
per minute, it was now zero. In cases where a tape had a few dropouts that couldn’t be
eliminated it was determined that they were true dropouts, due to interruptions in
transmission. A year later it was discovered that the pulse shaper contributed by
converting interference in the data range to leading edge jitter and letting the PCM Bit



Synchronizer handle it. This had accounted for the great success a year before. This too
was reported in a ITC paper. In the meantime, tapes have been created in the lab that are
far worse than any encountered in real life and these have been easily processed.

NEW DEVELOPMENTS

The long sought after goal of being able to recover PCM data regardless of it’s condition
appeared to have been reached. A PCM data tape was received that could not be played
back without excessive dropouts. This tape was free of all noise and jitter and the pulses
were perfectly shaped. It was determined that the problem was due to a displacement of
the trailing edge of the wide pulses in the Bi phase L PCM data. The source of this
problem is unknown to this day. Speculation appeared to indicate that such a phenomena
would produce, not numerous dropouts but one long one or failure to lock up at all. A
means was found to deliberately create this condition. When this tape was played back, the
dropouts were numerous. A circuit to correct the problem was designed and it was
successful. Bi phase L PCM data appears in Figure 4 and a block diagram of the “phase
corrector” is shown in Figure 5.

SUMMARY

Most of the interference signals that contaminate PCM tapes are either picked up at the
test site from nearby equipment or are created during the dubbing process by poor
recording techniques. Much of what has been discussed here was covered by previous ITC
papers but the discussion of the creation of noise during dubbing and the PCM pulse edge
displacement phenomena are new developments.

What has been learned at Rockwell is that, DIGITAL DATA IMMERSED IN NOISE
CAN NOT BE PROCESSED BY DIGITAL CIRCUITS UNTIL MOST OF THE NOISE
HAS BEEN REMOVED, WHICH CAN ONLY BE DONE BY ANALOG CIRCUITS.
Up until now, the playback of PCM data from tapes has been discussed: PCM data
received via an RF link might also require preconditioning. The work has revolved about
PCM rates below 200 kilobits per second. Whether similar problems exist at the higher
rates, 50 and 100 megabits is anybody’s guess. The matter is being considered.

Those Rockwell personnel who worked on this problem back in 1980 put in long hours
after work, when other work had been completed. They didn’t have the time or the money
to pursue this problem, but they found the answers anyway.



FIGURE 1.   DATA PLAYBACK

FIGURE 2   RANDON PATTERN DROPOUTS



FIGURE 3.  PCM SIGNAL CONDITIONER

FIGURE 4   EDGE DISPLACEMENT

FIGURE 5 DIGITAL PHASE CORRECTOR



COMMUNICATIONS INTERFACE EQUIPMENT
AN ADVANCED ORBITER INTERFACE SYSTEM FOR
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Authors:
Lt. Col. D. York - USAF

J. C. Hoagland - Rockwell International

ABSTRACT

The Communication Interface Equipment (CIE) developed by the United States Air Force
for the Space Transportation System provides an improved command and telemetry link
between the Orbiter and attached or detached payloads. This unique equipment allows for
the secure data transfer and communication directly to the ground tracking data relay
satellite system and to payloads while using the Communication Subsystem of the Orbiter
as a relay. The extended capabilities of the CIE provide for digital and analog command
conversion, di-bit decoding, multiple payload commanding, acceptance of any telemetry .
format, and transfer of telemetry data without modification at rates up to 1.024 Mbps to
via the Orbiter Communications Subsystem.
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ABSTRACT

The Communications Interface Equipment is a multi-link communication subsystem
designed to augment the command and telemetry capabilities of the Space Shuttle and its
payloads. One link consists of two PSK channels which are frequency division
multiplexed. In each channel the data can be at one of several possible data rates and
either NRZ or Bi0/ encoded. Simultaneous operation of the two channels causes a
performance degradation to each due to mutual interference. The amount of degradation is
a function of modulation formats, data rates, relative channel powers, probability of error
and bandpass filter characteristics. Approximations for the degradation are derived, and
the performance sensitivity to the various parameters is demonstrated.

INTRODUCTION

When installed in the Space Shuttle, the Communications Interface Equipment (CIE) will
increase the flexibility and capability of the Orbiter communication system. One of the CIE
links connecting detached payloads to the Orbiter consists of two PSK modulated
frequency division multiplexed (FDM) channels. The purpose of this study is the
evaluation of performance degradation due to cross-channel interference as a function of
modulation format, data rates, relative channel powers and receiver bandpass filter
characteristics. The effect of filtering the signal at the transmitter is excluded, although the
extension of the presented results is straightforward.

The two FDM channels are centered at subcarrier frequencies of 1.024 MHz and
1.7 MHz. Each channel has a dedicated demodulator that includes a bandpass filter and
coherent tracking and detection circuitry. The modulation format in each channel can be
either Non-Return-to-Zero (NRZ) or Biphase (Bi0/). The 1.024 MHz demodulator can
detect any of seven data rates (1, 2, 4, 8, 16, 32 and 64 Kbps), while three data rates (64,
128 and 256 Kbps) are possible for the 1.7 MHz demodulator. The nominal design value



for the ratio of carrier power-to-noise spectral density (C/No) maintains a probability of
error (Pe) equal to 10-3 using coherent PSK demodulation (Eb/No = 6.8 dB for all data
rates).

The demodulator model is shown in Figure 1. The input u(t) consists of the desired signal,
the adjacent channel interference signal and white Gaussian noise.

u(t) = As ds(t) + %& As dI (t) cos 2BfI t + n(t) (1)

where:

As =  desired signal amplitude

ds(t) =  desired baseband signal

dI(t) =  interference baseband signal

" =  ratio of interference power to desired signal power

fI =  separation in center frequencies of the two channels

n(t) =  white Gaussian noise

The bandpass filter for each channel remains fixed for all data rates and data formats.
Perfect timing and phase synchronization are assumed in the model.

SINGLE CHANNEL BANDPASS FILTER DEGRADATION

The bandpass filter causes a performance degradation due to signal attenuation and
distortion as well as intersymbol interference. Accordingly, the filter bandwidth cannot be
made arbitrarily small without imposing excessive degradation even during single channel
operation. Following the work of Jones[1], the single channel performance degradation for
Bi0/ data is shown (Figure 2) for Butterworth filters of different orders as a function of the
time-bandwidth product, BT, defined as the product of the filter RF bandwidth and the
symbol duration. Similar curves can be obtained for NRZ encoded data [2]; for equal BT
values, the degradation with NRZ data is always less than that incurred by Bi0/ data. The
curves suggest selection of 1/BT =

< 0.25, which constrains the single channel degradation to
less than 0.7 dB using the second or third order filters. The curves also indicate minimal
performance difference between the second and third order filters in the region of interest
(1/BT =

< 0.25).



DUAL CHANNEL DEGRADATION

The frequency spectra at the input of the channel demodulator are depicted in Figure 3 for
a 64 Kbps signal in the 1.024 MHz channel and a 256 Kbps signal in the 1.7 MHz
channel. Both signals are Bi0/ encoded and have equal power. The plot is normalized such
that As

2Ts = 1 for the 256 Kbps signal. The figure illustrates the amount of adjacent
channel interference in the frequency band of each channel. This in-band interference
cannot be filtered out and causes an inevitable degradation. While the figure applies to the
case of equal channel powers (" = 1), simple resealing extends the results to cases of
unequal channel powers.

Figure 4 demonstrates the effect of data rate variation: all parameters are identical to those
in Figure 3 except the data rate in the 1.024 MHz channel, which is reduced to 16 Kbps.
The mutual interference diminishes considerably with data rate reduction.

Figure 5 demonstrates the effect of replacing the Bi0/ format with NRZ. Since NRZ
involves narrower spectra, the mutual interference is less severe relative to the Bi0/ case.

During dual channel operation each signal is primarily outside the passband of the other.
Thus, the interfering effect is termed adjacent channel interference, as opposed to the co-
channel interference scenario more commonly modeled in existing literature. The
Rosenbaum and Glave[3] and other (e.g.[4]) approaches to the analysis of adjacent channel
interference provide insight into the degradation incurred but become computationally
impractical for the situation of current interest. Two different computationally convenient
approximations are used in this study: a constant interference approximation that yields
optimistic degradation estimates and an equivalent noise approximation that yields
pessimistic estimates.

Constant Interference Approximation

During dual channel operation the interference signal contributes a voltage VI at the output
of the integrate-and-dump filter. The voltage either adds or subtracts from the desired
signal voltage depending on the polarity of the transmitted bit. The conditional probability
of error, given the interference voltage, is:

(2)



where:

Q(X) = 

As
2 =  data filter output signal power without bandpass filter

Fn
2

o =  data filter output noise power without bandpass filter

Ks =  signal power attenuation due to bandpass filter

KN =  noise power attenuatiorf due to bandpass filter

(1 =  data filter output signal-to-noise ratio at the sampling instant

= 

(o =  data filter output signal-to-noise ratio without bandpass filter

The probability of error averaged over all possible inteference voltages is then

Pe     =  I Pe ((1*VI) dVI (3)

The value of VI at any particular sampling instant depends on the relative symbol
durations, bit timing and phasing between the desired and interference signals as well as
the particular interference data sequence. Since the exact distribution of VI is not available,
an approximation of Pe based only on the second moment of VI shall be obtained.

The interference power at the output of the integrate-and-dump filter is:

(4)

where:

Ts =  desired signal symbol duration

SI(f) =  power spectral density of the interference signal

H(f) =  bandpass filter transfer function

D(f) =  equivalent integrate-and-dump transfer function



KI =  attenuation of interference power due to bandpass and integrate-and-
dump filters

Since the power PI represents the average squared value of VI, (3) is subject to the
constraint:

IVI
2 P(VI)dVI = PI (5)

Unfortunately, the parameter PI alone does not specify the distribution of the amplitude VI.
However, consider the special case where the magnitude of VI always equals %&PI. Then,
(3) becomes

(6)

The error probability given by (6) is valid only if VI is constant at all sampling instants.
The equation yields an optimistic approximation of the degradation because most
variations in VI, subject to the average power constraint of (5), result in larger values of
average Pe. The estimate is not a strict lower bound, because it is easy to conceptualize
pathological amplitude distributions that give smaller average Pe.

Using (6), the degradation from ideal PSK was evaluated for the worst case combination
of data rates and modulation formats: 64 Kbps at 1.024 MHz and 256 Kbps at 1.7 MHz,
both Bi0/ encoded. The degradation is determined for various interference-to-signal-power
ratios (") by plotting the bit error rates for both ideal and degraded cases as in Figure 6.
The example in Figure 6 illustrates the effect of the interference from the 1.7 MHz channel
on the 1.024 MHz channel under the assumption of a 256 KHz second order Butterworth
bandpass filter (i.e., BT = 4).

Figures 7 and 8 show degradation curves when the desired signal is in the 1 .7 MHz
channel. The effect of varying the filter order is depicted in Figure 7 as a function of ".
Figure 8 depicts the effect of varying BT. For reasonable degradations (e.g., less than
3 dB), the results demonstrate the relative degradation insensitivity to the designated filter
parameters. Thus, the remainder of the paper will be restricted to the second order.
Butterworth filter with a value of BT = 4 at the maximum data rate for each channel.

Equivalent Noise Approximation

A pessimistic approximation of the performance degradation can be obtained by treating
the interference as zero mean additive Gaussian noise with power PI = "KI

2As. The new
signal-to-noise ratio at the output of the integrate-and-dump filter becomes



(7)

To achieve a probability of bit error of 10-3 in the ideal case requires a (o of 9.8 dB.
Degradation in the present case is defined as the increase in (o required to maintain a
constant value of 9.8 dB for (. It is straightforward to obtain

Degradation = DI + 10 log [1 - 9.55 "KI /Ks] (8)

where:

D1 =  10 log Ks/KN

=  degradation due to bandpass filter during single channel operation

All curves in this section exclude the term D1 and show only the additional degradation
directly attributable to the adjacent channel interference.

If the interference always resulted in the same output power, (8) would represent an upper
bound to the performance degradation. For “mild” variations of VI the degradation implied
by (8) is pessimistic; however, VI distributions exist which yield degradations exceeding
that predicted by (8). In general, these distributions require large deviations of VI from its
average value. A brief investigation of several interference sequences with various relative
phases and bit timing revealed no significant deviations. Thus, the degradation from (8) is
regarded as pessimistic.

Figures 9 and 10 present a comparison between the degradation approximation derived in
this section and the constant interference approximation derived previously. In both
figures, the 1.024 MHz channel has 64 Kbps Bi0/ data, while the 1.7 MHz channel has
256 Kbps Bi0/ data. In Figure 9, the 1.7 MHz channel is the interference, while in
Figure 10 the 1.024 MHz channel is the interference. As shown, the “bounds” are
reasonably tight for degradations less than approximately 2 dB.

The values of " that give constant degradation are plotted in Figures 11 and 12 as a
function of the desired signal data rate. The 1.024 MHz channel contains the desired signal
in Figure 11, and the interfering signal in Figure 12. Lowering the data rate of either the
desired or interfering signal allows a larger interference value to be tolerated. As an
example, for a fixed degradation of 1 dB with 256 Kbps interference (Figure 11), the value
of allowable " varies between 25 dB and 7 dB as the desired signal data rate varies
between 1 and 64 Kbps, respectively. When the interference data rate is reduced to



128 Kbps, the value of " varies between 27 dB and 9 dB for the same 1 dB degradation[2] .
Further reduction of the interference data rate to 64 Kbps yields allowable " values
between 32 dB and 14 dB.

When NRZ encoding is utilized in either the desired or interfering signal, the tolerable
interference values are larger than in the Bi0/ encoding case. For example, with 256 Kbps
NRZ interference from the 1.7 MHz channel, the value of " that gives 1 dB degradation in
the 1.024 MHz channel varies between 29 dB and 11 dB as the desired NRZ signal varies
between 1 and 64 Kbps, respectively[2].

If the performance criteria for both subcarriers are identical, a logical assignment of
channel powers is in proportion to the respective data rates, since the required C/No for
fixed Pe is itself proportional to data rate. In this case, " varies between 6 dB and 24 dB as
the 1.024 MHz channel data rate varies between 64 Kbps and 1 Kbps. For such an
assignment of channel powers, the worst case degradation impacts the 1.024 MHz channel
when the 1.7 MHz interfering channel operates at 256 Kbps and both channels are Bi0/
encoded. The degradation remains at approximately 0.7 dB for all 1.024 MHz channel data
rates and concomitant values of "[2]. For comparison, two additional 1.7 MHz interfering
channel configurations are: 256 Kbps NRZ, which yields 0.4 dB degradation, and
128 Kbps Bi0/, which yields approximately 0.2 dB degradation.

All of the degradation data presented herein has presupposed a probability of bit error
equal to 10-3. If the required probability of error is varied while the level of degradation is
held constant, the acceptable values of " are modified, as shown in Figure 13. The data is
plotted for degradation values of 0.2 dB and 1 dB. As the error rate diminishes from 10-3 to
10-6 the interference-to-desired-signal-power ratio must be reduced by approximately
3.5 dB to maintain the constant degradation values specified.

CONCLUSION

Approximations of the PSK demodulator performance degradation due to adjacent channel
interference have been derived. The sensitivity of the degradation to desired signal and
interference data rates, relative channel powers, modulation format, probability of error
and bandpass filter characteristics were shown. The worst case degradation due to
adjacent channel interference over all scenarios of interest to the CIE can be bounded by
approximately 0.7 dB by assigning channel powers in proportion to data rate.

REFERENCES

[1] J. J. Jones, “Filter Distortion and Intersymbol Interference Effects on PSK Signals,”
IEEE Trans. Comm., Vol. COM-19, No. 2, pp 120-132, April 1971



[2] “Communications Interface Equipment Dual Subcarrier Adjacent Channel
Interference Study,” Rockwell International Corp., Rept. No. STS 0352, April 27,
1983

[3] A. S. Rosenbaum and F. E. Glave, “An Error-Probability Upper Bound for Coherent
Phase-Shift Keying with Peak-Limited Interference,” IEEE Trans. Comm., Vol.
COM-22, pp. 6-16, January 1974.

[4] L. B. Milstein, R. L. Pickholtz and D. L. Schilling, “Comparison of Performance of
Digital Modulation Techniques in the Presence of Adjacent Channel Interference,”
IEEE Trans. Comm., Vol. COM-30, pp 1984-1993, August 1982.

Figure 1. System Model for Data Detection

Figure 2. Single Channel Bandpass Filter Degradation with Bi0/ Data



Figure 3. Power Spectrum with Bi0/ Data in Both Channels

Figure 4. Power Spectrum with Bi0/ Data and Reduced Data Rate



Figure 5. Power Spectrum with NRZ Data in Both Channels

Figure 6. Constant Interference Approximation – Probability of Error



Figure 7. Effect on Degradation of Varying Filter Order

Figure 8. Effect on Degradation of Varying BT

Figure 9. Comparison of Both Approximations with Desired
Signal in 1.024 MHZ Channel



Figure 10. Comparison of Both Approximations with Desired
Signal in 1.7 M HZ Channel

Figure 11. Degradation Due to 1.7 MHZ Adjacent Channel Interference

Figure 12. Degradation Due to 1.024 MHZ Adjacent Channel Interference



Figure 13. Effect of Changing Probability of Error Requirement
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INTRODUCTION

Programmable Logic Controllers were first introduced to industrial control in the early
1970’s as replacements to hard wired relay systems. They did, and still do, consist of three
major functional components: A Central Processing Unit; the Input Output structure; and a
Programming Device. (See Figure #1) Originally there were four major benefits to utilizing
Programmable Controllers (PC’s).

1. Hardware industrially rated
i.e., 0-60EC 5-95% humidity
NEMA ICS 2.230.4
ANSI C-37.90

2. Programmed in Relay Ladder Logic.

3. Multiplexing I/O (Input/Output) signals from field devices.

4. Re-programmable.

At this time, PC systems consisted of discrete (digital) control with limited
communications capability.

Interfacing to a PC system was solely through discrete field devices hardwired to the PC
input/output modules up to a maximum of a few hundred feet from the Central Processor.

Since 1979, a number of options have been added to PC’s giving them increased flexibility
and contribution to telemetry networks.



Numerous additions to the types of I/O interfaces available have significantly expanded the
range of applications for PC’s. Direct analog, themocouple and RS232 serial Inputs and
Outputs to name just a few. With these features, and corresponding upgrades/additions to
programming instructions, PC’s are now quite successfully replacing analog controllers
and mini computers as well as relays and drum sequencers.

Two other major advances have enabled PC’s to be utilized as powerful additions to
telemetry and SCADA systems. These additions are remote I/O structures and flexible
communications.

Input Output Structure

The I/O structure of a PC acts as a mechanical and electrical interface to the various
signals received from or provided to system field devices.

As such, a PC I/O network can be modeled as being comprised of five layers. (See
Figure #2.)

The physical layer of interface to the system is layer #1. At this point, mechanical
terminations are made to the PC and line conditioning is provided. A to D and D to A
conversions, and thermocouple junctions are at this level. These signals are then filtered,
multiplexed and typically optically isolated from the I/O bus. At this level, transmission to
the CPU depends upon the specific I/O structure being used.

Both a parallel and serial I/O configurations are available with larger PC’s today. The
more common configuration being a serial I/O bus over twinax, coax or two twisted pair
cable. The parallel PC I/O bus is unique to the GE Series Six PC and is diagrammed in
Figure #3.

The I/O control of each CPU has sufficient power to drive up to 50 feet of I/O cable (16
pair) and up to ten racks. If additional racks are utilized or if racks are to be located some
distance from the CPU, I/O transmitters are utilized. These transmitters can drive up to
500 feet to the same type receiver used adjacent to the CPU. Again, up to ten I/O racks
placed within 50 feet can be daisy chained at the end of the cable connected to the
transmitter. As many transmitters as required can be placed in any single rack or group of
racks. This parallel bus can be continued in this fashion up to 2000 total cable feet in any
direction from the CPU.

Data transmission along this bus is at 57.6 K baud.



In addition to this high speed “local” parallel bus, a serial remote bus is available. By the
addition of a remote transmitter in any local I/O rack, remote serial I/O links can be added.
(See Figure #4) If hardwired, these links can be located up to 10,000 feet from the local
unit via two twisted pair.

Remote I/O structures hardwired to 10,000 feet such as diagramed in Figure #4 are
common in the industry today. In this configuration, all logic processing is done at the
central processing unit. The remote I/O modules gather and transmit data only. Typical
installed applications have been in pipeline system, waste water treatment water delivery,
material handling, and large continuous process installations.

The major benefit of a hardwired PC remote I/O system is that all hardware is an integral
part of the PC being utilized. This keeps the system very simple to implement. The speed
of communications, although it varies between PC vendors, is also most often extremely
fast. Data and control signals can be transferred on the GE system at rates from 110 to
57.6 K baud. This feature has been of particular benefit in high speed material handling,
and critical process control applications.

In addition to being able to hardwire the remote links up to 10,000 feet, we have the ability
to link most EIA RS232 compatible modems directly to an I/O remote transmitter. PC
systems have been implemented over microwave dedicated phone lines and infrared
transmissions using remote I/O. This flexibility extends the applicability of PC’s where
hardwired systems are not practical.

The IEEE Standard 518-1977 Guide for the Installation of Electrical Equipment to
Minimize Electrical Noise Inputs to Controllers from External Sources should be followed.
We recommend 22 AWG gage minimum, 15 PF/foot max., individually shielded, twisted
pairs. The connection to this remote link is two twisted pair and RS232C. The twisted pair
Interface consists of two unidirectional data lines (Transmit Data and Receive Data)
through which data and control signals can be transferred.

Communications

PC communications typically refer to an RS232 or RS-422 protocalled port(s) linked
directly into the bus of the Central Processing Unit. As such, these ports provide the
capability of creating a small network typically consisting of from 2 to 15 devices.



The flexibility of the PC communications relies basically on four factors:

1. The configuration and speed of communications
i.e., Master-Slave

Master-Multislave
Peer-to-Peer

Data throughput rate

2. The capability of the PC to emulate protocalls.

3. Available vendor supplied software packages to interface to external devices.

i.e., Process Controllers
Mini-computers
Intelligent color CRT’s

4. Available Compatible Local Area Networks
i.e., GENET

ETHERNET

Typical transmission rates for PC CPU communications range from 9600 baud to 250K
baud, single channel single level networks. (See Figure #5). Configurations are available
for master-slave, master-multislave, and Peer-to-Peer. These networks are all designed to
perform with a particular type of controller, i.e., a GE, Allen Bradley, Modicon . . PC. Any
device such as a CRT or minicomputer or process controller being linked to this network
would have to emulate the specific protocall or have its protocall emulated by the PC it is
connected to. Typically there are a maximum of two communications ports available. For
multiple access, high speed (to 5M bit/second) communications where good operator CRT
response times are required, a Local Area Network such as GENET would be
recommended. (See Figure #6)

CPU to CPU communications can either be hardwired or transferred through a modem set
such as diagrammed in Figure #5. In applications where remote processing is required, this
is an essential feature. Distributed control in a plant or interplant/processing centers can be
achieved in this manner.

A unique option to the GE PC family gives the user up to eight additional data
communications ports. The option giving us these capabilities is the GE Data Processing
Unit. (See Figure 7) The Data Processing Unit can be located up to 50 feet (hardwi red)
from the CPU. This slave processor can buffer up to 96K words or handle up to eight
asynchronous RS232 or RS422 data ports. For applications where report generation, Black



and White CRTs or multiple printers are required, the Data Processor offers a unique
solution.

Typically these types of interfaces would be done via ASC II I/O ports in other
Programmable Controllers connected directly to the Input Output structure.

Summary and Conclusions

Communications to a PC system can be achieved via

1. I/O hardwired to 10,000 feet or modems

2. Mini PC Highway

3. Access through a Local Area Network

The choice to utilize a PC in a telemetry or SCADA system depends primarily upon the
need for process control or monitoring, and the amount and type of data required at each
location. Typically, if less than 20 I/O points are required to be monitored and no process
control or sequencing is needed, a standard telemetry system would be more cost effective.

Where the features of a programmable logic controller would be of benefit, the flexibility
of their remote I/O and communications could supplant the need for other communication
systems. With the advent of flexible communications in mini and micro PC’s, the
advantage of having a small intelligent remote are becoming less and less costly.

Those systems having a need for remote PC’s can now take advantage of flexible I/O and
communications options built directly into the PC system.

*References:

Britton, Ted, “Local Area Networks,” Proceedings of First Annual Industrial Data
Highways Clinic, Instrument Society of America, Philadelphia, Pa., October, 1982.

Danco, Bill, “Role of Communications in the Automated Factory,” Proceedings of First
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October, 1982.
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General Electric Industrial Control Department, “Input Output Structure,” Series Six
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*Further references for those interested in pursuing the topic of PC communications in
more detail will be provided at the conference.
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FIGURE #2
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FIGURE #5
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ABSTRACT

The benefits of increased production, more predictable product quality and greater
return on investment can be directly related to improved process control.

The micro electronics development and manufacturing explosion has provided unusual
opportunities for control system engineers to implement improved control system design.
The most recent opportunity for these benefits is the present day distributed control
systems. These systems exist only because of the microprocessor-base controller, video
displays and communication links. The basic elements of this system are equipments,
programming and data movement. It is this later element, data movement, with the
associated programming that is the thrust of this presentation. The initial portion addresses
data. The second portion address the movement.

Plant locations, geography, environment, materials, processes, and products are only
some of the factors that determine the kinds of data. The types of data that are utilized in
industrial applications are analyzed and characterized for consideration.

The movement of data is discussed with respect to equipment feature, transmission
rates, distances between equipments, conformance to standards, programing and other
pertinent factors. The types of equipment presently available are analyzed and
characterized for considerations.

A discussion of future developments will conclude the presentation.
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BECHTEL’S SATELLITE NETWORK
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ABSTRACT

Bechtel’s Satellite Business Systems (SBS) network began operations during the month of
May 1983. Both voice and data traffic are carried on the network. Voice traffic originates
in the Ann Arbor, Gaithersburg, Houston, Louisville, Norwalk, San Francisco, Walnut
Creek, and Washington, D.C. Bechtel offices. Voice transmission allows calls to be
originated in these network locations and terminated in any other location either on-net or
off-net in the continental United States. Data traffic is transmitted to and from Univac
computer complexes in San Francisco and Dallas.

INTRODUCTION

Established in 1898, Bechtel has provided development, engineering, procurement,
construction, and project management services to public and private clients on projects of
varying scope and size in more than 116 countries throughout the world. Today, the
permanent staff numbers more than 40,000 including some 18,000 graduate engineers,
scientists, and related personnel. Bechtel headquarters, located in San Francisco, is
supported by over 30 permanent offices around the world. Many more project offices
support its worldwide activities. The size of its geographically dispersed operations
necessitates a sophisticated, single, integrated communications network to tie its offices
together and provide the rapid exchange of vital information.

SBS TECHNOLOGY

The earth stations, or Network Access Centers (NACs), provided by SBS, consist of a
number of advanced features. (See Figure 1, Network Architecture.) The Satellite
Communications Controller (SCC) is a highly integrated hardware/software device
comprised of processors, storage units, and control programs. The SCC performs the
essential time-division multiple access, demand assignment, switching, and other control
and processing functions as well as analog/digital conversion for voice-grade signals. The



NAC contains a burst modem. The modem modulates outgoing, measured bursts to the
microwave dishes, located on the roofs of Bechtel buildings, and demodulates incoming
traffic for the SCC. The terminal equipment provides radio frequency transmit and receive
functions and frequency translations between the 12 and 14 GHz transmit and receive
frequencies and the 0.48-1.5 MHz interface with the time-division multiple access burst
modem. A buffer within the NAC holds the bursts of digital or analog data, and then
transmits smoothly, having the effect of a continuous flow without interruption.

A port-adapter system connects the SCC’s digital and analog (voice) ports to Bechtel’s
communications equipment. A monitor and command loop, in each NAC, enables the
remotely located SBS Network Control Center in McLean, Virginia, to determine the
status of earth-station equipment, obtain diagnostic information, and command corrective
actions. A port-adapter system provides the interface between the SCC and the various
interconnecting communications facilities. The SBS system permits direct access to the
wideband communications network and reduces dependence on terrestrial access facilities.
The SCC acts as a local concentration point. With this arrangement, all of Bechtel’s earth
stations benefit from the traffic engineering advantages normally attained only in the
design of high-density trunk groups.

SBS tailored its system to meet Bechtel’s telecommunications needs – geographical
locations and distribution, traffic mix, traffic intensity, quality of service desired, and grade
of service. Within this design, the company is able to obtain a fixed fraction of the time-
division multiple access framing adequate to meet its traffic loading and grade of service
objectives. The lead time associated with configuration changes for varying bandwidth
requirements is days. Weeks were required with the traditional point-to-point terrestrial
communications systems previously in place.

BECHTEL NETWORK

All earth stations in Bechtel’s network communicate directly with all other earth stations in
the same network through a satellite transponder, which operates in the 12/14 GigaHertz
bands. The system interconnects the company’s PBXs, telephone company access lines,
computer networks, and office automation systems.

The network is based on time-division multiple access with demand assignment. The San
Francisco Home Office and each office in the United States – San Francisco, Ann Arbor,
Gaithersburg, Houston, Norwalk – has the entire transponder capacity for its use during
one or more of the time slots in a 15-millisecond cycle, depending on immediate needs.
This arrangement is similar in concept to computer time-sharing. Bechtel’s
communications equipment is connected to the SBS network by local and intercity access 



lines. Voice and digital ports are available. The voice port is used for voice conversations.
The digital port is used exclusively for digital computer traffic.

Voice Communications

The voice (telephone) systems in the San Francisco Home Office, Ann Arbor,
Gaithersburg, Houston, Louisville, Norwalk, Walnut Creek, and Washington D. C. are
directly connected to the earth stations via user-access lines. They are either colocated
within the same building or, in some cases, geographically distant. Telephone calls
between these network locations bypass the public switched network and are routed
directly over network facilities.

Voice traffic to non-network locations, within the continental United States, is
accommodated by network earth stations as well as local and intercity access lines. The
proper terminating earth station is selected by the originating SCC, and the terminating
SCC selects the appropriate off-net access line for the most efficient and economical
routing.

Future plans focus primarily on the expansion of the network through the inclusion of
certain jobsites and other Bechtel offices.

Data Communications

In San Francisco, digital service extensions connect the NAC to three Univac mainframe
computers and two IBM 30XX. All area offices also have access to two Univac CPUs
(System 1100/82) at the University Computing Center in Dallas, Texas. There are a total
of seven SBS data channels linking the various offices.

Data traffic is transmitted from the San Francisco Home Office at 448 kbps to the Norwalk
and Houston offices and at 224 kbps to the Ann Arbor and Gaithersburg offices. The
Univac computers in Dallas are connected to the network at Houston through a 1.5 mbps
terrestrial link. (See Figure 2, SBS Data Configuration.) Norwalk, Ann Arbor, and
Gaithersburg are connected to the Dallas Univacs by 112 kbps links.

Satellite data communications presently in use at Bechtel include remote batch input and
output using a modified Univac protocol (NTR) and support of Univac synchronous screen
terminals (uniscopes) connected to remote Univac communications processors (DCP/40s).
In addition, asynchronous teletype terminals dialing in through remotely located statistical
multiplexers are supported over the satellite network along with 3780-type bisync
terminals dialing into ports on the remote DCP/40s. Planned expansion of data 



communications includes the transmission of data between remote screen and batch
terminals, and IBM computers located in San Francisco.

NETWORK ENHANCEMENTS

Enhancements to present network services will be examined on a case-by-case basis for
both technical and economic merit. If feasible, each service will be thoroughly tested
before implementation. Applications currently under consideration include expanded
televideo conferencing, facsimile transmission, high-speed electronic mail, word
processing applications, and dial-up analog data communications.

Video Conferencing

Bechtel has had considerable experience with video conferencing on certain jobsites, at
client offices, and in the San Francisco and Norwalk offices. Both freeze-frame and full-
motion video have been tested. Freeze-frame video, via telephone lines, has worked
successfully with client offices across the country. Freeze-frame is used more extensively,
rather than full-motion, because most jobsites require information in the form of graphics –
drawings, charts, and photographs – and freeze-frame can transmit at a fraction of full-
motion video costs.

Bechtel uses the TVS 783 transceiver because it is the first dial-up freeze-frame video that
can handle both color and black-and-white transmission. This video transceiver system is
also compatible with many of the largest video systems in the country. SBS has provided
remote sites with matching TVS 783 equipment for experimental and demonstration
purposes. At present, the company has two pilot models with monochrome capability in
the San Francisco Home Office. Under consideration is an upgrade to full-color, 56- and
4.8-kbit. Larger monitors are also under consideration.

The evolution of compressed video, transmitting at 56 kbit and simulating full-motion, will
result in equipment that can be installed side-by-side with the freeze-frame video currently
proposed for area offices and jobsites. Besides the usual video conference, the system can
be used like a video telephone booth to enhance long-distance telephone discussions of
visual information such as design-change requirements. The upgrade will allow the present
equipment to utilize the SBS digital transmission between NACs. Bechtel has the unique
opportunity to install and use a distributed video conferencing network because of the
nature of its business and the need to communicate rapidly with all parts of the country.
The technology is at an advanced level and many enhancements to the communications
network are envisioned.



Facsimile Communication

Bechtel’s many divisions, special operations, services, and jobsites, use a wide variety of
facsimile equipment and various switching arrangements. Before a satellite service is
introduced, a uniform dialing plan must be developed. Present plans include use of store-
and-forward facsimile to reduce the impact on the end users, who have a variety of end
devices. Store-and-forward facsimile will act as translator/buffer and, via the satellite,
provide more efficient services.

Service Extensions

Bechtel is also examining the acquisition of additional network voice traffic by bringing
remote locations and small offices onto the satellite; a consolidation of local facilities with
the network facilities; and off-net origination of traffic. Bechtel also plans to investigate
the potential use of satellite “thin-route” technology to extend the network into additional
locations. The thin-route earth stations of interest are portable, with relatively low cost and
capacity, but with the capability of integrating directly into Bechtel’s time-division
multiplexed network.

CORPORATE ACCOUNTING FOR NETWORK USE

Accounting for the communications network is based on principles of corporate service
cost centers. Procedures have been carefully developed to define and differentiate between
communication costs incurred for the benefit of the local office and costs incurred for the
benefit of more than one office in the network. Costs defined and budgeted as network
costs for each area office are accumulated in Network Cost Accounts. The methods and
rates used to charge for network use are designed to recover costs only.

The cost of sending information via satellites is not distance-sensitive, but it is sensitive to
time. Therefore, pricing for use of network voice communications is based on time.
Network traffic records are maintained by the originating network location, which
identifies the number(s) called and call location. The call records are summarized monthly,
priced at the network determined rate per call-minute, and billed to each network location.
The billing method can differentiate between calls terminating on or off the network and
price them accordingly.
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ABSTRACT

An overview of the Electromagnetic Pulse (EMP) environment is presented, including a
review of vulnerable systems and a comparison with EMI and lightning. The effects of an
EMP on communications and telemetry systems are discussed, stressing the impact on
system performance. EMP protection techniques suitable for signal processing applications
are reviewed, including cable design, shielding topology, filtering and interface protection.
The functional and operational constraints imposed by such techniques are identified.
Typical hardness verification requirements are summarized, and the role of analysis and
experiment in the hardening process are examined. State-of-the-art analytical tools and
simulation facilities/techniques are discussed. As an example, a tactical EMP hardening
problem is considered, using the EMP shielding topology approach presented in the paper.
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Abstract

The purpose of this paper is to review the progress currently being made in the
semiconductor field and how these recent advances can be utilized in digital memory
telemeters for gathering data from various artillery projectiles. Topics to be presented
include:  basic design considerations, high-g packaging techniques, and the high-g
hardening of critical electronic components. In addition, a prototype memory telemeter,
which is under development for ARDC’s 155mm Ballistic Simulator, and the firing data it
has recorded to date will be discussed. Finally, a look at future advances in IC technology
and its impact on digital memory telemeters will be presented.

Introduction

The American military establishment is presently faced with quite a predicament. Its
function is to ensure the safety of the United States and the rest of the free world but the
resources it needs to accomplish this awesome task are in very short supply. As a result,
the military has chosen to develop a relatively small number of very sophisticated and
expensive weapons systems, as opposed to purchasing large numbers of “dumb” systems,
in order to make up for their limited funding and shortage of trained personnel.
Consequently, the need for rigorous field performance tests of these new systems is of
utmost importance. But mass firings of today’s “smart” artillery projectiles, for example,
to generate statistical data is no longer feasible due to the cost of the new sophisticated
rounds. In addition to the cost of the projectile itself there is also the cost of the telemetry
system used to gather the flight and environmental data. A few years ago the obvious, if
not only, approach was the use of an RF telemeter. However, the price for even the
simplest of this type of telemeter may be found to be prohibitive due to the unavoidable
essentials such as transmitters, VCOs, antennas, and the ground station receiving
equipment.



In contrast, due to the rapid advancements currently being made in the semiconductor
field, the digital memory telemeter (TM) will provide a very cost effective alternative to
the RF telemetry systems presently being used. Memory telemeters are relatively simple in
design and as such are much less expensive than their RF counterpart. In addition, they are
self-contained whereas an RF telemeter requires a transmitting antenna which means
additional modification of the test projectile and associated cost. Furthermore, because
they do not contain delicate and costly components such as crystal controlled transmitters
and VCOs, they can be reused many times which further increases their cost effectiveness.
Finally, as a result of the Very High-Speed Integrated Circuits (VHSIC) program, ICs will
become both faster and denser which means future memory telemeters will be able to
perform more functions, be more reliable, and require only a very small area in which to be
housed (a very critical limitation of today’s RF telemetry systems).

The micropower memory telemeter approach was used with success in the past, but with
extreme limitation in data volume and frequency response. In a memory type telemeter
with a given storage capacity there is a trade-off between data volume and frequency
response. That is, the product of scan rate and time duration of coverage is constant. But
now, with the advent of very large-scale integration (VLSI) and the proliferation of large
capacity, low power semiconductor memories, the limitations of the memory telemeter’s
storage capacity can be overcome.

One type of these new memory ICs is the micropower CMOS static random-access
memory which has negligible power consumption in the “HOLD” mode. Presently, static
RAMs are available with storage densities of 64-Kbits on a 28 pin DIP. Using such a
device, a memory telemeter can easily handle a frequency response of 100 KHz. In
addition, these units can be stacked to produce well over half a million bits. Furthermore,
seven bit flash A/D converters are now available with the development of an 8 bit
converter with overflow nearing completion. These new generation of A/D converters have
conversion rates of 15 MHz, low power consumption, and resolution of better than
0.2 percent.

With the availability of these new devices, and the advances currently being made by the
semiconductor industry, it is conceivable that within this decade the digital memory
telemeter concept will respresent a sizable share of the projectile telemeters in use.

Background History

Integrated circuit technology has made possible electronic systems and applications that
were virtually inconceivable on the grounds of cost, size, and reliability a decade ago. The
first generation of small-scale integration (SSI) was introduced in 1965, when three to six
gates were available on chips costing from $10 to $20 each. The 7400 series of logic



elements made its entrance a short time later, with gates and dual flip-flops being the most
advanced elements in the 7400 line.

During the late sixties and early seventies, device technology matured to the extent that
counters, shift registers, and complete ALUs could be put onto a single chip. This second
generation of integration, called medium-scale integration (MSI), caused packages to grow
in size from 14 pins to 16 and 24 pins. The problem was no longer how to squeeze a few
hundred gates onto a chip, but rather finding enough pins to bring the terminals of these
gates out to the real world.

Up until the early seventies, bipolar logic (TTL, DTL, and ECL) dominated the picture.
However, during the early seventies, metal-oxide semiconductor (MOS) technology
developed to the point at which complete control units could be built on one large-scale
integrated (LSI) circuit, and many slow-speed logic designs started using MOS to replace
unnecessarily fast, power-consuming bipolar MSI logic. High-performance applications,
however, were still being implemented with bipolar MSI.

From the mid-seventies onward, MOS technology has continued to advance. More and
more devices were put onto single chips and more complex functional building blocks
were used due to the limited number of input/output pins on a single package. It should
also be noted that during this same time period bipolar logic was also advancing. This
brings us to the current state of the semiconductor industry with bipolar and MOS
technologies in a heated battle to see which will emerge in first place.

Almost all of the developments in lithography, metal technology, oxide deposition, and
etching apply to either bipolar or MOS circuits. However, with the drive for ever denser
dynamic and static RAMs, more than half of the research for VLSI has been devoted to
MOS.[1] Bipolar devices, though, still have the edge in speed due to the improvements in
the various process areas. Table I shows some performance projections for the
semiconductor industry during the early 1980s as compared with the situation in 1974.

Expectations Of VHSIC & VLSI

No paper concerning the use of digital integrated circuits in present and future electronics
systems would be complete unless it also included a discussion on the Very High-Speed
Integrated Circuits (VHSIC) program which is currently in progress. The VHSIC program
of the U.S. Department of Defense is the most important Federal program since America
launched its space exploration program 25 years ago. Aimed at stimulating and speeding
up the development of IC device technology the program is spread over four phases (see
Table II). To date, over $400 million has been pledged for research and development over
a six year time span.[1] Phase 1 of the VHSIC program, whose contracts were signed



March 7, 1980, is a three-year phase involving six prime contractors. Table III provides a
listing of Phase 1’s contractors, the programs they are involved with, and the technological
goals they are after.

Each of the six major contractors in the VHSIC program is applying one of the competitive
IC technologies, such as NMOS, bulk CMOS, CMOS on SOS, and bipolar, to design and
fabricate chips for applications in a specific system brassboard for each division of the
military. In Phase 1, the contractors are required to obtain a 5 x 10" gate-Hz throughput
rate in chips of 1.25-µm resolution.[3] Throughput capacity, in gate-Hz, is one measure of
the capability VHSIC devices are expected to attain. Adopted by the military, throughput
capacity is defined as follows:

Throughput  =  Number of gates on  X  Chip’s clock
Capacity an IC chip frequency

Currently, microprocessors have throughput capacities on the order of 1010 gate-Hz, while
military systems such as the AIM-54 Phoenix seeker processor and the UYK20 standard
computer have throughput rates of 10" and 1012 gate-Hz, respectively. Weapons systems
are being planned with even higher systems throughput capacities of 1013 gate-Hz and
more. Such rates mean that IC pattern definitions be at least 1-µm in size and smaller,
otherwise, total system weights and power-dissipation levels would be too prohibitive.[4]

A noteworthy point shown in Table III is that there are two parts to the VHSIC Phase 1
program. The first part involves the development of ICs with 1.25-µm line widths while
the second part involves the development of devices with line widths of just 0.5-µm.

As future weapons systems begin employing these new generation of ICs, the memory
telemeter will also benefit. Today, the memory TM is basically a simple system which
converts analog inputs to a digital format which is stored in its semiconductor memory and
then interrogated at a later time. But when the new ICs, such as VHSIC microprocessors,
specialized signal processing chips, and very high-density RAMs, become available
memory telemeters will then have the capability to process information on board the test
projectile and provide data to the engineer in a form that is much easier to work with.
Secondly, these new ICs will be able to process much more complex data and at higher
speeds than is conceivable at this time. Finally, through VHSIC and VLSI, many of the
new breed of chips will employ built-in test and fault-tolerance features which will further
bolster the integrity of the memory telemeter concept.



VLSI

Under Phase 1 of the VHSIC program, IC complexity is typically 20,000 transistors per
chip, but it ranges from about 3000 to well over 100,000.[3] The larger numbers apply to
chips with integrated memory or those which are entirely memory. Nowhere in the
semiconductor industry has VLSI had a greater impact than on memory design is having
dramatic effects on memory telemeter design. By employing these density RAMs, memory
telemeters of the future will be able to monitor many data with a much greater frequency
response and for a longer time duration presently possible.

In 1982, the n-channel MOS 64-Kbit dynamic random-access memory became the
benchmark. Low cost 64-K RAMs are currently available from companies such Fujitsu,
Hitachi, Inmos, Intel, Motorola, Texas Instruments, and many others. “In static RAMs,
CMOS seems to be the path most companies are taking to obtain 64-K densities. Hitachi,
NEC, and Toshiba have developed 64-Kbit static RAMs using 2-µm design rules. RCA,
Harris, National Semiconductor, Integrated Device Technology, and others also have their
sights on a 64-Kbit chip.”[5] Figure 1 shows the difference in size between the 28-pin
Hitachi 8K x 8 static RAM introduced in 1982 and 40-pin Harris RAM Module which
came out in 1981. dust recently, Micron Technology announced the industry’s smallest
64-K dynamic RAM chip. Micron’s latest 64-K DRAM, designated the MT4246A,
measures just 22,000 mil which is half the size of many competitive units on the market.[1]

Meanwhile, as the 64-K dynamic and static RAMs increase in popularity, work continues
at all the major semiconductor factories on a 256-K dynamic RAM. In fact, AT&T has
recently announced that Western Electric, its manufacturing division, will be producing the
256-K RAMS before the end of this year.

As for what lies ahead in the field of memory design, a few significant developments are
currently taking place. Presently, five memory chips are being developed under the VHSIC
program. Texas Instruments and Westinghouse, for example, are both working on static
RAMs. The chip by Texas Instruments has an 8K x 9 organization with a 25ns access
time. As for the Westinghouse IC, it will be organized as SK x 8, have a 20ns access time
and consume only 500mw of power. In addition, Motorola and TRW have teamed up to
produce a CMOS four-port memory which is able to read and write simultaneously, thus,
improving read and write times by as much as a factor of four over existing RAMs. The
1K x 4 device, while small, may lead to much larger high-speed RAMs.[6]

The ultimate memory device, the one megabit DRAM, is predicted to become a reality
sometime in 1986 or 1987. The device will probably be fabricated in CMOS or
CMOS/SOS to insure fast operation and low power consumption.



The only area that may delay the development of the 1-Mbit DRAM is submicron
lithography. Somewhere near 0.5 and 0.3 microns physical barriers are met when using
optical lithography to produce semiconductor devices. New processing techniques may be
developed in the near future but if they are not, the new generation of ICs will have to be
produced using electron-beam or X-ray lithography. Although these two techniques show
great promise, as of yet, neither is a high volume production process.[6]

Other devices that will eventually find their way into memory telemeter designs of the
future include the newly introduced 1-Mbit ROM. One example being the D731000
CMOS ROM which is built by NEC Electronic Arrays. Another area that shows promise
for memory TM applications are VLSI microprocessors. Some examples of the VLSI
microprocessors currently available include the Bell Laboratories’ Bellmac 32A, Hewlett-
Packard’s 32-bit VLSI processing chip set, and Intel’s iAPX 432 micromainframe chip set.
Finally, the field of signal processing, and with it memory telemeter design, is feeling the
effects of VLSI with companies such as Hitachi, ITT, and TRW developing chips capable
of processing data 1000 times faster than a general-purpose 16-bit microprocessor and
able to perform the work of about 300,000 transistors.[1]

As for the future, the goal of a million active devices on a chip may be reached sooner than
expected if all the latest improvements in semiconductor processing equipment come
together on the production line. To put impurities exactly where they are wanted on the
chip, the three areas of technology that must be meshed together are lithography, ion
implantation, and etching. In all three, manufacturers are making dramatic strides.
Advances in optical, electron-beam, X-ray, and other systems are paving the way for very-
fine-line lithography, while plasma and reactive ion etching refinements are opening
windows for ion beams to implant just the right doses of impurities.

Technologies Available For Fabricating High Performance ICs

Commercial VLSI is, in the most part, based upon NMOS technology, which is neither the
fastest semiconductor technology nor the lowest in power consumption. In addition, it is
not the most radiation resistant. It is, however, inexpensive and may be useful for
expendable systems. Speed, power, and radiation resistance are all important military
requirements, however. Therefore, the VHSIC program includes several bipolar, CMOS,
CMOS on SOS, and NMOS approaches. Another technology that shows great promise for
fabricating high-speed, low power devices is gallium arsenide (GaAs). GaAs gates are
faster than silicon ones but GaAs digital IC technology is far less mature than silicon
digital technology (see Tables IV and V).



A.  CONVENTIONAL BIPOLAR AND MOS DEVICES

Packing densities of 3000 and more VLSI gates per chip are quickly pushing past
the performance limits of conventional bipolar and MOS-device technologies. High-
density NMOS technology has reaped the initial benefits of many of the advances.
However, as circuits become denser and more complex, power dissipation will limit the
number of NMOS transistors that can be put on a chip. This is where the advances in
CMOS processes will offer circuit performance at NMOS speeds but at typically a fifth to
a tenth the active power and often a hundredth the quiescent power.[1] Additionally, many
of the advanced CMOS processes are compatible with high performance NMOS
processing which enables an optimal mix of technologies on a single chip.

In general, MOS device performance is being pushed dramatically by the latest processing
tools. Texas Instruments reports using electron-beam lithographic equipment and dry
etching to fabricate a 4-Kbit MOS static RAM with 1.25-µm features on a 4000-mil2 chip.
Channel lengths are 1-µm and access time is 22 ns. All the specs go well beyond the
production version of the RAM which features 50 ns access time, 2.5-µm gate lengths, and
20,000-mil2 chip area.[1][4]

CMOS technology is also being affected by the submicrometer push. For example,
Honeywell has demonstrated a CMOS transistor with effective sub-um channel lengths
using its N-well ICMOS (Inverse CMOS) process. This process allows PMOS FETs to be
fabricated in an N-well region, and NMOS FETs in a P-well region. The same process has
been used to demonstrate CMOS circuits with propagation delays of just 2 ns, and even
this is expected to be cut to 1 ns with 1.25-µm geometries.[1][4]

At the same time, bipolar transistors are performing better because of improvements in the
various process areas. High-speed emitter-coupled logic (ECL) circuits are getting even
faster as new structures, such as walled emitters or lateral base contacts, combine with
1-µm lithography to reduce transistor sizes, improve packing density, and thus cut gate
delays to 100 ps.[1]

Motorola, for example, has been able to shrink its bipolar transistors using a mixture of
scaling and new structures. In addition, Motorola recently announced the production of the
industry’s fastest RAM. The MC10H145 is a bipolar 64-bit ECL RAM with an address
access time of 3ns (typical) and 6 ns (maximum).[1] Its high speed is achieved through
new circuit designs as well as advanced processing techniques.

it should further be noted that other bipolar logic forms such as integrated injection logic
(I2 L), Schottky transistor logic (STL), and integrated Schottky logic (ISL) are also
benefiting from the lithography and process improvements.



B.  CMOS/SOS DEVICES

CMOS/SOS ICs are emerging as excellent candidates for VLSI and military
applications. SOS, silicon-on-sapphire, technology combines MOS technology with the
use of a sapphire substrate. A thin single-crystal silicon film is formed on the substrate by
epitaxial growth. Such a technology offers several advantages such as: microwatt/gate
power dissipation, less than 1-ns gate delays, high packing densities, high realiability
without the latchup or burnout problems common to bulk MOS devices, and it is inherently
radiation-hardened. In addition, CMOS/SOS devices are easy to design into a circuit.

Figure 2 illustrates the cross-section of a typical CMOS/SOS device, while Table VI
compares CMOS/SOS with the other conventional technologies. From a military
standpoint, CMOS/SOS appears to be an excellent prospect for future defense electronics
systems.

Recently, Hewlett-Packard’s Computer System Division has developed a three-chip set
implemented in CMOS/SOS that can perform 64-bit floating-point calculations. Using
4-µm design rules, each chip dissipates about 400mW and is estimated to be 20 to 30
times faster than comparable commercially available processors.[1][7] Also, Toshiba has
developed the fastest 16-bit CMOS/SOS parallel multiplier/accumulator chip available.
“The chip performs a 16-by-16-bit multiplication and accumulation in 60 ns with a power
dissipation of 65 mW.”[8] Finally, one of the most complex CMOS/SOS devices has been
developed by Rockwell. Its Viterbi error-corrector chip contains 8188 CMOS/SOS
transistors, eight 8-bit adders, and four 8-bit comparators on a 124 x 184-mil chip. The
2-um device has a 50-Mbit/s clock rate through 27 logic levels and dissipates 200 mW at
6 V.[4]

Even though CMOS/SOS seems to be an almost ideal technology, some problems have yet
to be solved. The major problems being the relatively high-leakage currents at the silicon-
sapphire interface and the high costs of manufacturing, polishing, and cutting the sapphire
material.

C.  GaAs DEVICES

Although gallium arsenide (GaAs) programs are not part of the VHSIC program,
research and development in GaAs devices is currently being performed at many
government and industrial labs. What makes the use of GaAs so promising is that it:  can
operate at clock rates in the tens of GHz, dissipates microwatts of power per gate, has
low-noise characteristics at high frequencies, can operate at relatively higher temperatures
than conventional silicon ICs, and is radiation-hardened. Places in which GaAs devices
would readily be welcomed include their use in:  phased-array radars, satellite



communications systems, computer CPUs, memory pack telemetry systems, and
microwave instrumentation.

There are few, if any, experts that believe GaAs will replace silicon for the bulk of logic
functions although for analog functions like microwave power amps, GaAs has made
tremendous strides. However, there are a few special areas where silicon or other types of
ICs can not even come close in performance. For example, preprocessors, which require
very high operating speeds, would greatly benefit from using GaAs ICs.

Since GaAs has a higher electron mobility as compared to silicon, clock rates of up to
10 GHz are possible for monolithic GaAs devices and rates of up to 40 GHz can be
attained for discrete GaAs metal-semiconductor field-effect transistors (MESFETs). The
fastest rates possible for monolithic silicon devices is 1 GHz. Furthermore, GaAs is better
suited for integrated optics than is silicon. Optical devices such as laser diodes can be
integrated on the same chip with logic devices, making the integrated structures more
compatible with fiber-optic elements.[1][4]

Today, companies such a Hughes Aircraft, Lockheed, Rockwell, Texas Instruments,
Musashino Electrical Communication Labs, and Fujitsu are working on GaAs devices.
Items such as ALUs, ring-counters, multiplexers, multipliers, and RF amplifiers are
currently being fabricated from GaAs devices. Additionally, at the International Solid-State
Circuits Conference (Feb. 23-25), Fujitsu unveiled its 1-K static RAM built using GaAs
MESFETs (see Fig. 3).

Fujitsu’s designers used tungsten silicide for the gate contacts, gold-germanium for the
source-drain contacts, titanium-gold for the other first-level interconnections and titanium-
gold for the second-level interconnections. The RAM uses 2-µm design rules and occupies
an area of 3 by 2 mm. With over 7000 transistors, the RAM has an access time of just 4 ns
and dissipates slightly more than 50 mW.[9]

Although the newly emerging GaAs devices look like the key to future advances in
electronics, especially when logic-gate speeds in laboratory GaAs ICs have been under
100 ps, these devices still have some serious problems. The majore drawback to using
GaAs is its high material cost, which is 20 to 30 times more than for silicon. In addition,
since GaAs is basically unstable, it must be carefully qualified in-house since there are few
high-quality suppliers available.[1]

Logic Arrays

An area of IC technology that has experienced rapid growth in recent years and shows
much promise for future use in memory telemeters is the field of logic arrays (also known



as gate arrays or macrocell arrays). Logic arrays typically consist of groups of identical
transistors fabricated into small clusters known as cells. The user can then custom connect
the individual circuit elements in order to obtain a specific logic function with the final one
or two layers of metal interconnections. Since all wafers are designed with identical
diffusion steps, the unmetallized wafers of logic functions can be stockpiled unitl they are
required for a particular job.

User selection of the logic functions is very similar to choosing TTL or CMOS SSI or MSI
integrated circuits from an ordinary data book. In most instances, the logic functions
available are identical to their SSI/MSI counterparts. Another advantage to using logic
arrays is that single transistors on the array may be connected in order to meet specific
requirements. Hence, not only can gates, flip-flops, counters and other digital circuits be
formed, but analog circuits such as op amps, VCOs, A/D, D/A converters and many others
can be constructed.

Logic arrays should have a pronounced effect on memory telemeter design by greatly
reducing:  the IC package count, the turn-around times for custom IC designs, and finally
the costs associated with developing a custom chip. For instance, the use of memory
telemeters could be greatly enhanced by using logic arrays in order to decrease system size
and thereby allow memory TMs to be used in projectiles with very limited internal volume.
A 2000-gate logic array, for example, could easily replace 25 to 50 TTL or CMOS ICs,
depending upong the complexity.[10] In addition, logic arrays require lower power (which
means smaller capacity batteries can be used), operate at higher speeds, and offer a much
higher degree of reliability than their discrete IC counterparts.

An important requirement of any telemetry system, whether it be memory pack or RF, is
that it can be easily designed, fabricated, and quickly modified in order to obtain whatever
data is needed about a certain test item. When a projectile experiences a failure in the
field, telemetry data, in order to explain the failure and offer a cure, is quickly requested.
This means that the TM system must be flexible enough to handle unforeseen requirements
such as changes in the number of data channels, frequency response, and input signal
levels. If a full custom chip were required, the one to three year turn-around time would be
too prohibitive. By using logic arrays, however, turn-around time can be reduced to as
little as 10 to 12 weeks.

As far as costs are concerned, going the full custom route could cost anywhere from
$100K to $500K but with logic arrays the cost will run from $5K to $50K depending upon
the complexity.[11] Another interesting feature about using logic arrays is that due to the
advances being made in computer-aided design and engineering the average systems
engineer, with little or no training in semiconductor design, can implement logic functions
consisting of several thousand gates. In most instances, the user need only supply the logic



array vendor with a logic diagram and test data. Thus, the time, error, and cost of manual
procedures can be avoided.

Today, logic arrays are becoming increasingly dense as companies such as Sperry
Computer Sytems and Mitsubishi Ltd work toward producing a 10,000-gate array with
delay times of 3-5 ns. Other compnies offering logic arrays include:  AMD, Fairchild,
Harris Hitachi, Motorola, Raytheon, RCA, and many others. Furthermore, the high-speed
potential of GaAs is coming closer to practicality as Honeywell Inc and the University of
Minnesota team up to develop a 504-gate array with a 64-bit on-chip static RAM and gate
delays of only 100 ps.[12]

The Memory Telemeter

The memory TM built at ARDC is a micropower digital electronic device which acquires
and stores data in memory at a remote location until recovery and interrogation. It is
especially useful in artillery projectile instrumentation, where hardwired instrumentation
can not be considered. It is a self-contained, shock resistant, relatively light weight
package, usually a cylinder, which may be located in any part of the projectile. Required
shell modifications are minimal, thus the aerodynamic characteristics of the round are
virtually unaltered.

The distinct advantages of a memory pack as compared to an RF telemeter are as
follows:

1. Simplicity.

2. Transmitter and antenna are not required.

3. Reusability.

4. Simple logistics.

5. Smaller volume and weight.

6. Faster deliveries.

7. Lower cost.

The memory telemeter concept uses basic digital design, implemented mostly by standard
off-the-shelf electronic components. While a transmitter and antenna cost thousands of
dollars, the most expensive component in a memory package is the storage device,



$250.00 per megabit at current prices. The utilization of all nondelicate components and
rugged packaging allow the reuse of the TM many times thus, reducing unit cost to a
fraction of that of a conventional “one shot” telemeter.

Logistics throughout field tests are simple, the data is interrogated and recorded on
magnetic tape by means of a light-weight portable instrument. In comparison, the
monitoring of an RF telemeter requires one or more heavily instrumented vans, operated
by several technicians.

The composit result of the above features is a small and rugged, light-weight telemeter
which is capable of measuring and recording high frequency data for a reasonably low cost
and which requires minimal or no modification to the projectile.

Packaging

The projectile telemeter must not only be able to survive but it also has to function
(acquire, process, and store data) under the stress of high-shock environments. Packaging,
therefore, is of major concern. Consideration must be given to the following areas:

1. Expected environment (i.e.:  shock spectrum, orientation, magnitude, and duration
of the forces).

2. Overall component layout.

3. Optimum packing density.

4. Special protection requirement of individual components.

5. Space available within the projectile.

Packaging begins at component layout. Depending upon the type, shape, and weight of a
component and on the force distribution within the package, the location of various parts
must follow certain guidelines. For example, since electrolytes in batteries tend to migrate
when subjected to sustained acceleration, it is advisable to locate the cells as close to the
center of rotation as possible in order that radial acceleration is minimal. Also, batteries
and other high-density components should be positioned so as not to exert extraneous
forces on other fragile items. In addition, some capacitors change their value drastically if
they are not properly aligned with the setback force vector. Should this and the ensuing
instantaneous voltage change (spike) occur, any or all of the digital chips may change their
state thus rendering all data meaningless.



An area that deserves extra special consideration is the hardening of integrated circuits.
For example, ceramic ICs with loose wire bonds will experience partial or total failures as
a result of the wires breaking during the high-shock environment. In order to prevent this
from happening, it is necessary to make sure that the wires are supported. Research
presently being conducted at ARDC has enabled us to come up with two methods of hi-g
hardening ceramic ICs and hybrid packages.

The first method involves totally encapsulating the area around the die with a suitable
potting compound. An important point is to use a potting with a coefficient of linear
thermal expansion similar to that of the ceramic material used in the IC itself, otherwise,
wire breakage could result as the potting and chip expand and contract at different rates.

The other approach, that has seen much success in the hardening of hybrid circuits for
projectile environments, is to employ a parylene conformal coating. The principal benefits
to using parylene is that it impressively increases the pull strength of wire and lead bonds,
face bonded chips, and conductor bridges. In addition, it exhibits good thermal stability
properties, has high dielectric characteristics, and acts to immobilize loose solder and wire
particles left over from manufacture.

Another way that components with high natural frequencies can be protected is to
mechanically decouple them from the metal telemeter housing in order to attenuate the
excitation forces and thus prevent destructive oscillations from occurring. This can be done
in a variety of ways but the two most common procedures are to employ either shock
absorbing brackets to support and isolate components or to use pads of flexible epoxy to
cushion items.

As far as the telemeter housing is concerned, the general shape of the telemeter package is
usually cylindrical with a diameter limited to two inches (see Figure 4). Because of the
relatively small diameter, using the conventional printed circuit boards (rectangular or disc
shaped) is not practical since they must be stacked which results in numerous
interconnections and a large percentage of lost space. Hence, the flexible printed circuit
board technique gives the best results since it provides the highest density without the need
for any interconnections.

The “flex-board” is a plyable printed circuit board. ICs and other larger components are
layed out in columns so that plyability is enhanced in the direction of roll. A housing, with
a two inch outside diameter, may adopt a “flex-board” with a 700 degree roll or double
layer. In the center, there is still ample room to accommodate batteries or other bulky
components.



This concept has been used for many years and has proven realiable in the M454 program.
Figures 5, and 6 show a typical flexible PC board and housing. The housing serves as a
container for the telemeter elements and also as an interface between the test vehicle and
the TM. Usually, it is made of aluminum because of its light weight but it must also be
strong enough to resist deformation from the high-shock environments. Once the
components have been placed on the PC board, the board is bench tested, rolled, slipped
into the TM housing, and then the unit is totally encapsulated with potting. The potting
serves not only as a mechanical support but also as a low pass shock filter.

Air Gun TM

ARDC’s 155mm Ballistic Simulator gas gun is being utilized as a means of shock testing
items with light or moderate weight for a cost which is a small fraction of the price for
actual field test firings. At present, the gun is not instrumented and environmental
parameters are mostly determined analytically. The confidence in the test results, and the
meaningful use of the system in general would greatly improve if some major parameters
such as setback linear acceleration, deceleration, displacement and radial acceleration vs
time were established and measured. In addition, the measurement of some test item
functions is also desirable. With these thoughts in mind, the development of a digital
memory telemeter for the gas gun was initiated in early 1983.

The ultimate goal is a versatile, programmable telemeter which measures and computes all
in-flight parameters and, in addition, monitors a number of payload functions some of
which require high frequency response, such as strain pressure, vibration, etc. The unit will
have a large memory bank, several scan rates, and a signal conditioner, all of which are
programmable to the customer’s specifications. For instance, units of storage blocks may
be used individually as several slow data channels, they may be “stacked” to cover a few
moderately fast channels or finally, they can be configured as one super fast data channel.
Modular configuration will also be considered so that volume and weight may be
decreased if data requirements are light.

At present, the effort is concentrated on the measurement of the linear acceleration and
deceleration of the gas gun projectile (fixture).

The majority of the components, including the batteries, have been qualified in the high-
shock environment. The high-g characteristics of the flash A/D and the CMOS RAM were
unknown and had to be tested for performance under stress.

A basic A/D memory circuit was designed for the purpose of component testing. First, the
circuitry was potted in wax and fired for survivability. It successfully survived an
estimated setback of 12 kilo-g. Next the memory was loaded with data and fired in the rail



gun at 8 kilo-g. The test again proved to be a success as the stored data remained
unaltered.

During the next phase of testing, a simple sawtooth generator was designed and
incorporated into the package in order to check the converter and the RAM for functional
performance during the stress of high-shock environments. The signal generator was
turned on during setback at the level of 90 g and was disabled when the memory was
loaded. The duration of coverage was approximately 50 msec. Again, the test results
indicated complete success. At this point the use of a transducer became feasible.

A piezoelectric accelerometer/charge amplifier module was used. Designed for a different
project, the specifications of this transducer were not the best suited for this application
but it was considered reliable and very simple to use. A prototype memory TM was then
designed to measure the setback acceleration. It consisted of the accelerometer, flash A/D
converter, CMOS static RAM, clock, address generator, and logic control circuitry,
including power switching and a delayed arming circuit. The circuit board and housing are
shown in Figure 7.

The step by step operational sequence of this unit is as follows:

1. Address generator and memory are cleared.

2. Arming circuit is enabled (it inhibits “start scan” trigger mechanism for the
duration of preparation activities, thus preventing possible false, premature
activation).

3. At the end of the delay period, the circuit is armed and awaiting firing.

4. A low shock level (90 g) initiates processing: the accelerometer signal is
digitized and stored in the RAM at the present clock rate of 50 KHz. When the
memory is full, the clock is disabled, data is locked into the RAM, and power to
the analog circuitry is turned off. The telemeter is then ready for interrogation.

The prototype telemeter was fired at levels up to 13.8 kilo-g setback force. TM data for a
3.0 kilo-g firing is shown in Figure 8 (the scale is 5 msec x 400 g per division). The
acceleration curve agrees with theoretically computed values, and it definitely proves the
feasibility of the digital memory concept in projectile, hi-g telemetry.



Conclusion

Through the tremendous advances currently being made in the field of semiconductor
technology, the digital memory telemeter has become a viable approach to obtaining
in-flight data from numerous artillery projectiles. As was shown, the memory TM is
simpler, smaller, and much less expensive than its RF counterpart. At present, the memory
telemetry system being used at ARDC employs the 64-Kbit static RAM. This system has
been test fired many times at levels close to 14 kilo-g and has produced excellent quality
acceleration and deceleration data utilizing the 155mm Ballistic Simulator Test Facility.

The application of the memory telemeter concept should continue to proliferate as more
and more advanced VLSI digital ICs are introduced. The work currently being performed
under the VHSIC program should further increase the utility of the memory pack systems.

The new high-performance chips fabricated in CMOS/SOS and eventually GaAs will mean
system performance inconceivable a few short years ago. By employing these new ICs,
future memory telemeters will not only be able to just store transducer information but they
will also have the capability to process information in-flight. In addition, many channels of
high-speed data will be able to be processed and stored in very high-density memory chips
for interrogation at some later time. Also, systems will shrink dramatically in size through
the use of VLSI circuits and logic arrays which will further increase their popularity.
Furthermore, since these devices will dissipate only microwatts of power per gate, smaller
power supplies can be used. Lastly, memory TMs will become extremely reliable as built-
in test and fault-tolerance features are added to the individual chips themselves.

Thus, the memory telemeter should see widespread usage in the next few years. Today,
conventional bipolar and MOS devices will be employed in the systems until the next
generation of super chips become available.
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Table I.  LSI AND VLSI INTEGRATED CIRCUIT PERFORMANCE. (2)

Industry Capability

Integrated Circuit
1974
(LSI)

Early 1980s
(VLSI)

Random-access memory
Serial memory
(Random) logic
Digital correlator
Rf analog circuits (bipolar)
Secure code generator
Sensor mosaics (CCD)

Minicomputer CPU (bipolar)
Performance
   Clock rate (maximum) (MHz)
   Transistor bandwidth (Ghz)
   Speed-power product (pJ)
Complexity
   Chip Size (maximum) (mil)
   Device area (maximum) (mil2)
   Transistors per chip (maximum)

2,048 bits
30,000 bits (CCD)
500 gates
64 bits
-
32 bits
100-by-100
   elements
10 chips at 5 MHz

300
1
3-10

250
2-5
5,000

64,000 bits
5 X 106 bits (CCD)
10,000 gates
2,048 bits
S-band rf circuits
1,024 bits
1,000-by-1,000
   elements
1 chip at 50 MHz

2,000
6
0.1-1

500
0.1-0.3
200,000



Table II.  VHSIC PROGRAM STRUCTURE. (3)

Goals Budget

Phase 0
   March-November 1980

Develop detailed concepts and plans
Nine contractors

$10.5 million

Phase I
   May 1981-April 1984

Design, develop, and pilot-produce
  1 1/4-micrometer chips with a 5 x 10"
  gate-Hz/cm2 functional throughput rate
Develop subsystem brassboards
Develop submicrometer chip technology
Six contractors

$167.8 million

Phase II
   1984-86

Demonstrate Phase I brassboards in
  actual military applications
Develop and pilot-produce submicrometer
  chips with 1013 gate-Hz/cm2 functional
  throughput rate

$75 million

Phase III
   1980-86

Provide Innovative R&D in support of
 program goals with some 60 comtractors

$60 million



Table III.  VHSIC PHASE 1 CONTRACTORS AND PROGRAMS. (4)



Table IV.  SUMMARY OF IC PROPERTIES. (4)



Table V.  DEVICE PERFORMANCE PROJECTIONS (1985-1990) FOR 0.5- µm
MINIMUM FEATURE SIZE. (4)

Silicon
CMOS CMOS/SOS

Gallium
arsenide

Speed Projec-
   tions: Logic ICs
   (0.5 µm)
   CCDs (0.5 µm)
   Transistors
   (0.5 µm)
Electro-optics:
   FET-laser
   integration
High-temperature
   operation

100 ps
500 MHz

8 Ghz

No (indirect)

200EC

50 ps
No

16 Ghz

No (indirect)

200EC

15 ps
2 Ghz

50 Ghz

Yes (direct)

350EC

Figure 2.  CROSS SECTION OF A CMOS/SOS STRUCTURE. (4)



Table VI.  COMPARISON OF IC PROCESSES. (4)

Integrated-circuit
process

Power
consumption Speed

Family
availability

Radiation
hardness

Remarks

Bipolar TTL
ECL
NMOS

PMOS
CMOS
CMOS/SOS

Poor
Very poor
Poor

Good
Very good
Very good

Good
Very good
Good

Poor
Very poor
Good

Excellent
Poor
Excellent

Poor
Good
Good

Very good
Excellent
Poor

Fair
Good
Good

Most emphasis
on single-
chip microcom-
puters

Bulk-hardened
Hardened
process,
AFWAL/RCA
chip set

Figure 3.  CROSS SECTION OF A GaAs STRUCTURE FUJITSU IS USING TO
FABRICATE ITS 1-KBIT STATIC RAM. (9)



Figure 4.  TELEMETER HOUSING

Figure 5.  FLEXIBLE P.C. BOARD UNROLLED AND ROLLED.



Figure 6.  FLEXIBLE P.C. BOARD AND HOUSING.

Figure 7.  MEMORY TELEMETER CIRCUIT BOARD AND HOUSING.



Figure 8.  MEMORY TELEMETER ACCELERATION DATA.



THE MEASUREMENT OF TORSIONAL IMPULSE
USING IN-BORE TELEMETRY TECHNIQUES

Joseph T. McGowan
Telemetry Project Engineer

HQ US Army Armament Research And Development Center
DRSMC-TSE-T (D)

Dover, NJ 07801

ABSTRACT

In recent years, the artillery projectile community has recognized the phenomenon of
torsional impulse as a major factor affecting the structural integrity of projectile designs.
Since 1976, when it was first hypothesized as accounting for structural failures
experienced in projectiles, methods of characterizing it as well as the response of a
projectile have been sought. This is a natural application for the in-bore telemetry
techniques developed in recent years by the Technical Support Directorate (TSD) of
ARDC. This paper will present an approach cooperatively developed by TSD and Large
Caliber Weapon Systems Laboratory Personnel of ARDC. The development of both the
transducer package and the state-of-the-art telemetry system for this application will be
described, along with the methods used for screening and calibrating the transducers. A
brief description of torsional impulse and its ramifications will be presented.
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WARHEAD IMPACT TELEMETRY SYSTEM

Larry Rollingson Dean Diebel
Recovery Systems Instrumentation Branch

Code 6421
Naval Weapons Center
China Lake, California

ABSTRACT

The retrieval of telemetry data during and after High-G (greater than 1000 g’s) testing has
presented numerous problems. In an attempt to address some of the more critical problems
associated with High-G testing the Telemetry/ Test Engineering Divison of the Naval
Weapons Center (NAVWPNCEN) developed and tested a High-G telemetry system to
10K g’s with expectations of achieving values up to 50K g’s. Innovative shock reduction
techniques were applied to reduce the direct shock seen by the individual telemetry system
components Major shock reduction was seen through the selection and proper orientation
of system materials and components, as well as, the utilization of glass beads and various
foam densities as shock absorption medias.

SYSTEM DESCRIPTION

The telemetry system is a frequency modulated/phase modulated system (FM/PM). This
indicates that the subcarrier oscillator, which is being frequency modulated, is phase
modulating the transmitter. The system transmits at a 200 milliwatt minimum power in the
frequency range of 1435 MHz to 1540 MHz band. There are twelve subcarrier oscillators
allowing for twelve data channels. figures (1.1) through (1.4) are pictures of the holding
fixtures and assembled system.

Mechanically the system has been designed to withstand 50K G’s for 11 milliseconds.
Aluminum holding fixtures were chosen because of their machinability and high strength to
weight ratio. All components were mounted to withstand their maximum shock and placed
in 1/8" printed wiring board.

Two types of devices were used for successful shock absorbtion. These were:  1. variable
density foams and 2. glass microspheres.

Figure (2) shows the telemetry system with foam layers housed within the airframe.



In dealing with the various density foam layers, the problem becomes that of a boundary
type problem.

For a pulse incident on a system with a higher impedance, as shown in Figure (2), where
Z1 < Z2, a transmitted and a reflected pulse will result. In this case of a lower to higher
impedance boundary, the reflected pulse will be out of phase, with less amplitude, than the
incident pulse. A transmitted pulse with less amplitude than the incident pulse will also
result.

If the problem were such that a low to infinite boundary existed, reflection would be 180E
out of phase and of equal amplitude. There would be no transmitted pulse.

In this situation the pulse is transmitted through the layers of low to higher densities with
lessening amplitudes. Reflection and transmission between the foam layers (boundaries)
and between the total foam package will result in dissipation of much of the shock pulse.

As the telemetry system approaches the end of foam layer three as depicted in Figure (2),
the hollow glass microspheres come completely into play. This further dissipated the shock
pulse.

Once the telemetry system was assembled, the hollow glass microspheres could be poured
into the housing while the unit was shaking on a vibration table. This type of shock
absorbing material also allowed for easy removal of the spheres after the test for inspection
purposes.

Emerson and Cuming hollow glass microspheres were used in this project. Some
characteristics are listed as follows for the 1G-101 Emerson and Cuming Microsphere.

Size:  44-175 microns (56% by weight being in the range of 62-125 microns)
Average particle diameter by weight:  80 microns
Average wall thickness:  2 microns
Material:  Sodium Borosilicate Glass
Bulk density (tamped):  12.1 lb/ft3

True density (liquid displacement):  19.4 lb/ft3

Strength under hydrostatic pressure at 1500 psi yields 47% sphere survivability.
By way of physical explanation a .125 pound (W) circuit board mounted within the
telemetry package will be accelerated to 15,000 G’s (a). This combination yields a force
(F0) of 1,875 pounds. A diagram of force distribution and vector representation is found in
Figure (3A) and (3B) respectively. This represents an ideal situation with homogeneous
sphere discrepancies although this still yields a fair approximation. By way of example, if
equal sphere diameters are assumed, the incident force F0 is divided in two parts, (F1),



each 30E to the side of F0, F0 thus dispersing the shock pulse. Using the law of sines, the
component forces (F1) can be calculated.

Adding the two vector components of F1 together at the next row of spheres, F0 is again
reached, so centrally each sphere sees F0.

When the shock pulse amplitude reaches the point where the spheres compress and break,
the shock pulse will be absorbed to a great degree.

TEST METHODOLOGY

Since the main concern was whether the system could withstand high shock levels several
shock tests were conducted. Each subcarrier oscillator was fed a sine wave in order to
establish any distortion at the output during actual shock. A control accelerometer was
placed on the shock table and an accelerometer was placed on the outside housing of the
telemetry system. The control accelerometer was hardwired to the shock analyzer while
the accelerometer on the telemetry housing was processed through the telemetry system
with the other channels and transmitted to the shock analyzer. A plot of (G’s of
acceleration vs time) and the fourier spectral analysis of the shock wave for the hardwired
and telemetry system is presented in figures 4.1 through 4.8.

SYSTEM ELECTRICAL DESIGN

The following is the analytical system design for the telemetry system. Two assumptions
are made:  1. The receiver input signal to noise ratio (S/N)c is assigned 10 dB which is
1 dB above theorectical threshold; 2. The discriminator output signal to noise ratio (S/N)d

is 40 dB which allows a 1% noise contribution. With the previous assumptions made the
receiver IF bandwidth, SCO preemphasis, and the total transmitter modulation can be
determined.

To determine the receiver IF bandwidth the highest frequency SCO, f 'dc value equal to
“1”. The other f 'dc values are normalized by dividing the highest SCO (f 'dc400 KHz) into the
next lowest value (f 'dc225 KHz) and proceed until all values are ca cu ate .



Example:



By adding the normalized values listed in Table B-1 the “A” factor is determined
A = 1.98. The Modulation Index (M) can now be calculated from equation 5.

Equation 5 is derived by combining equations 1, 2, 4, and 5.

Therefore, by substitution:

Square both sides and solve for M at the highest SCO frequency.



K  =  fds /fs @ SCO  =  400 KHz ±15% deviation
K  =  60 KHz/400 KHz  =  .15
A  =  1.98
N  =  5
C2  =  (S/N)d /(S/N)R x (3/4)1/2     Voltage Ratio
(S/N)R  =  10 dB       1 dB above theorectical threshold of receiver
(S/N)d  =  40 dB        1% Noise contribution of discriminator
C2  =  40 dB              voltage ratio =                           =  36.54

1.98M3 + M2   =                             = .801

1.98M3 + M2  =  .801
M2 (1.98M + 1)  =  .801

Method of Iteration (Successive Substitution)

let M  =  .5 let M = .605
.25{l.98(.5)  +  1}  =  .4975 .3660 {1.98(,650)  +  1}  =  .804
.4975 < .801

let M  =  .8
.64 {1.98(8)  + 1}  =  1.653
1.653 > .801

let M = .6
.36 {1.98(.6)  +  1}  =  .7876
.7876 < .801

let M = .61
.3721 1.98(.61)  + 1  =  .8215
.8215 > .801

The receiver IF bandwidth can now be determined.

fdcu =  highest SCO channel deviation
fdcu =  M fsu

fsu =  center freq. of highest SCO
fsu =  400 KHz
fdcu =  (.605)(400 KHz) = 242 KHz

M = .605



)Fu  =  Total peak deviation of RF carrier by the highes SCO channel in the system
)Fu  =  A fdcu

)Fu  =  (1.98)(242 KHz)  =  479.16 KHz
Bc(cal)  =  2( Fu + fsu)
Bc(cal)  =  2(479.16 + 400K)  =  1758.32 KHz
Select available receiver IF > Bc(cal)

The total peak deviation of the RF carrier by all the SCO oscillators is calculated to insure
the transmitter isn’t over deviated.

fdc  =  fdcu x Normalized Value
fdcu  =  M fsu         M  =  .605
fdcu  = .605 x 400 KHz  =  242 KHz
f dc(400) =  (242 KHz)(1.0)  =  242.00 KHz
fdc(225)  =  (242 KHz)(.42)  =  101.64 KHz
fdc(176)  =  (242 KHz)(.11)  =  26.62 KHz
fdc(160)  =  (242 KHz)(.10)  =  24.00 KHz
fdc(144)  =  (242 KHz)(.09)  =  21.78 KHz
fdc(128)  =  (242 KHz)(.08)  =  19.36 KHz
fdc(112)  =  (242 KHz)(.07)  =  16.94 KHz
fdc(96)  =  (242 KHz)(.06)  =  14.52 KHz
fdc(80)  =  (242 KHz)(.05)  =  12.10 KHz
fdc(64)  =  (242 KHz)(.04)  =  9.68 KHz
fdc(48)  =  (242 KHz)(.03)  =  7.26 KHz
fdc(32)  =  (242 KHz)(.02)  =  4.84 KHz

500.74 KHz

Once the system has been designed check factors are calculated to insure t selected
bandwidths and SCO preemphasis are correct for the desired signal to noise ratio.

Channel Check Factor

IF = 2 MHz



(S/N)in  = Receiver carrier to noise ratio expressed as a voltage ratio related to baseband.
(S/N)out  = Receiver data output noise ratio expressed as a voltage out ratio related to

baseband modulation.

(S/N)in  =  5.165  =  14.26 dB

CKt is determined by comparing computed (S/N)in to that of the receive threshold (10 dB).

Computed channel check factor

fs  =  400 KHz  ±  15% deviation

fs  =  225 KHz  ±  15% deviation

fs  =  176 KHz  ±  4 KHz deviation

Due to the linear taper of the constant bandwidth subcarrier oscillators the remaining
B channel subcarriers also have a check factor of 1.91.



Because the telemetry system utilizes a phase modulated transmitter it’s necessary to
calculate the total system modulation index to insure the transmitter isn’t over modulated.

M = fdcf fs

fdcf  =  SCO channel transmitter deviation resulting from Bc(sel)

M400  =  fdcf fs  =  273.46/400  =  .68
M225  =  fdcf /fs  =  114.85/225  =  .51
M176  =  fdcf /fs  =  30/176  =  .17
M160  =  fdcf /fs  =  27.12/160  =  .17
M144  =  fdcf /fs  =  24.6/144  =  .17
M128  =  fdcf /fs  =  21.87/128  =  .17
M112  =  fdcf /fs =  19.14/112  =  .17
M96  =  fdcf /fs  =  16.4/ 96  =  .17
M80  =  fdcf /fs  =  13.67/ 80  =  .17
M64  =  fdcf /fs  =  10.94/ 64  =  .17
M48  =  fdcf /fs  =  8.2/ 48  =  .17
M32  = fdcf /fs  =  5.16/ 32  =   .17

2.898

The selected transmitter (Microm model number T4-X0) has a deviation sensitivity of
.35 volts rms for a modulation index of 5 with a maximum modulation index of 15. The
total design modulation index of 2.898 is well within the limit to prevent any distortion due
to wver modulation.

The system perameters which have been calculated are all tabulated in Table B-1.

CONCLUSION

Through the utilization of component orientation, shock absorption foams, and glass beads
it appears that 50K G’s shock levels for 11 milliseconds can be survivable by telemetry
systems. Other approaches are being investigate by the Telemetry/Test Engineering
Division. Some of the more promising systems are using solid state storage devices to
replace the RF link.

DEFINITION OF TERMS

(S/N)in  = Receiver carrier to noise ratio expressed as a voltage ratio related to baseband
modulation.

(S/N)out  =  Receiver data output noise ratio expressed as a voltage ratio
Bc  =  (Receiver IF bandwidth)
Bout  =  Receiver output narrow band filter (3dB frequency points)



M  =  Modulation index as related to transmitter modulation.
SCO  =  Subcarrier Oscillator
(S/N)d  = Data or discriminator output RMS signal to noise ratio, expressed as a voltage

ratio related to the FM multiplex system.
fdc  =  RF carrier peak deviation due to any particular SCO modulation signal.
fdc  =  Relative modulation amplitude of an SCO Channel.
(S/N)c  = Receiver carrier to noise ratio, expressed as a voltage ratio related to the FM

multiplex system.
fds  =  SCO peak deviation due to data modulation.
fs  =  SCO center frequency
N  =  Modulation index as related to SCO modulation
)f  =  Total peak deviation of RF carrier by all the SCO channels in the system.

)f = Afdc .
C2  = Constant,

A  = The sum of the ratios of the SCO channels modulating a transmitter, where the
deviation of each SCO is normalized with respect to the deviation of the highest
frequency SCO modulating an RF carrier.

K  =              =  Percentage modulation of an SCO.

fsu  =  Highest frequency channel in an SCO mix.
fdcu  =  Highest SCO channel transmitter deviation.
CKt  =  Channel check numbers to insure threshold performance.
Bc(cal)  =  Receiver IF bandwidth selected from IRIG standards.

B  =                          multiplier factor.

fdcf  =  Final SCO channel transmitter deviation resulting from Bc (sel)
)Fu  =  Total peak deviation of an RF carrier by the highest SCO channel in the system.



Figure 1.1 - ASSEMBLED TELEMETRY SYSTEM

Figure 1.2 - HOLDING FIXTURE FOR TRANSMITTER
AND THERMAL BATTERY



Figure 1.3 - HOLDING FIXTURES FOR SUBCARRIER OSCILLATOR
AND SIGNAL CONDITIONING BOARDS

Figure 1.4 - OUTER HOUSING



Figure 2 - Telemetry Assembly Within Missile Airframe

Figure 3a - Glass Sphere Tamped Arrangement (Ideal)



Figure 3b - Force Vector Parallelogram

Figure 4.1



Figure 4.2

Figure 4.3



Figure 4.4

Figure 4.5



Figure 4.6

Figure 4.7



Figure 4.8

Figure 4.9



Table B-1 Analytical Tabulations



APPLICATION OF A STATE-OF-THE-ART PROGRAMMABLE
MULTIPLEXER IN A GUN LAUNCH ENVIRONMENT

Michael J. Doherty
Staff Engineering Manager
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1115 Mearns Road

Warminster, PA 18974

ABSTRACT

This paper will deal with the application of a fully programmable multiplexer in a gun
launch environment. The multiplexer utilizes an electrically erasable memory to allow gain
and offset scaling on a channel by channel basis and to control sampling sequence and
subcommutation. Special emphasis will be given to the thick film hybrid construction
technique utilized to withstand the harsh environment.

INTRODUCTION

When designing a telemetry system to be used in a gun launched projectile, the system
engineer is presented with many restrictions due to the environment which will be
encountered. The first major restriction is in the space available which is typically a
cylinder 3.25 inches in diameter with an overall length of 4.5 inches. In this area
provisions must be made for a transmitter, signal conditioning, a battery pack and, if
multiple parameters are to be measured, some method of multiplexing data channels. To
accomodate all of the above in the space allocated, it is essential to reduce the complexity
of the circuitry and the power consumption to a minimum. In an effort to provide the most
system performance in the space provided Microcom developed a Programmable
Multiplexer which integrates the functions of the multiplexer and the signal conditioning
circuits. The multiplexer also provides full format programmability. This paper will explain
how the multiplexer functions, how its’ construction is designed to withstand the
environment and demonstrate that the fully programmable multiplexer is the most
appropriate system for many applications.

CIRCUIT DESCRIPTION

The Programmable Multiplexer is an 8 Bit Pulse Code Modulator with full subframe/
supercommutation capability combined with a high speed programmable gain amplifier



and offset generator all operating under the control of the central processor. The Bi-Phase
Pulse Code Modulator format is the best for use in High-G application as it allows the use
of a phase modulator transmitter which is far superior to a true FM transmitter in shock
induced incidental modulation. The Bi-Phase Code also provides a clock transition in
every bit period to allow better tracking of any shock induced shifts in bit rate. In the
multiplexer, the raw data signals are connected directly to the input gates. The input gates
are designed to sample the input signals with minimal loading effect from the telemeter.
The gates also feature a proprietary signal blanker circuit to reduce crosstalk between
channels with high source impedance. Since the gates are able to directly sample data
accurately from high impedance sources and do not load the monitored system, external
impedance buffering amplifiers are not required. When a signal is sampled, the gates
complete the analog data path from the input to the programmable signal conditioning
amplifier.

The programmable signal conditioning amplifier consists of four (4) major elements:  The
offset generator, offset amplifier, gain amplifier, and feedback network. The offset
generator is a precision voltage source feeding a bank of precision attenuators which
provide sixteen (16) voltages with a stability of greater than 20 parts per million. The
offset generator also provides a means to select one of the sixteen voltages based on a four
(4) bit control word from the processor section. The voltage selected is subtracted from the
data signal in the offset amplifier which is a unity gain differential amplifier. The output of
the offset amplifier is connected to the input of the programmable gain amplifier. The
programmable gain amplifier, which is formed by the gain amplifier and the feedback
network amplifies or attenuates the output of the offset amplifier into a +/-2.5 volt signal
required by the analog to digital converter. The gain of the amplifier is determined by the
ratio of the input resistor and the feedback resistor. By selecting the correct feedback
resistor from the bank of resistors available, it is possible to get the required gain to have
various levels of input signals result in full-scale output codes. The operation of these
circuits is best demonstrated by analyzing the signal flow of a typical signal through the
circuit. If a signal with an anticipated range of zero to six volts is to be telemetered the
processor would command an offset of three volts from the offset generator when that
channels input gate was activated. This voltage would be subtracted from the input voltage
resulting in a signal out of the offset amplifier of +/- three volts. The processor would also
select an appropriate feedback resistor to provide an attenuation of .833 which would
result in an output from the programmable gain amplifier of +/-2.5 volts which represents
full scale to the analog to digital converter.

The binary codes to control the gains and offsets are generated by the central processor
which consists of the instruction decoder, program counters and EEPROM. The EEPROM
(Electrically Erasable Programmable Read Only Memory) is used to store all the
information on channels to be sampled, gains, offsets, and instructions. The electrically



erasable prom is essential in a High-G application as the requirement for rigid mounting of
all the components precludes the use of a UV erasable type memory which must be
mounted in a socket to allow it to be reprogrammed. The electrically erasable prom is
erased and re-programed by the application of appropriate electrical signals which may by
applied with the prom still connected to the logic circuits of the multiplexer. The electrical
access is provided through a separate 25 pin connector on the multiplexer. The instruction
decoder monitors the data from the EPROM and decodes the instruction which cause the
processor to perform a special task such as output the frame synchronization word or alter
the sequence of channels to be sampled by executed a jump to subframe program. The
logic controls which location in memory is to be read and determines what action is to be
taken by the PCM system if an instruction is inserted in the memory.

Upon initial application of power, the program counter is set to zero and causes the first
word to be read from memory. The instruction decoder examines the first word to see if it
is an instruction. If an instruction is not detected, the 16 bits of information that comprise
the first word of memory are sent to the gates and to the programmable signal conditioning
amplifier. The most significant 8 bits will activate one of the input gates, thus selecting
which data input is to be sampled. The remaining 8 bits are used to select the correct offset
from the offset selecter, and the correct gain for the data to be sampled. On the next cycle
of the clock the program counter is incremented, and the process repeats itself.

When the memory contains an instruction, the instruction decoder determines if it is a
program counter reset, a sub-frame instruction, or a sub-frame pointer reset. If the
instruction is a sub-frame instruction, the logic executes a jump to the location specified by
the sub-frame pointer and reads the data from that location. This data is used to fetch and
process the next data sample. After the data is read, the sub-frame pointer is decremented
from its starting value of 111111112 to prepare it for reading the next sub-frame word. The
system control then reverts back to the program counter.

If the instruction is a main frame or sub-frame reset, the logic resets the appropriate
counter to its initial value, and the sequence repeats itself. When the instruction decoder
recognizes the sync instruction, a 24 bit barker code is inserted into the PCM bit stream.

SYSTEM DESIGN

To fully appreciate the advantages of the programmable multiplexer approach, it is
necessary to first analyze the standard approach with separate signal conditioning and a
standard fixed format PCM system. The following is a typical measurement list for a
modern guided projectile.



AUTOPILOT SIGNALS

Measurement Level Sample Rate (SPS)

+15 Battery 15Vdc 20
+5 Battery 5VdC 20
X+Y Cannard Orders 1Vdc 2 x 20
X+Y Axis Accel. 35mV 2 x 20
A/P Cage Int. Out 5Vdc 400
Gyro Precession 1.5Vdc 800
Gyro Spin 1, 2 1Vdc 400
Gyro Coil 1, 2, 3, 4 2.5Vdc 100

Fuze Signals

Measurement Level Sample Rate (SPS)

Rotor 1 Unlock 5Vdc 5
Rotor 2 Unlock 5Vdc 5
S + A Arm .5Vdc 5
Detonator Fire 5Vdc 40
Elect. Arm Sig. 60mV 5
Temp 1, 2, 3, 4 20mV 4 x 5

Seeker Signals

X Error Sig. 1Vdc 20
Y Error Sig 1Vdc 20
Demod X Pos 1Vdc 20
Demod Y Pos 1Vdc 20
X Pos Rate 2.5Vdc 40
Y Pos Rate 2.5Vdc 40
Cos 0 Rate 2.5Vdc 40
Sin 0 Rate 2.5Vdc 40
X Pres. Ord. 5Vdc 20
Y Pres. Ord. 5Vdc 20
Flight Status 10Vdc 20
Flight Ctrl 10Vdc 20



From the above list, the sampling rates may be summrized as follows.

1 Signal @ 800 SPS
3 Signals @ 400 SPS
5 Signals @ 40 SPS

17 Signals @ 20 SPS
13 Signals @ 5 SPS

In attempting to format the above data using a conventional multiplexer having only
supercom or crosstrapping capability, the system designer is restricted in the available data
rates by the requirements for even spacing dictated by sampling theory and by the
restriction that supercom groups be separated by at least three words to allow the insertion
of a standard three word Barker sync pattern. This results in a maximum of a group of
12 channels crosstrapped in a forty-eight (48) channel multiplexer therefore to accomodate
the 800 SPS channel the basic frame rate must be 66.6 frames/sec. From the basic frame
rate, the following format can be obtained.

1 x 12 Supercom 12 Channels
3 x 6 Supercom 18 Channels

35 Single 35 Channels
3 Sync.   5 Channels

Total    70 Channels

Therefore, a seventy two (72) channel multiplexer is required with a sample rate of 72 x
66.6 or 4795.2k words/sec. If the same measurement list is formatted on the programmable
multiplexer and its subframe capability is employed, the format can be optimized to match
the data more closely. The initial steps are the same and the basic sample rate is the same
but in this format the 5 sample per seconds data channels are placed in two nine channel
subframes and the twenty (20) SPS channels are placed in six three channel subframes.
When channels are placed in a subframe, the processor causes the multiplexer to sample a
different data point on each cycle of the mainframe effectively time sharing one of the
mainframe data channels among a group of low frequency data channels. The processor
also inserts a subframe counter in the mainframe for subframe synchronization. The
resulting format is:

1 x 12 Supercom 12 Channels
3 x   6 Supercom 18 Channels

3 Sync.   3 Channels
8 Subcom   8 Channels
1 Subframe Sync.   1 Channel  

Total    42 Channels



6 - 3 Channel Subframe providing 18 22.2 SPS Channels
2 - 9 Channel Subframes providing 17 7.4 SPS Channels

By utilizing the subcome feature, the frame size is reduced to 48 channels with a
corresponding decrease in the sample rate to 48 x 66.6 or 3.196 ksps or a 33% saving in
bandwidth. The programmable multiplexer was also able to eliminate 23 signal
conditioning circuits including differential amplifiers and gain stages. This results in a two-
fold savings since the amplifiers are eliminated and the supply current is also significantly
reduced. The programmable multiplexer also has benefits after the system design is
complete and the system is in use. Because of the uncertain nature of many of the
parameters measured and the difficulty in precisely predicting the performance of the
projectile during and after the launch environment it is necessary to allow for large
variations in the measurements from anticipated nominal ranges. This extended range
degrades the accuracy of the measurement if the parameter falls in the normal range since
the accuracy of the measurement is a percentage of the full dynamic range. When this
occurs, it is a simple matter to re-program the multiplexer to modify the gains and or
offsets to match the data actually measured on the first shot to provide better accuracy on
subsequent shots. The programmable multiplexer also serves as an excellent diagnostic
tool in evaluating anomalous behavior in the projectile. When it is discovered or suspected
that a section is malfunctioning the multiplexer may be reprogrammed to increase
resolution or sampling rate on the suspected area. The supply voltage could also be
monitored for possible fluctuations as either a cause or an effect of the malfunction.

CONSTRUCTION TECHNIQUE

From the above you can see that the progrannable multiplexer provides a powerful system
but to be useful in a High-G environment, the device must be small, reliable and rugged.
All of these requirements are satisfied by its thick film hybrid construction. The electronics
of the multiplexer are fabricated on 18 1" x 1" ceramic substrates. In the first step of
processing resistive and conductive patterns are printed on the substrates using inks which
consist of microscopic particles of metal mixed with fine glass particles. The substrates are
then placed in a high temperature (1700 F) furnace which fuzes the glass around the metal
and creates highly stable resistors interconnected by conductive land areas. The resistors
are then precisely trimmed to value by removing a small portion of the resistive material
which cause an increase in resistance. The next step in the fabrication process involves the
manufacture of the active devices which are to be installed on the substrate. The
semiconductor chips are placed in a ceramic carrier called a “LID” or Leadless Inverted
Device. The LID carrier is in the shape of a U with the interior surfaces gold plated. The
active devices are eutectically bonded to the bottom surface and the I/O connections of the
device are wire bonded to steps on the outer edge as shown in Figure 1. The interior of the
U is then encapsulated with a glass filled epoxy to protect the chip and bond wires from



the acceleration of the launch environment. The completed device is then tested and
installed on the substrate by reflow soldering. In the reflow soldering process a paste
solder is screen printed on the attach points between the LID device and the substrate. The
devices are then placed on the solder. When all the devices are installed the entire
substrate is heated above the melting point of the solder. As the solder melts capillary
action aligns the bottom of the LID device with the conductor areas of the substrate and a
joint is formed. The reflow process may also be used to replace defective devices. Figure 2
shows a completed substrate mounted in a module housing. The LID devices appear as
rectangles with lot codes printed on the top surface. The thick film resistors can be seen as
black squares on the bottom of the left substrate. This construction technique is used for all
devices with the exception of the memory. The memory device is not available in chip
form and must be purchased in a standard 24 pin ceramic dip package. Testing performed
at the Army Armament Research and Development Command, Dover, N.J.
(ARRADCOM) showed that the device as purchased would not withstand the shock,
therefore it was necessary to harden the device. The approach which proved most effective
involved removing the brazed on cover of the ceramic dip package and potting the internal
cavity of the package with epoxy. The devices were then temperature cycled to prove
thermal comparability between the epoxy and the device and then shocked in the air gun
facility at ARRADOM to prove that they could withstand the shock. After successfully
withstanding the shock test, the devices then have their leads removed and they are reflow
soldered onto ceramic substrates. In the final assembly step the substrates are epoxied into
modular aluminum housings. The complete unit unfolded for test purpose is shown in
Figure 3. Figure 4 shows how the unit is folded into its final configuration. Each housing
will hold two substrates and is designed with interlocking tongue and grove construction to
increase the structural integrity of the completed assembly. This is extremely important as
the substrates can withstand great forces but are extremely brittle which will result in
fractures if torsional flexing is allowed to develop across the substrate. The final protection
against the shock is foaming each module with an isocynate foam. The completed unit
which measures 2" x 1.86" is shown in Figure 5.

QUALIFICATION TESTING

Prior to acceptance for actual use the design was verified by test firings in the rail gun at
ARRADCM in Dover, NJ. The rail gun is a standard 155mm artillery piece with an
arragement of steel rails around the exit end of the barrel designed to capture the exiting
projectile and direct it into a water trough for a soft recovery. For the test firings the
multiplexer was placed in a test projectile along with a transmitter which was previously
qualified for gun launch use. The rail gun was equipped with the necessary receiving
equipment for both inbore and free-flight reception. The unit was then fired with standard
charges resulting in 15kG peak acceleration with the multiplexer mounted to receive the
shock in each of the three perpendicular axis. In reviewing the data there was no



degradation of data in any of the shots and the unit functioned successfully after being
removed from the shell. After qualification, the system containing the multiplexer as
successfully used for further evaluation and testing of the XM785 projectile both in the rail
gun and on the actual firing range. The successful completion of this program proves that a
properly designed programmable multiplexer will withstand the gun launch environment
and provide accurate reliable data for test and evaluation of sophisticated munitions. It also
gives the user complete freedom to modify his data requirements at any time in the
evaluation program without costly design changes.



FIGURE 2
THICK FILM SUBSTRATE IN HOUSING

FIGURE 3
COMPLETED MULTIPLEXER IN TEST FIXTURE



FIGURE 4
UNIT FOLDED INTO FINAL PACKAGE



Measurement of In-Bore Set-Back Pressure on Projectile
Warheads Using Hard-Wire Telemetry
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ABSTRACT

High Explosive setback has always been a matter of concern for projectile designers. In
order to set inspection criteria and establish realistic laboratory sensitivity tests, it was
desired to measure the actual setback pressure experienced by projectiles during launch.
Described in detail is a simple inexpensive hard-wire measurement system used to obtain
inbore setback pressures in a projectile filled with High Explosive. Examples of actual data
obtained are shown and an analysis of the results is briefly discussed.

INTRODUCTION

In the Army’s arsenal of weapons are many high explosive filled projectiles. These
projectiles are launched from guns with propelling charges that accelerate them to very
high levels. The setback loads experienced by the explosives are substantial and care must
to taken in the design to insure that critical levels are not exceeded. If defects are present
in the explosive, then it may become more sensitive to the loading conditions. It is
therefore necessary to set definite explosive inspection criteria to insure that the
probability of an inbore premature is no greater than one in a million. Laboratory tests
have been designed and/or proposed that supposedly measure the sensitivity of the
explosive with conditions that simulate the various launch conditions.(1-2) In the laboratory
large samples can be inexpensively tested to give a good statistical base. However no
laboratory test can exactly duplicate all the conditions found during launch.

Defects in explosive fills can be introduced at the time of loading but with proper
inspection these projectiles can be rejected. However perfectly good explosive fills can
become defective because of the vary nature of the material. For example, with cast
explosives such as TNT or composition B the coefficient of expansion is many times
greater than that of the metal projectile so that during storage a temperature cycling may
occur and produce cracks or separations that were not there at the load plant. Rough 



handling may also produce similar defects. The mechanical properties of the explosive may
also be altered by variations in the purity of the components or particle size.

Attempts have been made to model the explosive during setback.(3-4) The predictions were
found to vary widely depending on the exact mechanical properties i.e. yield strength,
coefficient of friction, and degree of bonding to the walls. Early measurements during
launch were taken using inert simulants and a direct hard wire system.(5) The results
showed a setback pressure roughly one half the hydrostatic pressure (Dgh, D = wt density,
g = acceleration in g’s, h = column heights.) While some properties of explosives such as
density, and perhaps yield strength may be duplicated with inert simulant it may still
behave quite differently than the real thing even without a chemical reaction. It was
desirable therefore to test the setback load with real explosive in a real environment. Even
more desirable was to compare the results of good fill to that with defects where a finite
probability greater than 10-6 of a premature existed. A testing program was developed to
measure the setback pressure in a 155MM M549 projectile filled with composition B. A
modest number of tests were required for each condition and always the possibility of a
blow existed. It was required to have a cheap and expendable measurement system. Also
since a premature would also destroy a very expensive weapon system an expendable gun
(ramp gun) developed at Yuma Proving Ground was used to fire the tests.

THE MEASUREMENT SYSTEM

In order to measure the explosive setback pressure it was desired to go to projectile
accelerations that occurred when the maximum propelling charge was used. A direct
hardwire system where the sensor leads go directly out the gun tube to other
instrumentation would not give results that included the peak acceleration. A method using
a single wire similar to that described by Craig(6) offered the possibility of obtaining data
for the total inbore travel.

The M549 rocket assisted projectile was chosen as the test vehicle. Since in this type
projectile the warhead is separate from the rocket motor to which the rotating band is
attached, it would allow:

a. Easier stress analysis since the loads in the projectile wall are relatively small.
b. Instrumentation to be housed in the rocket motor area.
c. No intrusion into the explosive compartment which might introduce an unknown

hazard.
d. A minimum of modifications.



The system shown in figure 1 consisted of:

1. The sensor - a diaphragm machined in the base of the warhead.
2. The electronics - a potted “hockey-puck” housed in the rocket motor.
3. Two external leads - one for power, one for signal, epoxied in a groove along the

cylindrical portion of the warhead and epoxied to the outer wall beyond the bourlett.
4. The collector cup assembly - which housed two 9-volt alkaline batteries used to

power the circuit.
5. A single bare wire that carries the signal out the gun tube -the rotating band was

used as a return.

SENSOR

Prior to loading, the projectiles were instrumented, as shown in Figure 1. The diaphragm
was nominally 1 inch (25.4mm) in diameter by 0.2 inch (5.1mm) thick. A full bridge
diaphragm strain gage was bonded to the bottom of the “hole” for the diaphragm using a
room temperature curing strain gage adhesive capable of withstanding the temperature
encountered during the loading operation. Each electronic circuit was matched to a certain
projectile. A calibration was performed by hydrostatically pressurizing each projectile with
its circuitry. Table 1 shows the results of a linear curve fit of the calibration data and the
peak-to-peak amplitude of the square wave generated by the electronic package.

TABLE 1
Calibration Data Curve Fit Results

(1 PSI = 6.89 x 103 Pa)
Sq.Wave

Proj.No. PSI/Volt P-P PSI

1 20300 10560
2 19635 10156
3 21384 11013
4 21452 11691
5 20524 10775
6 19334 10054
7 19824 10507
8 19772 10380
9 20038 10520
10 18845 9800
11 20300 10560
12 19-914 10355



CIRCUIT

The circuit, shown schematically in Figure 2, was previously tested to 15,000 g’s in a 5"
air gun with spin. When activated by a battery with voltage greater than 12 volts, but less
than 24 volts, it will produce a 1 KHz square wave with a nominal 0.5v peak-to-peak
amplitude. This square wave is accomplished by switching a calibration resistor across one
leg of the transducer circuit. This improvement over previously used circuits allows a
constant evaluation of the electronics during launch, i.e., the circuit is being calibrated
electrically every 0.5m sec. Power is supplied by two 9 volt alkaline batteries housed in
the collector cup assembly, Figure 3. The voltage regulator part of the circuit stores
enough energy to power the circuit well beyond the time from first motion to exit. Any
problem with the power or amplifiers would be exhibited by a radical change in the square
wave amplitude.

LOADING & ASSEMBLY

The H.E. loading was performed at ARRADCOM. While the same loading procedure was
followed on all ten Comp B filled projectiles, five of the warheads were prepared by
coating the inside with a silicone grease (exact composition unknown). The purpose of the
grease was to eliminate adhesion to the walls in that group. All warheads were weighed
before loading and after the fuze cavity drilling to give the weight of H.E. Table II gives
these weights as well as the total weight at time of firing.

TABLE II
Weights of M549 - Empty, Loaded, as Fired (1 lb = 4.448n)

Rnd # Empty Wt (lbs) Loaded Wt (lbs) Wt.of Fill (lb) As Fired Wt.(lbs)

(lubed)
1 39.00 55.50 16.50 94.6
2 38.70 55.40 16.70 93.4
3 38.70 55.40 16.70 94.1
4 38.80 55.40 16.60 94.0
5 39.00 55.50 16.50 94.0

(Non-Lubed)
6 39.10 55.70 16.60 94.9
7 38.90 55.50 16.60 94.4
8 39.10 55.80 16.70 95.1
9 38.90 55.60 16.70 94.8
10 38.90 55.50 16.60 94.3



After loading and assembly, the projectiles were x-rayed in two orthogonal planes and
examined. No significant defects were observed in any of the projectiles.

The final assembly of the projectiles after loading involved screwing on the rocket motor
with all wires attached. The procedure required that first the diaphragm hole be sealed off
so that an air cavity remained. In the assembly, the rocket motor was backed off a number
of turns equal to the number of threads and then connected. After the motor was torqued,
circuit functioning was checked. In two cases, the circuit failed because wires were torn
loose. If the circuit passed, the remaining volume of the rocket motor was filled with epoxy
potting through a hole just below the joint in the motor side wall. To insure that the
assembly procedure did not affect the gage and circuit sensitivity, projectiles filled with
water were fired as a functional performance check. Projectile No. 12 was fired at
ARRADCOM, and No. 11 was fired at Yuma Proving Ground (YPG). Both showed a
setback pressure equal to Dgh within the measurement error.

In general, the signal is transmitted up a single (#22 millistrand 60/40 tinned copper) bare
wire which is pulled taut in the center of the tube from the collector cup to the muzzle. The
gun tube is used as a signal return. This signal, along with the output from pressure gages,
timing signals, etc., are recorded on FM-Analog tape in an instrumentation van or bunker
several hundred feet away. It is therefore, essential to have only the gun tube as common
(electrically) or a serious noise problem from ground loops will occur.

At YPG, isolation generators were used to power all circuits, after projectile 11 was fired.
At ARRADCOM, the instrumentation could not be isolated, and some small ground loop
noise was present. Other noise is introduced in the signal when the collector cup wire
breaks and then remakes. Experience has shown that breaks usually occur when the speed
exceeds 1000 ft/sec (305 m/sec). Therefore, the break/make action happens very rapidly
and will exhibit itself as high amplitude, short duration spikes on the data. Since the signal
wire is on the outside of the warhead, it is possible, if the circumstances are right, that the
wire could be either cut or shorted to ground. This is usually fatal to the operation and the
signal will cease.

INSTRUMENTATION & DATA ANALYSIS

The instrumentation at YPG consisted of the following channels:

a. Setback pressure signal
b. Breech pressure
c. Forward chamber pressure
d. Differential pressure



e. IRIG B timing signal
f. Firing pulse (time t = 0)

The signals were recorded on a wide-band Group I instrumentation tape recorder at 60 ips
( 40 KHz frequency response). Since the analog tape was to be digitized in YPG’s
Ballistic Trailer electrical calibrations prior to the test were recorded in their required
format. For the setback pressure signal, a special procedure had to developed. The self
calibrating square wave could not be read by the digital program.

To overcome this, the setback channel was amplified so that the top of the wave was at
zero volts and the bottom at -1.0 volts, and a dc step calibration was manually inserted on
the tape during the calibration cycle (typically 10 sec before the firing pulse). A one volt
signal was set equal to 10,000 Psi (68.9 M Pa) in all tests.

After digitizing, the data was plotted in a format that would allow a relatively easy analysis
by hand. An example of a data set for Tube Rnd 1053 (test rnd #10) is shown in Figures
4-6. The first step in the data analysis is to reconstruct the chopped setback signal to give a
“continuous curve”. This is done by adding a value equal to the peak-to-peak amplitude to
the lowest portion of the signal every other 1/2 m sec. Graphically, this is done by
overlaying a copy of the same data curve but translating it one square wave amplitude
along the vertical axis and then tracing in the missing portions of the curve. Figure 7 shows
the result plotted along with the chamber pressure. The next step is to relate either
chamber or breech pressure to the acceleration of the projectile. A review of the data
showed some difficulties associated with the forward chamber pressure gage, therefore,
the breech pressure was used. The acceleration is given by:

Where base pressure at peak can be approximated by:

In reality, the forward chamber gage exactly measures the base pressure for the first inch
or so of travel because it is located very near the position where the base is seated. If the
two traces are superimposed (or the Diff. pressure curves examined), it can be seen that
there is a point where the two curves just begin to depart. Therefore, a modified base
pressure approximation was used, i.e., base pressure equals breech pressure until 25% of
peak pressure is reached, from 25% to 100% of peak pressure it follows a linear relation
so that at full pressure the previous approximation is reached. The new base pressure
relationship is shown in Figure 8. The other factor affecting the acceleration is resistance



pressure - an effective pressure that accounts for friction. In high zone firings and worn
tubes, this effective pressure is considered to be relatively low. In reality, the resistance is
the greatest in the first few inches of travel and then falls off to a relatively constant value.
Here the effective resistance pressure was chosen to be 2000 PSI (13.78 MPa).

In order to certify the veracity of the data collected for the H.E. projectiles, the water filled
test Rnd 12 fired at ARRADCOM was analyzed in detail. Figure 9 shows a copy of the
raw data as recorded. The upper trace is the setback pressure signal and the lower trace
the breech pressure. Figure 10 shows a plot of the setback pressure vs. breech pressure.
The plot and straight line fit were obtained from a H.P. 85 linear regression curve fit
routine. Figure 11 shows the plot of both Dgh and setback pressure vs. g’s using the
approximation method previously explained. The slope of Dgh is 0.648 PSI/G (4.46 K
Pa/G), while the measured response was 0.695 PSI/G ( 4.79 K Pa/G). The two values are
within 7% of each other. Referring again to Figure 9, one can see that the signal line width
is about 10% of the square wave amplitude Therefore, the measured result and the
theoretical prediction are within the mesurement uncertainty.

In all, 10 H.E. filled rounds were fired at YPG. Data from two test rounds were lost,
caused by human error. Each of the remaining rounds was analyzed in the same manner as
the water filled test Rnd # 12. Data representative of the remaining tests are shown in
figures 12 and 13. Figure 14 shows the combined plot of the setback pressure vs. g’s for
the lubed and non-lubed groups. Table III gives a listing of the individual slopes measured.

TABLE III
Setback vs. Acceleration Slope

Test Rnd Tube Rnd Slope PSI/G’s(KPa/G) Comment

10 1053 .208 (1.43)
9 1054 .182 (1.25)
8 1055 .147(1.01) Non-Lubed
7 1056 Lost
6 1057 .105(.72)

.160(1.10) Slope of all measured points
5 1058 .176(1.21)
4 1059 .334(2.30)
3 1060 Lost Lubed
2 1061 .090(.62)
1 1062 .142(.98)

.226(1.56) Slope of all measured points



Rather than take the average of the 4 slopes, the slope using all the points in each group
was calculated. It can be observed that each individual test follows a linear relationship
with acceleration to the max of 10,000 G’s. Looking at the two plots of all the points in the
group, it can be seen that there is a slight but not significant difference between the lubed
and non-lubed groups. Each group of 4 tests has one test that is different from the rest.
Eliminating each outlier would make the results look more consistent. It is, however, felt
that the differences observed are real differences associated with the individuality of the
fill in each projectile. In most cases, the measured setback pressure around 10,000 g’s did
not exceed 2500 PSI (17.2 M Pa). In only one case (Tube Rnd 1059) did the setback
pressure reach 3500 PSI (24.1 M Pa).

In similar previous tests (tube rnds 1015-1020)(7) using standard Comp B with numerous
cracks and voids, much higher setback pressures were observed. The poor quality rounds
showed a higher relationship with acceleration .35 to .70 psi/g (2.41 to 4.8 K Pa/G), and a
change of slope at measured setback pressures above 8500 PSI (58.6 M Pa). The behavior
of the “poor quality” group indicates that the tighter, more densly packed the fill, the more
it behaves as an elastic solid supported by the side walls, as well as the base. Theoretical
predictions by S. Sadik show that setback pressure increases with decreasing yield
strength and decreases with bonding to the side walls. With high quality tight fills, we have
essentially a bonded fill for which Sadik calculated a compressive axial stress of 1700 Psi
(11.7 M Pa) at 15,930 g’s. The poor quality fills could have been loose (unbonded) or
crumbly (low yield in compression) and certainly had long vertical cracks/voids that
supply stressfree surfaces in the center of the shell. All of the above will tend to increase
the setback pressure at the center of the base.

CONCLUSION

In conclusion, it can be stated that the setback pressure from a high quality (no measurable
voids or cracks) standard Composition B fill, measured at the center of the base of a M549
warhead, behaves in a linear manner with acceleration to at least 10,000 g’s. The value of
this relationship may be as low as .100 Psi/G (.689 K Pa/G) up to .300 Psi/G (2.07 K
Pa/G), depending on the exact nature of each individual fill. As the quality of the fill
decreases, higher setback pressures are observed, and the relationship with acceleration
shows changes in slope. This last series of tests can be considered as firing nearly
perfectly filled projectiles. In reality, after handling and temperature cycling, perfectly
filled projectiles may become similar to loose, crack ladened projectiles and have a
setback response approaching that obtained with poor quality fills.

In cases, such as this, where data may vary widely from test to test a substantial number of
tests must be performed using expendable telemetry. The self calibrating single channel
system used here worked well and cost less than $1000 each including all parts. The



system will reliably give inbore data to exit provided the signal lead from electronics to
collector cup is protected.
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FIG.3
COLLECTOR CUP



FIG. 4
RAW DATA PRESSURE (PSI) VS. TIME (MSEC) RND 1053.



FIG. 5
BREECH PRESSURE RND 1053



FIG. 6
CHAMBER PRESSURE RND 1053



FIG. 7
CHAMBER PRESSURE AND SETBACK OVERLAYED RND 1053.
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FIGURE 12
RAW-DATA PRESSURE (PSI) VS. TIME (MSEC) RND 1059



FIGURE 13
CHAMBER PRESSURE AND SETBACK OVERLAYED RND 1059
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ABSTRACT

An optical communications experiment between a deep space vehicle and an earth terminal
is under consideration for later in this decade. The experimental link would be incoherent
(direct detection) and would employ two-way cooperative pointing. The deep space optical
transceiver would ride piggyback on a spacecraft with an independent scientific objective.
Thus, this optical transceiver is being designed for minimum spacecraft impact —
specifically, low mass and low power. The choices of laser transmitter, coding/modulation
scheme, and pointing mechanization are discussed. A representative telemetry link budget
is presented.

INTRODUCTION

The deep space communications channel is power-limited; achievable telemetry data rates
are determined by a power link budget. Analysis shows that optical communication has the
potential for providing higher data rates over longer communication ranges than does radio
communication (1,2). The first step toward realizing this potential for the deep space
program is a flight experiment.

An optical communications experiment between a deep space vehicle and an earth terminal
is under consideration for later in this decade. A vehicle has not been determined for
carrying this experiment, but a conceptual design of the link has been completed. The
Mount Palomar 5-meter telescope is a suitable receiver. The experiment would be
operated only in good weather.



LASER TRANSMITTER

The region in the electromagnetic spectrum known as “optical” spans about three orders of
magnitude of wavelengths, roughly from 0.1 µm (ultraviolet) to 100 µm (far infrared).
When selecting the appropriate wavelength to use for a deep space communications
system, one is bound by three basic constraints. First, the wavelength selected must be one
for which practical emitters can be obtained. Since lasers are the only devices currently
known to have sufficient brightness, this constraint means that selection of the wavelength
should be based on the availability of lasers at those wavelengths which have the desired
characteristics for space. Second, the wavelength selected must also be one for which
good optical detectors are available. Finally, the wavelength must be selected sufficiently
short so that the size and mass penalties for the transmitting end optics are not too great.

Although other wavelengths could be selected, the 0.53 µm appears to be the best
compromise when using the technology that is available today. In this region all of the
above requirements seem to be adequately satisfied. Frequency doubled Nd:YAG lasers
are readily available and can supply the peak and average power required. (As discussed
in subsequent sections, 1 watt average and a 1/256 duty cycle is a typical example.) The
disadvantage of this type of laser is its rather low efficiency (.1%), but it might be
improved by using laser diode arrays instead of flashlamps as the pumping source (3).
Light sources based on coherent semiconductor laser arrays are potentially superior to
Nd:YAG lasers, mainly because they combine small size and mass with high efficiency
and reliability (4), but at the present time they are not as technologically mature. Because
of the low duty cycle operation and the relatively high pulse rate (.1 Mpps), modulation of
the Nd:YAG laser will have to be accomplished via methods such as cavity dumping or
mode-locking. Efficient detectors can be used in the 0.53 µm wavelength region:  either
high gain (~106 ) photomultiplier tubes with quantum efficiencies exceeding 30% or low-
gain (~102 ) silicon avalanche photodiodes with quantum efficiencies exceeding 70%.
Finally, 0.53 µm is a sufficiently short wavelength so that the optical transmitting
components are manageable. For example, a 1 µrad transmitted beamwidth can be
achieved with an aperture of less than one meter. Given these characteristics, the Nd:YAG
laser appears to be the most practical alternative as a light source for the near term optical
experiment.

MODULATION AND CODING

The advantages of pulsed laser signaling in digital optical communications have been well
documented. The use of narrow, highly-peaked optical pulses allows maximum noise
immunity during decoding. When the pulses are generated at a constrained pulse repetition
frequency, information rates can only be improved by increasing the number of data bits
carried by each pulse. The simplest procedure is to use pulse position modulation (PPM),



in which the laser pulse is shifted into one of M possible slot locations during each
repetition period. This is equivalent to transmitting an M-ary data symbol in each frame, or
equivalently, encoding log2 M bits in each laser pulse. Photodetecting the optical field at
the receiver and detecting the slot containing the pulse then decodes the PPM symbol.
Symbol and bit error probabilities for optical PPM links have been computed and have
been shown to depend on the laser pulse count (normalized pulse energy) and the amount
of background noise counts occurring in a time slot.

If the detected laser pulse count is too low to produce an acceptable symbol error
probability, the PPM frames must be further encoded. This is done by first encoding the
data bits into channel words using a suitable error-correcting code, then encoding the
words over multiple PPM frames. Decoding is achieved by detecting which specific PPM
symbol sequence is being received for each transmitted channel word. In soft decisioning,
the slot counts over the entire word time are collected and combined according to each
possible sequence pulse pattern. In hard decisioning, each PPM frame is first decoded, and
the decoded symbol sequence is used to identify each transmitted word. Soft decisioning
produces the better performance but requires complex decoding memory. Hard decisioning
uses standard decoding hardware and allows erasures to be generated and corrected by the
block decoding formats, producing significant improvement over basic uncoded
procedures.

It has been suggested that the class of Reed-Solomon codes are suitable for the photon-
counting channel (5). A Reed-Solomon (255,223) code is considered here. Figure 1 shows
the results of a study of the bit error rate for coded PPM using a Reed-Solomon (255,223)
block code and hard decisioning on a channel with 23 dB background photons per bit and
with M equal to 256 (6).

ACQUISITION, TRACKING, AND POINTING

Pointing the downlink (i.e., the spacecraft-to-earth link) laser beam is a challenge since the
3-dB beamwidth is about 3 µrad. The pointing is accomplished with the aid of an
earthbased beacon laser which illuminates the spacecraft. If there were no relative
transverse motion between spacecraft and earth terminal, then the downlink beam could be
simply returned along the line of the uplink beacon; thus accomplishing closed-loop
control of the transmitter pointing. However, the relative transverse motion between
spacecraft and earth terminal is usually large enough that the finite propagation velocity of
light must be taken into account through “point-ahead.” The point-ahead angle is typically
several times the transmit beamwidth. The pointing relative to the beacon line-of-sight is
an open-loop process and is sensitive to spacecraft attitude knowledge errors. It is for this
reason that a spacecraft offering a benign attitude environment — such as that provided by 



a three-axis stabilized momentum-controlled spacecraft — is to be preferred in selecting
candidate hosts for the experiment.

Acquisition is easy for this link because the earth terminal has at its disposal all the precise
navigational information normally obtained in the tracking of deep space vehicles. The
earth terminal shines its beacon at the spacecraft. Hence, only a “one-ended” acquisition
task remains. The spacecraft knows approximately where to find earth. The beacon field
arriving at the spacecraft is received through a wide field-of-view telescope and focused
onto a detector array, providing the information required to consummate acquisition.

The pointing of the experiment transceiver — the biggest part of which is done closed-
loop; a smaller part, the point-ahead, is open-loop — is performed by two cooperating
subsystems. The outer of these two subsystems, which performs the coarse pointing,
amounts to a gimbal for the experiment transceiver package. The gimbal is driven by two
orthogonal actuators. The actuators are micro-stepped motor driven harmonic gear trains
with a one-step resolution of 5 µrad. The fine pointing subsystem is a network of mirrors
and detectors driven by electromechanical controls.

Figure 2 shows the experiment transceiver. The relationships between the various
subsystems are depicted in Figure 2.

LINK ANALYSIS

A representative telemetry link budget for a deep space optical communications
experiment between a hypothetical Venus-encountering spacecraft and an earth terminal
(Mount Palomar) is given in Table I. The telemetry data rate is 4 Mbps. This is an
unprecedented data rate for deep space communications. Indeed, the highest data rate
previously returned from the vicinity of Venus via radio telemetry was 120 Kbps.

The spacecraft laser transmitter power is 1 watt at a wavelength of 0.5 µm. The
transmitting telescope has an aperture diameter of 18 cm; its obscuration ratio, the ratio of
subreflector diameter to aperture diameter, is 0.4. The obscuration reduces the effective
antenna gain (7). The communication range is 1 AU which is typical for missions to the
inner planets. The receiver is the 5-meter telescope at Mount Palomar, California. The
modution/demodulation scheme is 256-slot PPM with direct detection. The bit error rate is
10-3. The transmit pointing loss is -1 dB, based on an angular pointing error of 1 µrad
(Figure 3). A Reed-Solomon (255,223) block code is employed.



TABLE I Telemetry Link Budget

1. Transmitted Power (1 W) 30 dB-mW
2. Transmitting Antenna Gain 118 dB

(Aperture Diameter = 18 cm;
Wavelength = 0.5 µm;
Obscuration Ratio = 0.4)

3. Pointing Loss (Pointing Error = 1 µrad -1 dB
4. Space Loss (Range = I AU) -372 dB
5. Receiving Antenna Gain 150 dB

(Aperture Diameter = 5 m)
6. Atmospheric Loss -3 dB
7. Detector Efficiency -5 dB
8. Net Detected Signal -83 dB-mW
9. Data Bit Rate (4 Mbps) 66 dB-s-1

10. Detected Signal Energy Per Bit -149 dB-mJ
11. Quantum Noise, h< -154 dB-mJ
12. Signal Photons Per Bit 5 dB
13. Required Signal Photons Per Bit 3 dB

(Bit Error Rate = 10-3; M = 256;
Reed-Solomon (255,223);
Background Photons Per Bit = 23 dB)

14. Margin 2 dB

In two ways advantage was taken of the fact that this is an experimental communication
link. First, the Mount Palomar 5-meter telescope is not available for support of operational
communication links. Second, an experiment can wait for good weather before being
conducted. Thus, an atmospheric loss of only -3 dB is assumed.

The number of required signal photons per bit is determined by the assumption of
background noise limited operation (6). As indicated in Table I, the ratio of background
photons to signal photons per bit is 18 dB. This estimate is based on the worst-case
condition of a sunlit Venus filling the receiver field-of-view.

CONCLUSIONS

An optical communications experiment between a deep space vehicle and the 5-meter
telescope at Mount Palomar could return high telemetry data rates. If designed today, the
link could employ a Nd:YAG laser, PPM, and a Reed-Solomon block code.
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Figure 2   Experiment Transceiver



Figure 3   Pointing Loss



SPACE SHUTTLE INFRARED PYROMETRY
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ABSTRACT

In March of 1982 4700 temperature measurements were made of the space shuttle lower
surface during its entry from orbit. These measurements were taken in less than 7 ms from
a distance of 52 km (32 miles) by an electro-optical “pyrometric” system aboard the
NASA C141 Kuiper Infrared observatory. The total system is described briefly with the
detector amplifiers, system grounding and noise described in detail.

INTRODUCTION

Early in 1976, NASA-Ames Research Center expressed an interest in the Infrared Imagery
of heated surfaces such as the Space Shuttle during entry. Such a system was designed and
built for NASA Ames by Martin Marietta in 1978 and 1979. It was delivered to NASA for
installation aboard the Kuiper C141 airborne Infrared Observatory in early 1980, The heart
of the optical system is the F/17 91.5 Cm reflecting telescope which was inertially
stabilized during the shuttle passage through its field of view. See Figure 1. The heart of
the detector system is 600 indium antimonide sensors in two linear arrays. The
measurements referred to were produced by 2/3 of the shuttle image passing at right angles
over approximately 68 of the detectors in one of the linear arrays. The system functioned
as a “push broom camera”. Each time the shuttle had moved about a foot, the output
current of each detector had been amplified to a high level signal, sampled, converted to a
12 bit number and stored in electronic memory. One significant feature of the system is
that all key electronic hardware is off-the-shelf. Two hundred Burr Brown 3554 wide band
operational amplifiers were used with 7 1/2 meg ohm feedback resistors for the first stage
current amplifiers. These were packaged in a conventional manner on forty PC boards.
Twenty Datel analog-to-digital conversion data system modules were used to provide the
required throughput of 4,000,000 samples per second (48 megabits/second). The system
noise level on a typical channel is two counts out of the 4099 counts that represents full
scale. The system design measurements range was 600E K to 1700E K. The nominal
detector current at these two temperatures was .27 nanoamperes and 300 nanoamperes



respectively. The two count noise floor represented about .16 nanoamperes of detector
current.

OVERALL SYSTEM DESCRIPTION

Figure 2 is a block diagram of the system. The 600 detectors in two linear arrays are
grouped into 200 subsets of three detectors each. This is possible because the shuttle
image is not large enough to fall on more than one detector in each subset. Each subset has
its own image plane amplifer channel. Each of the 200 amplifier channels is assigned to
one of ten multiplexer gates in one of 20 analog to digital conversion modules. Each
conversion module provides 20,000 sps on each channel. Conversion is to 12 bits. A 60 bit
wide buss transfers the data to a one million bit memory. The data also drives a 12 bit
adder and is summed to generate a data save function. Front panel switches on the
electronics rack are provided which allow the data save criteria to be set into the logic.
When the leading edge of the shuttle image crosses the first row of detectors, the large
signal increase causes the output of the adder to exceed the data save criteria and a data
save function is generated. The system, which has been writing memory continuously, will
then write only enough additional word locations to guarantee the storage of the complete
shuttle image. After which the system will begin to write into a second block of memory
continuously and repeat the data save process when the shuttle image arrives at the second
linear array.

In addition to the 20 data system modules and the memory, the electronics rack also
contains all power supplies, a precision voltage calibrator, all manual controls and
displays, a DVM, oscilloscope, 9 cards of logic and one servo amplifier board.

A key feature of the system is the calibration mode. Just prior to a data take, all channels
are calibrated end to end by the injection of current into each image plane amplifier. A
multistep calibration is performed and the data written into memory for use in data
reduction. The logic also provides an interface with one of the existing aircraft mini-
computers. Both calibration data and shuttle data are transferred to that system for
recording.

During the data take mode the servo amplifier drives the small tracking telescope in one
degree of freedom. The image in the tracking telescope is modulated by a rotating reticle
such that position information of the approaching shuttle, relative to the aircraft, can be
extracted from the resulting detector signal and provided to the computer to generate all
required servo signals for driving the tracking telescope and the main telescope.
Approximately 25 seconds is available to move the large telescope up to ±2 degrees in
elevation and have the shuttle pass through its field of view.



THE MEASUREMENT TRANSFER FUNCTION

An analogous way to look at this infared pyrometric temperature measuring system is to
compare it to a normal telemetry system. The thermal energy in the surface tiles of the
shuttle is the source of the carrier power, quantum processes at the atomic level generate
the carrier frequencies and the tile surfaces are the radiating antennas. This is commonly
known as black body radiation. As the tile temperature increases, both the center
frequency and amplitude of this broadband radiation increases but both of these effects are
accounted for in the calibration of the receiving system. Because of the band limiting filter
in the receiving system (2.0 to 2.6 microns), the telemetry signal can be thought of as
amplitude modulated roughly as a 5th power of temperature at a center frequency of
130,000 GigaHz (wavelength of 2.3 microns). The antenna pattern from a given increment
of shuttle radiating surface is essentially a hemisphere so only a single calibration curve is
required to relate shuttle surface temperature to digital counts for each channel. The
receiving antenna for the signal is the 91.5 cm mirror in the aircraft mounted telescope. It
and its secondary constitute a parabolic reflector. In the focal plane of the telescope are
600 individual receiving elements. Each is an indium antimonide diode detector which
converts the received IR photons into electrical current. The received signal strength is
independent of range because as the range increases and signal strength decreases as a
function of the square of the range, the radiating area of the shuttle surface seen by a given
detector increases as a square of the range. The two effects cancel. With the shuttle
surface at 1700KE approximately .5 microwatt of IR energy falls on each one twentieth of
a millimeter square detector. That energy is converted into .33 microamps of current. The
first transresistance operational amplifier pulls the detector current through a 7.5 megohm
feedback resistor generating -2.5 volts. A second operational amplifier provides a gain of 4
and bandlimits the system to about 30 KHz. The resulting -5 to +5 volt signal is then
carried through about 20 feet of twisted shielded pair to its assigned channel in the data
system. There it is sampled and converted to twelve bit numbers and stored in memory.
This describes the analog measurement function end to end. The nonlinear nature of the
measurement is shown in the typical laboratory calibration data in Table 1.

IMAGE PLANE TRANSRESISTANCE AMPLIFIER

Figure 2 is the schematic for a single image plane amplifier. The detector is used in the
zero voltage mode. It is a single ended current source working against system ground. The
3554 operational amplifier has its positive lead referenced to this same ground. The
detector substrate ground, being common to the 600 detectors, essentially dictated a single
ended system from the detectors to the AID converters.

The greatest single risk in the electronics system design was the decision to package
conventional parts on PC boards and produce a physically large image plane package. The



concerns were the large amount of input capacitance of each amplifier, the distribution of a
single ground reference to 40 PC boards and the effects of conducted noise. Several
amplifiers were tested for this critical application and the Burr Brown 3554 was selected
because of its ability to maintain low output noise with high input capacitance and its slew
rate and rapid settling time in response to the steep current ramp function produced when
the shuttle image leading edge moves across a detector. Figure 5 is test data from early in
the program. The amplifier test circuitry was about the same except the feedback resistor
around the 3554 operational amplifier was only 1.98 megohms. In the final design this was
7.5 megohms. The IR pulse was generated by chopping an IR beam with a rapidly rotating
toothed disk. The data was taken at 10 times the normal sample rate to characterize the
overshoot and settling time. Some of the 3554 characteristics are: open loop gain 100,000,
gain bandwidth product 225 to 1700 MHz, settling time to .01% = .2 micro sec., and a
slew rate of 1200 v/micro sec. In addition the total channel noise output in the test circuit
was only 1.8 mv peak to peak with 39 picofarads of input capacitance. It was much higher
with the other amplifiers tested. This provided confidence that conventional packaging
could be used and that three detectors and 20 inches of unshielded lead wire could be
tolerated in the final design.

AMPLIFIER PC BOARD

Figure 4 shows the layout of the key parts on the PC board. It is a four layer board with
circuitry on the component side, ±15 volt power on the two internal layers and a full
ground plane on the back. Five channels of detector current are brought in on one end of
the board and all other functions are brought in on the opposite end. The power planes end
at the input amplifiers so that the sensitive input signal circuitry stray capacitances see only
the ground plane in their own board and the ground plan in the adjacent board. The only
components on the sensitive end of the board are the 7.5 meg ohm feedback resistor, the
calibration resistor of the same size and the 15 picofarad trim capacitor. The board also
contains a maximum of decoupling capacitance.

GROUNDING AND NOISE

In the design phase a conventional method of system grounding could not be conceived
because of the constraints imposed by the single ended nature of the image plane
detectors, the image plane amplifiers and the data conversion modules. The lack of
differential balanced signals anywhere in the design resulted in a single ground system
being common all the way from the detectors to the rack mounted logic power supplies.
The system was designed such that several configurations of grounds and shields could be
conveniently tested in the full up system configuration and the one resulting in the lowest
noise levels selected. It is interesting to note that the best to the worst grounding systems
varied by a factor of 30 in noise levels but schematically were essentially identical.



Figure 6 is a grounding schematic/pictorial. In two places the grounding is brute forced,
The base of the image plane is a 30 inch diameter 5/8 inch thick aluminum plate which
serves as a pressure barrier between the passenger cabin and the unpressurized telescope
cavity on the aircraft. This plate is electrically insulated from the aircraft structure and used
as the ground reference for the image plane amplifiers. The same heavy material is used for
the card cages which are bonded electrically to the plate. Then the 7 1/2 inch square
ground plane on the back of each of the forty PC boards is wedged tightly against the
surface of the card slots milled into the heavy plate. Two ground wires are brought from
the detector substrate for redundancy. One wires goes to the ground plane on board #1 and
the other to board #40. Signal current from all 200 amplifier channels is returned through
this massive ground network to the two ground wires and then down to the detectors. The
reason for this extreme care in the image plane grounding becomes clear when the input to
the transimpedance amplifier is examined. The amplifier has a gain of 100,000 with
20 inches of wire routed to it. Any noise or voltage gradient of 5 nanovolts from DC to
50 KHz in the signal ground plane loop creates about one count of system noise. The
second critical ground is for the 20 data system modules. The modules are mounted in
three vertical columns in a custom designed chassis. The front of the chassis is about 21"
square. To provide as low impedance ground as possible for these modules, heavy copper
buss bar (1/4 x 1 inch) is installed around the perimeter of the chassis and two more heavy
bars placed vertically between the three data module columns. All joints are silver soldered
or soldered and bolted. A short wire is run from the digital card ground in each module to
the nearest buss bar. The only problem at this point was how to cable the image plane
amplifiers to the data system modules. They are separated by 20 feet. All modules are
cabled the same. Only one will be described. Each data modules handles 10 analog
channels which originate on image plane amplifier boards. Ten twisted, shielded pairs are
used. The positive signal from each amplifier is routed to one conductor of a twisted pair
and wired to one multiplexer gate input in the data module. The ten ground wires are
bundled together and wired to the data module input ground on the analog board. Note that
this ground is tied internally to the module digital ground by the manufacturer. The other
end of the 10 ground wires are grouped into two sets of five and wired to the ground plane
of the originating board. The shields for all ten twisted pairs are bunded and tied to the
heavy data chassis buss bar ground as audio shields. The buss bar is then tied to the
electronics chassis single point ground. Obviously all electronic power supplies were also
referenced to this single point ground. Also to reduce system noise, every non-signal
function wired to the image plane went through an RF filter and then a very low pass filter
made from power resistors and large tantulum capacitors. Totally, 130,000 microfarads of
filter capacitance is used in the image plane filters. An EMI cover was also installed over
the image plane amplifiers to provide a protected electromagnetic environment.



SYSTEM NOISE LEVELS

In a normal noisy electronics laboratory most channels in this system would toggle one bit,
a few two bits. Noise levels on the aircraft are about the same.

CONCLUSION

Two hundred channels of high gain, fast response, electronics was successfully designed
and fabricated using off-the-shelf components. These electronics and the rest of the
experimental system add a powerful new capability to the Kuiper Infrared observatory.
The temperature data obtained on the referenced flight is not available for publication but
every indication is that the signal processing electronics functioned as designed during the
data take.
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FIGURE 1   IMAGE AQUISITION



FIGURE 2  ELECTRONICS BLOCK DIAGRAM



FIGURE 3   DETECTOR CURRENT AMPLIFIER SCHEMATIC



FIGURE 4   DETECTOR CURRENT AMPLIFIER BOARD



FIGURE 5   TRANSIENT TEST OF INFARED PULSE
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ABSTRACT

The advent of intelligent, target-seeking submunitions has generated the need to remotely
sense their aimpoint with respect to a target. Conventional still photography and cine
techniques cannot provide the required accuracy. This paper describes an aimpoint
measurement system consisting of an array of tracking video sensors. The derivation of
submunition aimpoint from the tracking geometry and projectile attitude will be described.
Error mechanisms within the tracking and image processing systems will be identified and
their combined influence on system accuracy will he assessed.

INTRODUCTION

Improvements in miniature target seeker technology have fostered the development of
various artillery-delivered intelligent submunition systems. One such system is dispensed
from an artillery shell over potential targets and, supported by a parachute, descends to the
ground. It scans the area for a target in an organized fashion. When a valid target is
encountered, the warhead is fired at that target. In order to assess the performance of the
submunition during testing, it is essential to be able to accurately measure where the
submunition is aimed when it fires, and, if possible, before.

Various schemes have been proposed, including still and cine photographic techniques and
others which require on-board instrumentation and/or large arrays of equipment placed on
the ground in the target arena. This paper describes a system that remotely measures the
submunition aimpoint using an array of video tracking sensors.

SYSTEM CONSIDERATIONS

It was desirable to develop a system that operates external to and independent of the
submunition. This allows the system to be used repeatedly, thus lowering the



instrumentation cost. Further, the flight dynamics of the submunition will not be disturbed
by an additional payload of measurement system circuitry. It allows use on full production
submunitions for stockpile reliability testing. Also, the system can easily be used on other
projectiles or submunitions.

It was decided that the system should be completely passive and not emit any radiation
while tracking the submunition (i.e. radar, laser tracker, etc). This would allow use with
submunitions employing any type of seeker, since the measurement system would emit no
radiation to interfere with the submunition’s sensors. These considerations led to the use of
an imaging sensor using ambient light.

SYSTEM CONFIGURATION

The Aimpoint System consists of a triad of tracking video sensors situated on an
equilateral triangle within which a target arena is placed. A video processor and tracking
system is associated with each sensor to control its tracking platform and to derive
submunition attitude information from the video image. The tracking platform orientation
information and projectile attitude information from each sensor are sent to a central
processing system which computes the submunition space position, the submunition
attitude, and its aimpoint on the ground.

AIMPOINT DETERMINATION

The space position of the submunition is calculated using the azimuth and elevation
outputs from only two tracking sensors. Since three sensors are active, the pair whose
position with respect to the suhmunition yields the lowest geometric error is selected in
real-time.

Analyzing the video image presented by one of the tracking sensors yields the submunition
attitude projected on the image plane of the sensor. Figure 1 depicts the submunition as it
appears in one sensor image. The submunition is a right cylinder and it is assumed that the
determination of an aimpoint based on a line, precisely parallel with and centered between
the sides of the cylinder, can be related to the warhead aimpoint. A video processor
derives the perceived angle of the cylinder by calculating the angle of the sides of the
cylinder with respect to the frame reference.

This angle is called the declination angle of the submunition image. Again, only two
declination angles are needed to calculate the submunition aimpoint. Figure 2 shows a
typical situation. The submunition is located at position X1, Y1, Z1. The two optimally
situated sensors are located. at O, O, O and S, O, O respectively. The aimpoint on the
ground is at X, Y, O. The method used to calculate the aimpoint is to determine the



intersection of two planes, each bounded by its particular sensor location, the submunition
position and the projection of the submunition centerline onto the X-Y plane. The point on
the X-Y plane where these two planes intersect is the submunition aimpoint. As the
submunition descends above a target arena, the central processing unit uses error
minimization criteria to continually select the optimal pair of sensors for its calculation.

ERROR MECHANISMS

There are twelve degrees of freedom within the physical system. The space position and
orientation of the projectile define five degrees of freedom. (Ordinarily, six degrees of
freedom are used to define an object’s position and orientation in space, but since the
submunition is a right cylinder and its rotational or “roll” axis is unimportant to this
analysis only two degrees of freedom are used to define its orientation.) Each of the two
sensors requires three degrees of freedom: azimuth, elevation and perceived declination
angle. The twelfth degree of freedom is the distance between the sensors.

The errors associated with the measurement of azimuth and elevation are manifest
primarily in the precision of the resolvers and in the mechanical stability of the platforms.
Commerically available platforms can resolve angles to 16 or 17 bit accuracy. The
distance between sensors can be measured to an accuracy approaching several parts per
million (17 or 18 bit resolution).

Several error mechanisms affect the measurement of the perceived declination angle of the
submunition at the imaging sensor. The resolving power of the optics and imaging device,
atmospheric transmission effects, and the ambient light level determine the ability of the
video processor to identify the submunition edges and precisely compute their angle and
position. Electronic noise mechanisms also affect this measurement. The conversion of the
image to an electronic signal generates quantum noise. The imaging device generates dark
current noise, and the processing circuitry generates quantum and thermal noise.

In analyzing the magnitude of the perceived declination angular error in the imaging
process alone it was decided to consider three variables: video bandwidth, video signal-to-
noise ratio, and image size within the video frame. All of the imaging error mechanisms
manifest themselves by causing an effect in the first two parameters. A three-dimensional
polynomial correction for static optical and imaging aberrations is assumed.

The imaging error sources were quantized and ranges of expected variations were
established. A separate Monte Carlo evaluation of the peak disturbance of normal
amplitude distributed random noise on the angle calculation process was performed to
develop a simplified mathematical model. Thus the overall imaging error analysis was
performed using four degrees of freedom, and with no random variables. The results were



presented as peak angular error vs. actual declination angle for various ranges of signal-to-
noise ratios, video bandwidths and image sizes. A representative group of plots are shown
in Figure 3. The imaging error analysis established the bounds for the error in declination
angle. These bounds were used in the final error analysis to establish the radial error in
submunition aimpoint.

Performaing a Monte Carlo analysis on the overall error assessment would have been time
consuming and costly, considering the number of degrees of freedom. A preliminary
iterative single-degree of freedeom analysis was performed, varying one parameter at a
time within specific limits and evaluating the sensitivity of radial aimpoint error. The
individual measurement limits were established from operational accuracies of the
proposed hardware and from the video angular error assessment.

Several conclusions were drawn from this analysis. It was found that errors in the distance
between the sensors had several orders of magnitude less effect than any other error input.
Thus, this decree of freedom was eliminated from the final multi-variable analysis. The
aimpoint error proved to change linearly with each small measurement error input imposed
on the system. It was found that the submunition space position and aimpoint errors
increased monotonically with increasing altitude. As the projectile attitude was varied, it
was observed that a particular orientation produced maximum errors in aimpoint under all
conditions. Thus, the number of degrees of freedom in the multi variable analysis and
therefore, its complexity were reduced.

A two-step multi variable analysis was performed. First, the conditions that caused the
worst case errors were determined; second, an oblique view of the solid object
representing the radial aimpoint error magnitude and the position radial error magnitude as
a function of the submunition X and Y position at the maximum operational altitude was
produced. The multi variable analysis assumed that each input (azimuth, elevation and
perceived declination for each sensor) was in error and a binary sequence of combinations
of positive and negative error combinations was initiated. The sixty-four combinations
were scanned in X and Y to determine the location of the worst case space position and
aimpoint errors. This allowed the optimal sensor placment to be determined, maintaining
the required measurement accuracies throughout the operational arena around the target.
Also determined was the best size and shape of the arena within the sensor triad.

Figure 4 shows a typical aimpoint radial error map. Distances are normalized to unit sensor
separation. To clarify the error contour shape, the two sensors are placed at the origin and
on the Y axis, respectively. In Figure 5, a representative radial space position error map of
the submunition is shown.



CONCLUSIONS

A complex optical tracking system using scanned imaging sensors was analyzed with the
purpose of performing a heretofore difficult measurement on an intelligent submunition.
The many error mechanisms that could potentially compromise this system’s accuracy
were identified and quantized. A system of equations defining the operation of the
measurement were developed. Several techniques were used to reduce the complexity and
computation time of the final error analysis:  First, a mathematical model of the peak error
due to noise in the imagine system was developed; second, a sequential, single variable
analysis was performed to evaluate the error magnitude and sensitivity of each error
variable within the system; third, a much-simpiified, normalized, multivariable error
analysis was performed; finally, the errors and distances were scaled to actual operational
magnitudes and a practical target arena was generated.

It was found that the required aimpoint accuracy could be acheived using high-qualtiy
commercially available optics, imaging sensors and tracking platforms. A custom-designed
image processor, tracking processor and central processor will be used to perform the task.



FIGURE 1

Sensor View of Submunition



 FIGURE 2

Typical Submunition Situation
Showing
Relationship Between the Sensors, the
Submunition and its Aimpoint on the
XY Plane.



FIGURE 3

Peak Imaging Error Vs. Perceived Declination Angle
For Several Signal-To-Noise Ratios



FIGURE 4

Submunition Aimpoint Radial Error Map



 FIGURE 5

Submunition Position Radial Error Map
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ABSTRACT

There is an ever-increasing need for intelligent sub-systems onboard airborne and ground
vehicles. With this intelligence comes asynchronous bus communications under the control
of various industry standards and specifications. As a result, two telecommunications
needs have developed; from a telemetering viewpoint, that of acquiring data from the
various intelligent sources and time-division multiplexing that data with classic analog
instrumentation, and, from an intravehicle communications viewpoint, that of providing a
means for transfer of information between two dissimilar sub-systems. A systematic
breakdown of the necessary elements to link, synchronize, sort, interpret, store, merge and
control such data is examined.

Proven approaches to handling data from both standard (ARINC, MIL-STD-1553,
IEEE-488, etc.) and specialized subsystems is overviewed from an instrumentation
perspective.

INTRODUCTION

The electronic intelligence provided by today’s advanced technologies is a welcomed and
necessary step in achieving the growth demanded by the evolution of vehicle requirements.
As various electronic subsystems become more intelligent, the need for higher speed, more
complex, intrasystem communication becomes more evident. Based on system and
subsystem parameters, equipment designers have developed communications protocols for
this interactive transfer of data between subsystem components. Such protocols are
selected based upon parameters such as volume of data transferred, operational speed of
the subsystems, number of subsystem equipments involved, etcetera. To simplify the
designers task, monitoring organizations such as ARINC, IEEE, EIA, CCITT and the
military have all developed “standards” which well define the rules whereby the
communications process will take place. Regretfully, each of these standards are unique to



themselves, as they have each been designed for specific requirements and/or applications.
To further complicate the issue, numerous non-standard protocols exist, being designed for
custom interface with very specific operational equipment.

As a result of all this evolution, we have been exposed to two requirements which will be
discussed herein. First, the monitoring of the communicated data for telemetric, data
gathering and, second, the requirement for transfer of information between subsystem
equipments that do not have compatible communications protocols.

THE TELEMETRY PROBLEM

Digital telemetry transmission is governed by IRIG Standard 106-80. The format, i.e.,
word and frame structure, is well defined by this standard and, as one would predict, is not
compatible with the above mentioned protocols. Additionally, the rates of data transfer are
not only unequal, but are also generally non-synchronous.

To provide for transfer of information from the communications bus into the telemetry
network, requires a multi-functioned interface. This interface must first handle the
input/output protocol (sometimes handled by available chip sets), read and/or respond to
addressing and subaddressing, acquire and store the data intended for telemetry
transmission and, then, output the data to the telemetry system in a format compatible with
the PCM system. Although dedicated hardware can be designed to perform these
functions, it is often times advantageous to accomplish these tasks using general hardware
interfaces under control of a microprocessor.

The addition of a microprocessor provides a secondary capability, that of data processing
beyond simple I/O reformatting. We have now developed a terminal capable of
interpretation, selective data transfer and data compression.

THE INTRACOMMUNICATIONS PROBLEM

As an extension of that addressed above, a similar microprocessor controlled device can
provide interactive data transfer between two or more communications busses. Typical of
such a situation would involve an airborne vehicle with a 1553 bus. How could one
interface a small computer with only RS-232 I/O capability? How would one communicate
with ruggedized commercial test equipment designed only to converse via an IEEE-488
bus? Because of the speed and intelligence required by these interfaces, a microprocessor
controlled translator is required to interface both busses and provide the interaction
necessary to intelligently converse from original sender to ultimate receiver.



THE INTERFACES

The repertoire of interfaces available to the systems designer are depicted in Table I. The
MIL-STD-1553 and IEEE-488 both provide moderately high speed data transfers and are
well defined (yet flexible) interfaces. ARINC and EIA RS-232/422 serial interfaces are
very mature and their speed is considerably slower than 1553 or 488. Non-standard
interfaces may be found on specific applications such as computers for guidance or flight
control.

MIL-STD-1553B is a I MBPS serial command/response bus which has become a standard
for high performance military aircraft. A bus controller initiates all transactions (messages)
by issuing commands to remote terminals. Well defined message formats and extensive
use of status words provide a highly reliabile link, ideal for avionics or stores management.
The standard defines the monitor function as a receive only, information extraction device.
The monitor serves as a transparent “wire tap” on the bus to allow the bus controller to
perform its real time tasks unencumbered by the data acquisition needs.

IEEE-488 is a parallel bus traditionally used for lab instrument communication. As with
1553, it utilizes a central bus controller which commands all message transactions. The
eight-bit data bus is supported by a reliable, three-wire handshake and five management
lines to allow remote/local control, switchover and service request interupts. The transfer
rate is not fixed, but rather adapts to the needs of each remote unit. While typically much
slower than the 1553, selected interfaces do provide rates greater than 1553 in limited
applications. Major MPU manufactures are offering interface chips with military
temperature ranges. As a result, the IEEE-488 bus is finding airborne applications due to
its low cost.

Both ARINC and EIA serial interfaces may be found in military aircraft. The ARINC
serial bus is a broadcast only interface with each transmitter maintaining its own bus.
Embedded in each 32-bit word is an eight-bit label which defines the data content. EIA
RS-232 and RS-422, while very mature and relatively slow, still provide reliable linking
between computers and peripherals. It remains the most common interface between
manned terminals and computers.

Non-Standard interfaces are typically found on specific applications where guidance of
flight control computers cannot afford (technically or financially) the impact of supporting
the high speed bus controller overhead (hardware and software) needed by 1553 or 488.



THE HARDWARE SOLUTIONS

In response to the need for interface hardware, component manufacturers have developed
“chip sets” for each of the standard busses. Each chip set approximates the functions
found in the classical UART (Universal Asynchronous Receiver-Transmitter). Linking to
1553 requires transformer coupling, a 1553 transceiver and a 1553 encoder/decoder. These
devices have typically been hybrid modules. Since most 1553 applications also require
redundant interfaces, both cost and part count are relatively high. Recent introductions of
LSI devices should lower both cost and part count.

Linking to IEEE-488 typically requires two octal transceivers and an interface chip. Most
MPU manufacturers offer interface chips which directly interconnect with their MPU
products. Exclusive of software development costs, an entire intelligent 488 interface is
less costly than a 1553 interface.

ARINC interfacing is via a single chip containing both transmitter and receiver. Both
Harris and Western digital provide ARINC interface devices. RS232/422 interfacing is
accomplished with a UART and, optionally, a programmable rate generator for full
flexibility. Non-Standard interfaces may use either differential receivers, single ended
receivers, or simple logic buffers depending on cable length and noise considerations.

Bit and word synchronization are fully supported on the standard interface chip sets. Non-
Standard interfacing, however, requires the selection of one of three possible approaches.
The first approach involves asynchronous strobing into data buffers within a PCM
encoder. The approach requires an intensive liason between the system designer, the
encoder manufacturer, and the computer’s hardware and software designers to insure a
reliable interface. The approach may incur development costs for the encoder’s
manufacturer, but should unburden the computer development task. The second approach
involves slaving the computer interface to the PCM. Most encoders provide a standard
option which flags format time slots for digital data sampling. This eliminates the need for
data buffering within the encoder and allows virtually off-the-shelf encoders to be utilized.

A third approach, that of extracting clock signals, is a variant on the first approach
(strobing). Bit clock may be extracted from Bi-phase, data-bit encoding. Word clocks are
recoverable from a flywheel counter (synchronized by a frame strobe) or by gap times
between data words. The approach minimizes signal lines between units and the intensive
liasons required to insure a reliable interface.

Message/frame synchronization, data sorting, and data storage are best overviewed as a
set of interactive elements for each interface. Monitoring MIL-STD-1553 presents a
unique set of challenges. Bus addressing permits up to 31 terminal addresses times 30



subaddresses at rates, when merged with the classic analog instrumentation, could readily
overload a telemetry link. The intelligence of the Bus Controller to dynamically adapt to
mission needs virtually prevents a monitor design which depends on cyclic frames of data.

The concept adapted by most bus monitor manufacturers is that of a highly specialized
type of logic analyzer. Data is acquired from the bus on a message-by-message basis. A
random access “Trigger List” in PROM, checks the command word at the start of each
message and stores the selected message words in RAM. The PCM encoder may access
the RAM during any word time. The PROM also partitions the RAM so that each word of
each discernable message has its own unique RAM address. Enhancements such as the
time tagging of data and flag bits for data “staleness” and “overflow” have become
standard features of bus monitors.

The IEEE-488 bus provides an opportunity for cost sensitive projects to not only acquire
data, but also provide interactive communications between telemetry and aircraft systems.
While still a command/response bus like 1553, its informal message protocol allows
messages of any size. Controllers may dynamically adapt messages for telemetering, and
telemetry may report to the controller on selected parameters collected by the encoder.
This is all readily accomplishable since the interface chips available are designed as I/O
devices to support a product line of peripherals for or by the MPU manufacturers.

Management of multiple buffers by the MPU permits coherent messages over telemetry.
The MPU may simply output data to a second port connected to an encoder digital input.
Speeds comparable to 1553 are achievable with the addition of a DMA controller to the
processor’s architecture. The features discussed are not intended to replace MIL-STD-
1553, but to provide an opportunity to take advantage of a standard bus in cost sensitive
projects.

ARINC data acquisition provides a ready means of sorting data. Each data word (32 bits)
contains a unique eight-bit label which may be used for addressing multi-port RAM
memory during write cycles. The encoder may address the data in memory by label for
insertion into the PCM stream via a digital input port. Multiple ARINC interfaces may
share the same memory since units are specified by unique labels as to their data content.

Data from EIA Rs-232/422 interfaces may be buffered by First-In First-Out (FIFO)
memory.

Non-Standard interfaces require a careful selection of the buffering technique. Simple
FIFO buffering may be applied if the input data rate is lower than the encoder’s sampling
rate. The source should supply its own frame synchronization code, and the ground station
needs the intelligence to provide software synchronization. Should this not be practical,



then two FIFO arrays may be ping-ponged at the encoders frame rate. This requires that
the source and encoder maintain identical frame times and utilize a common clock source.

For large amounts of data, or when data is a cyclic “refresh” data, Random Access
Memory (RAM) should be used. Dual port RAM with two address generators (counters)
can emulate large FIFO arrays. The cyclic refresh also utilizes two address generators, one
slaved to the source of data and the other to the encoder. This approach is simple to
implement in cases where time correlation and message coherence is not necessary.

IMPLEMENTING THE INTELLIGENT PROCESSOR

Functionally, it would be advantageous to implement the multibus processor in a stacked,
building block concept, such that the unit could be quickly configured to suit the particular
application. This is achievable, providing the equipment is configured in blocks as
indicated in Figure 1. The basic building block set would be the MPU with its random-
accessed and read-only memories, implemented with its direct-memory-access (DMA)
controller and DMA support circuitry. One could then configure a shopping list of
interface circuits including IEEE-488, MIL-STD-1553B, RS-232, RS-422, ARINC, and so
on. Custom interface designs would be simply added to the internal processor bus as
required.

The limitation to such customization is two-fold. Each implementation, by nature of
redefinition of I/O parameters, requires new firmware. By proper structuring (modularity)
of the program, this non-recurring effort should be minimized. The second, and more
important limitation, is time. All the data transfer is achieved via the MPU or its DMA
controller. In either case, data transfer uses up “clock cycles”. Additionally, any message
initialization and termination, reading of addresses or subaddresses, interpretation of data,
etcetera, requires substantial routines which take time. Typically, messages are received
and stored (in RAM) before retransmission, often times with triple buffering to insure
message continuity. Transferring in and out of memory takes time. Each implementation or
configuration must be considered individually with a time study, to insure that under worst-
case conditions, the program is capable of keeping up with the data transfer requirements.

THE SP-900 FAMILY

The SP-900 family is one of a series of intelligent processing equipments developed by
Aydin Vector. It was specifically designed as a solution to the system problems addressed
above. The heart of the SP-900 family is a powerful Motorola 6809 microprocessor fully
integrated with its programmed ROM, high-speed RAM and dedicated DMA controller.
The DMA controller is programmed on a cycle-steal basis, so as to impact processor
operation only on an “as required” basis during data transfer.



The SP-900 is implemented as a stacked array of printed circuit boards, as shown in the
photograph in Figure 2. There are 5 boards in this particular implementation; functionally,
from top to bottom:

• IEEE-488 Interface
• Microprocessor With DMA
• PCM System Interface
• Up-Link Decoder
• Power Supply

As an advantage of the parallel-bus structure, other functional boards can be integrated to
provide a customized solution at relatively little cost. Also, various versions of similar
configurations can be supplied.

As an additional feature, the ROM program can be replaced with a small, ROM-contained,
program-load routine. In this configuration, the SP-900 RAM can be loaded from a remote
processor, tape or disk, so that the user can software-reconfigure the system parameters
before an exercise.

THE PBM-1553 PROGRAMMABLE BUS MONITOR

The Programmable Data Bus Monitor, PBM-1553, is a versatile airborne unit that provides
access to selected information from a MIL-STD-1553 data bus for input to the onboard
flight test system. The PBM-1553, pictured in Figure 3, will interface with a dual
redundant 1553 bus and operate as a monitor for data acquisitions without interference to
the vehicle data bus operation. The unit is compatible with MIL-STD-1553A, MIL-STD-
1553B and the 1553 systems implemented in the F-16, F/A-18, B-52 OAS, AV-8B, A-10
and other, modern military aircraft.



TABLE I.  PARAMETER MATRIX FOR DIGITAL DATA ACQUISITION
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ABSTRACT

Transducer excitation and conditioning has continually influenced the size, power
consumption, complexity, and weight of miniature data acquisition and multiplexing
systems. Here we examine a new approach to the excitation and conditioning of
transducers which have traditionally been formed into a wheatstone bridge configuration.
This approach has been successfully utilized in new miniature systems to reduce size,
power, and weight while not adversely effecting the function or accuracy.

Thermocouple measurements have also presented a significant conditioning problem, in
that reference junction compensation and a measurement offset temperature must be
provided for each thermocouple measurement. We show here an approach which, through
the use of a single reference junction compensation and offset amplifier, has achieved
significant improvements in the collection of temperature data.

INTRODUCTION

In telemetry applications, signal conditioning may be considered as a separate requirement
or as part of the multiplexing and transmitting system. When separate, the signal
conditioning can follow more conventional schemes which allow for the greatest flexibility
in interfacing to the circuit functions that follow. With single or multi-element resistive
transducers, the conventional conditioning circuit is voltage excitation of a wheatstone
bridge as shown in Figure 1. This circuit can also include precision resistors to complete
the bridge when the transducer has less than four elements.

When space, power, and weight do not present a problem, inclusion of signal conditioning
into the multiplexing system package can be accomplished by the use of the conventional
circuit, in the multiple required to handle the desired number of channels. A single
excitation voltage source could be used, but, if a single transducer becomes shorted, this
will cause the loss of the entire measurement block.



With the advent of miniature data multiplexing systems and the increase in the number of
measurements they can handle, the signal conditioning size, weight, and power
consumption become critical.

Integration of the signal conditioning for large numbers of transducers into a miniaturized
data acquisition system causes us to review the conventional methods and find solutions to
these problems.

MULTIPLEXED BRIDGE EXCITATION

The first thrust in reduction of signal conditioning circuitry is to reduce the number of
components by using common circuit elements for all measurements. Once the signal
conditioner becomes part of the multiplexer, the channel selection can be moved in front of
the signal conditioner amplifier as shown in Figure 2. This leaves the excitation supply as
the major point of circuit duplication. As stated before, the use of a single supply to all
active bridges can be considered at the risk of data loss on the whole block of transducers.
The next consideration would be to multiplex the excitation voltage source as shown in
Figure 3. The excitation multiplex switch can then be driven by the same digital command
lines which drive the data multiplex switch. The main problem, which beomes evident with
this method, is that the “on” resistance of the multiplex switch is high compared to the
bridge impedance and is not stable over the normal temperature range. This switch
resistance is therefore a major element in the network and makes the use of this circuit
impractical. This takes us to our next consideration.

MULTIPLEXED CURRENT EXCITATION

Constant current excitation has been used for many years in single active gage
measurements and has been recommended for new applications using transducers having
two active elements.

We can multiplex a constant current source through high resistance switches. We need
only be concerned with having voltage margin high enough to maintain control at the
constant current source. A two element transducer can then be readily accommodated as
shown in Figure 4. This figure also shows the balance circuit that would be used to adjust
the system to the individual transducer. The control will introduce a sensitivity error
depending on the value of the selected potentiometer. This error can be calibrated out by
the use of dummy elements.



ADVANTAGES OF CONSTANT CURRENT EXCITATION

Using constant current excitation, the effects of lead resistance on signal balance are
cancelled. Also, lead resistnace has no effect on transducer sensitivity since only the
change in resistance in the active elements will be measured.

The constant current excited transducer output is linear since it is responding to a change
in resistance not a change in the ratio of resistances. Since the transducer is operated from
an infinite impedance source, the output for any given change in transducer resistance will
be double that in the conventional circuit. The greatest advantage of constant current
excitation is that it allows the multiplexing of excitation to the transducer at the rate
equivalent to the channel sample rate.

THERMOCOUPLE SIGNAL CONDITIONING

The thermocouple presents another type of problem in signal conditioning. This problem
rests mainly with the need to establish an accurate reference junction within the system, so
as to accurately determine the temperature at the measuring thermocouple. Each transducer
basically is made up of two thermocouple junctions of the same type. The first is the one
formed by the two specified metals and is used as the measuring device (see Figure 7). The
second is formed when the two specified metals connect to the common system metal.
This forms the reference junction. Thermocouple tables are established based on the
difference in temperature between these two junctions when the reference junction is held
at 0E celsius or 32E fahrenheit. It is impossible to hold the reference junctions, which are
usually located in the data acquisition system, at 0E celsius when the system is installed in
an airborne vehicle exposed to a temperature range of 100E celsius or more. For singular
measurements, a cold junction compensator which consists of a calibrated bridge network
can be used. This network contains a thermister and a reference junction which are held at
a common temperautre. See Figure 8. In this configuration, the reference junction and the
thermister (see arrows) are mounted in a common assembly which is at or near the system
ambient temperature. When a large number of measurements are to be made and
multiplexed, using time division, it is not necessary to provide continuous compensation.
and it would consume valuable space to do so.

MULTIPLEXED THERMOCOUPLE COMPENSATION

The solution to the above problem is to establish a common isothermal block for the entire
system. All thermocouple wires would be terminated in this block after entering the
system. The temperature of this block would then be monitored using a semiconductor
device such as the analog devices AD 590. This device is capable of an accurate output
over the full range of temperatures to which an airborne data acquisition system might be



exposed. This device outputs 1 micro amp per degree kelvin and is accurate up to ±0.5E
celsius, depending on the type selected. The current from the device can then be readily
used to generate an offset voltage to compensate for the thermocouple error. See Figure 9.
R5 in the figure is used to minimize power dissipation in the thermal measuring device. RF

is set to provide the specific correction desired (nominally 51.8µ volts per degree celsius
for iron constatan) from amplifier U2. The negative reference, along with Ro, sets the output
to zero volts, at the desired temperature. If 0E celsius is to be the zero volt output point
then the negative reference and Ro must provide -273.16µ amps, since the AD 590
operates to the Kelvin Scale. U3 is set for inverted gain and should provide the gain
necessary to match the gain of the instrumentation amplifier U1.

HYBRIDIZATION

The approaches detailed above contribute to the generation of efficient hybrid circuits
which provide improved power budget, reduced parts count, and the necessary circuit
performance. Aydin Vector Division has incorporated these circuits into a high density,
rugged, versatile, thick film hybrid package. These packages are directly compatible with
the Aydin Vector MMP-600 and MMP-900 modular micro miniature pulse code
modulation data encoders. These models feature a broad line of telemetry encoder
capabilities.

ADVANTAGES OF MULTIPLEXED EXCITATION

Now that we have a practical method to multiplex the excitation to the transducer, we find
there are several advantages. The power consumption in the system is greatly reduced
since only one transducer will be powered at a time. This will reduce system size since the
power supply requirements will be greatly reduced. The power supply reduction will
obviously lead to a reduction in the system weight and power dissipation. The heat flow
from the system due to this dissipation will not have to be considered. Since the transducer
is only powered during the short period that a measurement is made, the transducer
measurement accuracy will be affected much less by self heating.

CALIBRATION

Calibration of the individual measurement is only a matter of knowing the current being
applied to the element. This, however, requires that the current be carefully set during
system calibration. The individual “R” cal circuit commonly found in bridge signal
conditioning would not be required but, if desired, could be used in this circuit. The gage
factor commonly used to calculate strain in a strain gage transducer measurement is not
directly applicable in this circuit, since gage resistance also becomes a factor in the
calculation.



FOUR ELEMENT BRIDGES

Although we have only addressed the use of constant current multiplexing when working
with two active element transducers, it has also been successfully used with transducers
having two passive, wired-in, bridge completion resistors. The normal configuration is
shown in Figure 5. When R3 and R4 are a multiple higher than R1 and R2, constant current
excitation can be used. These elements can then be connected in parallel as shown in
Figure 6, without a serious reduction in linear accuracy. Also note that R1 - R3 junction of
the bridge becomes the negative output. A single resistive transducer can also be
accommodated with the use of an equal resistor internal to the signal conditioner. This
completion element could also be used as the balance adjustment.

CIRCUIT USE

This circuit can be effectively applied to several types of transducers, such as the
following:

• Strain Gages
• Piezo Resistive Accelerometers
• Resistive Temperature Devices
• Potentiometers
• Resistive Pressure Transducers

The thermocouple multiplexer module will handle 16 channels of differential
measurements and is packaged in a 1.5 inch x 1.75 inch x 0.25 inch housing. The
interconnections to the module from the thermocouples is via an ITT Canno MDM series
micro connector. All thermocouples pass through an isothermal block before entering the
module as copper wire. This block is manufactured to accomodate all 16 thermocouple
pairs and occupies approximately 1 cubic inch.

The bridge conditioner modules are also configured to handle 16 channels in the same size
and type of packages. In addition to the multiplexer, the bridge conditioning requires 16
individual balance networks which require additional space of approximately 2.5 inches.
The two types of signal conditioning, when configured into a complete multiplexer, require
additional overhead circuit functions. These functions will typically require additional
space of 8 cubic inches.



CONCLUSIONS

The approaches we have presented to excitation, compensation, and conditioning of
signals has been applied to real telemetry system requirements. These applications have
shown that the listed advantages will be effective in an airborne telemetry system.

Multiplexed current excitation of resistive transducers has been proven to have many
advantages both in the use of the transducer and the configuration of the system. The only
application found that could not be accomodated is a transducer requiring anti-aliasing
filtering.

The thermocouple reference junction compensation approach will greatly improve channel
density and is applicable to all standard types of thermocouples.

By the integration of these approaches into thick film hybrid circuitry, we have made
maximum use of their several advantages and developed the standard hybrid pulse code
modulation encoder into a more versatile tool in the development of airborne telemetry
systems.

FIGURE 1
CONVENTIONAL BRIDGE CONDITIONER



FIGURE 2
MULTIPLEXED SIGNAL CONDITIONING AMPLIFIER

FIGURE 3
MULTIPLEXED SIGNAL CONDITIONING AMPLIFIER

AND EXCITATION VOLTAGE SOURCE



FIGURE 4
MULTIPLEXED SIGNAL CONDITIONING AMPLIFIER

AND EXCITATION CURRENT SOURCE

 FIGURE 5
FOUR ELEMENT BRIDGE WITH TWO ACTIVE ELEMENTS

USING CONSTANT VOLTAGE EXCITATION



FIGURE 6
FOUR ELEMENT BRIDGE WITH TWO ACTIVE ELEMENTS

USING CONSTANT CURRENT EXCITATION

FIGURE 7
STANDARD THERMOCOUPLE MEASUREMENT CIRCUIT



FIGURE 8
COLD JUNCTION COMPENSATION

 FIGURE 9
MULTIPLEXED THERMOCOUPLE COMPENSATION
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ABSTRACT

The increasing complexity of Air Force aircraft and systems has created a demand for the
collection of greater amounts of more accurate, higher dynamic range test data to solve
dynamics related problems. The problems presented by higher volume can be resolved by
making use of a time sharing Pulse Coded Modulation formatting technique. To meet
demands for high dynamic range, the need is apparent for a device which “siphons” the
wide dynamic range test data to a range which is compatible with the recording device.
The Automatic Gain Ranging Amplifier performs this task and that of increasing the
system’s signal to noise ratio.

The AGRA has seven gain options from -12 dB to 60 dB (-12 dB is a one step 12 dB
attenuation) in 12 dB steps. Gain is controlled by an internal peak detector or by an
external (CMOS compatible) processor. Following the amplifier is a four rolloff frequency,
six pole Butterworth low pass filter.

The AGRA senses the output measurement and automatically adjusts the gain to be within
the required recording levels. In this manner, a large number of measurement devices
(thermocouples, strain gauges, etc.) whose output swings vary over a large range can be
made compatible with a single recording device.

INTRODUCTION

In the evaluation of new airborne systems, the AFWAL-FBIG attempts to collect and
record as much data as possible for every hour of airborne testing so as to minimize the
number of costly test flights. In doing so, a large quantity and variety of measurement
devices must be used on each flight. It is desirable to reproduce the outputs of these
transducers on a single recording channel. Since each type of sensor will have a unique
output voltage range, the measurement system must have at least a 100 dB dynamic range.
Because there is no recording equipment which can meet this requirement, the need for a 



device which expands the dynamic range from the conventional 70 dB to 120 dB (as can
be seen in Figure 1), becomes apparent.

This paper will describe the block diagram and the actual results measured on the AGRA
prototype.

It is not our intent here to reveal design criteria of the detailed schematics of the AGRA.

1.0  BLOCK DIAGRAM

The AGRA block diagram appears in Figure 2.

1.1  Amplifier Section

As a single unit, the amplifier has a gain which can range from -12 dB to +60 dB in steps
of 12 dB. These characteristics are described by two amplifying stages which are each
comprised of wide-band instrumentation amplifiers, precision thin-film resistor networks,
and a switching network. The first stage has a gain range of 1 to 200, while the second
stage has a gain of 0.25 to 5.12. The aggregate gain range is 0.25 to 1024.

The amplifier’s front end has differential inputs, high input impedance (10 Mohm in
parallel with 60 pf) and DC/AC (2 Hz) coupling selections. In the AC mode, application of
a negative DC feedback eliminates high output offset voltage.

1.2  Filter Section

The filter has four rolloff frequency options at 500 Hz, 2 kHz, 5 kHz and 20 kHz
respectively. In-band frequency response is kept maximally flat with a six pole
Butterworth configuration. The filter is realized as an active Voltage Controlled Voltage
Source.

Selection among the four rolloff frequencies is accomplished by the application of two
digital inputs. The filter output is buffered, with current limited at 25 mA, and it can drive
an external current booster.

1.3  Peak Detector and Automatic Gain Ranging

The peak detector and auto gain ranging circuitry (as can be seen in Figure 3) controls the
AGRA’s gain so that output values fall within two preset thresholds. (This condition only
holds true during internal auto gain ranging selection). The network can be operated in
three different modes:



i) External - Gain is controlled by an external (CMOS Compatible) processor.
ii) Down Only - Gain can step down only, subject to input levels above the high

threshold.
iii) Internal - Gain is controlled by the internal peak detector.

Rectification at the front end of the peak detector allows it to detect positive as well as
negative peaks. The rectified signal is compared against two reference levels. A signal
above the high threshold for a minimum period of time will cause the auto gain ranging
circuitry to step down the amplifier’s gain by changing the state of a binary counter.
Similarly, gain step up is mandated when the rectified signal remains below the low
threshold for the necessary time.

Following each gain change, the counter is disabled by logic circuitry for a short period.
When the highest gain setting is reached, the count-up mechanism is disabled to prevent
noise and cyclic counting. Count-down is disabled when the lowest gain is reached for the
same reasons. Mode and gain control inputs/outputs are TRI-STATE CMOS compatible
buffered.

2.0  REALIZATION

The AGRA is fabricated as a multi-layer, thick-film hybrid (package size 2.375 x 2.000,
46 pins). Thin film resistor networks and NPO capacitors are used in the amplifier and
filter section to ensure gain and frequency response stability. To reduce power
consumption, CMOS technology is used in the design of logic circuitry.

3.0  CONCLUSION

The Auto Gain Ranging Amplifier is a necessary device when one is confronted with the
problem of collection and recording of data outputs from high dynamic range sensors. It is
especially useful when data is to be collected from a complicated transducer array. Typical
applications could include accurate temperature control, wide range vibration
measurements, humidity, pressure and shocks.



AGRA SPECIFICATION

DESCRIPTION OR
TEST CONDITIONS MIN. TYPE MAX. UNIT

AMPLIFIER

Gain Options 0.25, 1, 4, 16, 64
256, 1024.

Accuracy T = 25EC;
10 Vp-p #vout;
f #20 kHz

- - 0.5 %

Stability -25EC < T < 85EC;
G = 0.25 ÷ 64
G = 256 ÷ 1024

-

-

-

-

1

1.5

%

%

Low Frequency
Response

AC Mode 1.5 2 2.5 Hz

FILTER

Type 6 Pole Butterworth low
pass response

Options 500 Hz, 2 kHz
5 kHz, 20 kHz

Rolloff
Accuracy

T = 25EC - 1.5 - %

In-Band Ripple F # 0.6 BW - - 0.2 dB

Phase Shift @ Nominal BW
@ f = 0.5 BW

-
-

270 ±5
115 ±2

-
-

deg.
deg.

Attenuation @ f = 2 BW 33 36 - dB

INPUT
CHARACTERISTICS

Input Impedance Differential mode
Common mode

-
-

10//40
2.5//160

-
-

Mohm//pF
Mohm//pF

Maximum voltage -25EC < T < 85EC - - 100 Vp-p

OUTPUT
CHARACTERISTICS

Voltage Swing RL $2 kohm 20 24 - dB

Capacitance Load - - 1500 Vp-p



DESCRIPTION OR
TEST CONDITIONS MIN. TYPE MAX. UNIT

Current Limit - 25 - mA

Overload
Recovery Time To ±1% of final value - - 100 uSec

Noise DC mode BW = 20 kHz
                BW = 500 Hz

-
-

50 +3G
25
+1.5G

-
-

uVrms
uVrms

Offset DC mode; T = 25EC - 2
+0.01G

- mVdc

Offset Drift - 0.5G - uV/deg.C.

Distortion f # BW - - 0.5 %

CMRR G = 1,  f = 60 Hz
G = 16, f = 60 Hz
G = 64, f = 60 hz

70
80
90

-
-
-

-
-
-

dB
dB
dB

PSRR G = 1, BW = 20 kHz,
f = 60 Fhz
G = 64, BW = 20 kHz,
f = 60 Hz

-

-

65

75

-

-

dB

dB

PEAK DETECTOR

Gain Change Option 1; Step down
               Step up
Option 2; Step down
               Step up

7.12
0.79
1.20
0.133

7.5
0.83
1.25
0.14

7.88
0.87
1.30
0.147

Vdc
Vdc
Vdc
Vdc

Step Down Time Minimum time above
threshold voltage for
step down.
Option 1
Option 2
Option 3
Option 4

-
-
-
-

650
170
  70
  20

-
-
-
-

uSec
uSec
uSec
uSec

Step Up Time Minimum time below
threshold voltage for
step up.

80 100 125 mSec

Digital Input/
Output Logic
Levels

CMOS Compatible 5 - 15 Vdc

Preset Pulse Width 5 -15V CMOS Compatible 3 - - uSec



DESCRIPTION OR
TEST CONDITIONS MIN. TYPE MAX. UNIT

Logic Blocking
Time After Gain
Change

10 12 15 mSec

POWER SUPPLY

Supply Voltage 14 15 16 Vdc

Supply Current @ Vs = ±15 Vdc,
Positive
Negative

-
-

35
18

45
22

mA
mA

PACKAGE SIZE -
-

2.375 x
2 x .23

- inch.

Number of Pins - 46 -



FIG. 1







LINK PERFORMANCE ANALYSIS AND MONITORING:
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ABSTRACT

Link Performance Analysis and real-time monitoring are generally covered by a wide
range of equipment. Bit Error Rate testers provide digital link performance measurements
but are not useful during real-time data flows. Real-time performance monitors utilize the
fixed overhead content but vary widely from format to format. Link quality information is
also present from signal reconstruction equipment in the form of receiver AGC, bit
synchronizer AGC, and bit synchronizer soft decision level outputs, but no general
approach to utilizing this information exists. This paper presents an approach to link tests,
real-time data quality monitoring, and results presentation that utilizes a set of general
purpose modules in a flexible architectural environment. The system operates over a wide
range of bit rates (up to 150 Mbs) and employs several measurement techniques, including
P/N code errors or fixed PCM format errors, derived real-time BER from frame sync
errors, and Data Quality Analysis derived by counting significant sync status changes. The
architecture performs with a minimum of elements in place to permit a phased update of
the user’s unit in accordance with his needs.

INTRODUCTION

Telemetry is the process which allows the results of sensor measurements made at a given
location to be transmitted to a remote location for analysis. The ability to accurately
perceive the measurements as monitored at the remote location is directly dependent upon
the reliability of the received data. In digital (PCM) systems, the perturbation of a single
bit, resulting from a bit error induced in the transmission link, can have a very large effect
on sensor data. Therefore, much care is taken to determine the characteristics of the
transmission link and reduce error-causing conditions.

Many different types of equipment have been developed to satisfy the above mentioned
requirements. Analog test sets are available which provide information about amplitude



and phase distortion, signal dropouts, attenuation, and noise pickup. Digital test sets may
be used to provide bit error probability, block error rate, seconds error rate, and burst error
rate measurements. Both analog and digital measurement techniques are required in order
to properly characterize and optimize a digital telemetry communications link. Once the
analog characteristics of the transmission link are determined, a digital system, which
minimizes the effects of the analog perturbation, can be designed. This is accomplished by
making proper use of digital codes, modulation, schemes, transmission rates, protocol
restrictions, and so forth.

The generalized digital characteristics of a link can be determined prior to actual data
transmission. For example, the digital link can be objectively compared to an ideal link
which has zero errors. Digital error measurement methods and test sets require no
subjective conclusion; either the indicated errors are there, or they are not. The difficulty in
defining errors lies in the interpretation of the test measurements, which are taken at one
time, and their relation to the data, which is taken from the link at a different time. Some
link errors may be associated with specific times, data patterns, or other events; other
errors may seem to be unpredictable.

During the preoperational period, it is certainly mandatory for every digital system
designer to take link measurements during and after installation in order to determine link
characteristics. The information gathered during this period is, of course, important and
useful. However, in addition, an ideal system configuration would include some means of
making link quality measurements while the signalling system is on-line.

THE UNIFIED APPROACH DEFINED

In order to accomplish significant transmission link testing, as outlined above, and assure
an optimum digital telemetry communications link, a diverse array of equipment would be
required. Clearly, a simplification of the processes and hardware requirements necessary
for accurate link analysis would be a welcome development. The unified system approach
presented here, as developed by AYDIN MONITOR SYSTEMS, fulfills the exacting
requirements necessary for careful link quality measurements and does so with a modular
approach. The easily configured, functional modules of this system are interactive,
transportable, and interchangeable. The latter feature is most important in such a system,
where changing test requirements would oridinarily necessitate significant system changes.
The modular family of functional elements on which this system is based can be combined
as required for a specific test type, or reconfigured for a new test. The elements are broken
down into basic functions so that the same element can be used in various applications.

Each element is packaged on a standard size card (8 x 12") which has a common data bus
interface called the High-Speed General Purpose Bus (HGBUS). In this application, the



HGBUS is primarily used for set up of the system modules, but can also be used for
realtime data transfer in systems where recovered data is passed between modules. There
is also a wire-wrap backplane for special module interconnection. These modules plug into
a standard PC card enclosure with power supplies. All I/O is through the rear panel and
the front panel hinges open for card access.

One module is common to all of the possible configurations, the I/O Controller. This
module is an interface between the user and the functional elements in the system. It can
provide user friendly control for local operation and can implement a number of interface
protocols for remote control operation. The IEEE-488, RS-232, and other special
interfaces are easily implemented. The I/O Controller receives the simple commands from
the operator and converts them to the bit level setup commands for each element in the
system. It also receives status from each element and formats it into meaningful reports.

The first function of a test device is to provide a stimulus. For digital link testing, the data
can either be PN data or simulated frame data. In this system, a stored program simulator
module is used to generate this data. The simulator actually outputs parallel data words
along with length information and orientation information for input to a parallel-to-serial
converter module. This design was implemented for two reasons. First, one of the
simulator’s data sources is an external parallel word input. By providing a parallel data
output, two or more simulators may be cascaded to permit high-fidelity link data
simulation, an important feature when format induced errors are present. Second, the
design allows the same simulator module to be used for a wide variety of data rates,
simply by changing the parallel-to-serial converter module. The parallel-to-serial converter
module can have additional logic for specific applications. For instance, for low data rates
to 20 Mbps (figure 2), the P-S module also contains a frequency synthesizer to generate an
output clock and a code converter to provide bi-phase or other outputs. For higher data
rates to 150 Mbps (figure 1), the frequency synthesizer is a separate module and the P-S
module can contain a high-speed prescaler to be used for converting incoming data to a
slower rate for a standard BERT module. Another P-S module operates with two
simulators and outputs two data streams with a programmable bit skew between them
(figure 3).

The link analysis function is performed by Bit Error Rate Testing (BERT). The simulator is
programmed to output a pseudo-random noise (PN) sequence to the link under test. The
other end of the link is connected to a BERT prescaler (figure 5) which compares the
incoming data to an internally generated PN pattern. The errors are then reported to a bit
error rate monitor which accumulates the errors over a preprogrammed interval to
determine an error rate. The monitor can also report total errors, error free seconds, and so
forth. The BERT monitor, like the simulator, can also be used with a dual-input prescaler 



(figure 6) for simultaneous checkout of redundant links. The BERT can also function with
short repeating patterns of 12 or 16 bits instead of a PN pattern.

A second link analysis method allows all data transferred over the link to be monitored,
but it can only be accomplished with simulated data. This method compares the incoming
data, bit for bit, with a delayed version of the output of the simulator. The delay allows for
propagation through the link and through any equipment in the link. The delay can be
determined either manually or automatically. The manual method (figure 10) requires the
operator to determine the delay by analysis or by scoping the two incoming data streams.
The automatic method (figure 11) requires frame synchronization on each input. The delay
between the frame marker outputs is then counted. This count is then used as the delay to
be inserted before the bit by bit comparison. These two methods are ideal for
troubleshooting pattern sensitivity problems or when equipment in the link requires proper
data patterns before it will pass it on. (ex. Packet Switching).

Real-time link quality monitoring can take two forms; both can use either real-time or
simulated data. First, the real-time data format can be monitored. This is done by
synchronizing to a framing pattern in the data using a frame synchronizer module (figures 8
and 9). This module searches for the framing pattern and determines if it is found without
errors, at the proper time with respect to the previous pattern, and in the proper polarity.
This information is monitored by a status counter module which accumulates expected
frames, valid frames, frame dropouts, frames with sync pattern errors, inverted frames, and
other data quality related parameters. If other synchronization information is available, a
module can be added to detect it and report similar status. For example, the LANDSAT-D
image data format has a preamble prior to each image scan; a presynchronizer module is
used to synchronize to the preamble and report on preamble synchronization, dropouts,
errors, and so forth. The method of link monitoring described thus far will only provide
information on frame quality. A possible enhancement (figure 7) could use the frame sync
error detecton card to pass frame sync error counts to a BERT monitor card, which could
then accumulate the errors over a defined interval to determine a bit error rate. This could
also be accomplished by using the presynchronizer to measure bit errors in the preamble.
Both of these methods, however, only monitor a small fraction of the available data on the
link.

The second form is signal reconstruction equipment monitoring (figure 12). The receiver
and bit sync AGC levels can be checked for signal strength and the bit sync soft decision
levels can be checked for non-optimal decisions. All of these measurements provide an
overall indication of link health, but not so much a quantitative measure of performance.
However, they are useful for best stream selection when redundant input streams are
available. Combining this method with some of the other real-time monitoring techniques
can yield a very powerful best stream selection system.



Many other modules can be added to a system for special applications. For example, a PN
generator module (figure 3) can replace the simulator and parallel-to-serial converter when
only PN data is required. A perturbation generator module can be added to provide
controlled distortion of the output data for margin testing.

The link analysis and monitoring elements which have been described can be combined
into systems with other data acquisition elements to provide a universal approach to
communications and telemetry systems.

FIGURE ABBREVIATIONS

ADC - Analog-to-Digital Converter
BER - Bit Error Rate Monitor
BEF - Dual Channel BERT Interface
BSI - Bit Synchronizer Interface
DQM - Data Quality Monitors - Contains frame sync and status counters
DSC - Data Stream Comparitor - Detects errors between two data streams which may

be arriving at different times
FSB - Frame Sync Bit Error Correlator - Correlates frame sync errors to position in

frame and synchronization strategy
FSC - Frame Sync Error Correlator
FSE - Frame Sync Error Detector
FSY - Frequency Synthesizer - Generates clock for simulated data
IFP - Interface and Prescaler - Contains parallel-to-serial convertion for simulator and

error detector for BER
IOC - Input/Output Controller
MTP - LANDSAT MSS and TM Presynchronizer
PNG - PN Generator
SCI - Status Counter Interface
SIF - Dual Channel Simulator Interface
Sim - Simulator
SOC - Simulator and Output Code Converter
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ABSTRACT

The heart monitoring system used by the astronaut in his space walk from the shuttle used
as a portion of the instrumentation, a voltage controlled oscillator and a matching
discriminator to encode and decode the heart waveform. In addition to small size, low
power, and high reliability, there were additional requirements for greater than normal
signal rejection by the input filter of the discriminator and cost reduction by limiting the
number of different semiconductors used in order to keep lot qualification costs low. The
circuits were fabricated using thick film hybrid techniques. The circuit designs, fabrication
techniques and packaging will be described.

INTRODUCTION

Part of the instrumentation built into the suit the astronaut wore during his space walk was
a voltage controlled oscillator, VCO, used to encode his heart waveform for transmission
to the shuttle. A matching discriminator was in the shuttle to decode the signal. In design
and fabrication of the VCO and discriminator there were requirements for small size, low
power, and high reliability. The discriminator required greater than normal out-of-band
signal rejection. These requirements were met using thick film circuits with surface
mounted packaged pretested semiconductors, LIDs. This approach allows relatively low
cost, highly reliable hybrid circuits to be custom fabricated. The description here will
include discussion of circuits, components, packaging, reliability, and cost considerations
of the VCO and discriminator. The frequency used was a standard IRIG 5.4KHz
proportional bandwidth channel.

The majority of circuit functions can be realized with a great variety of circuits. The choice
of circuit elements, fabrication techniques, and skills of the people involved are of prime
consideration in any hardware development. The final circuits are reflections of the many



constraints place upon the project by requirements of reliability, cost, schedules, etc. In
this case, the need for high reliability and low cost for custom hardware were prime
considerations. The VCO had been developed for a satellite program several years ago. At
that time, one of the prime constraints imposed was low power requirements. Since its
development, several dozen of these VCOs have been used with great success. The
advantage of using proven hardware at one point allowed more funds for the development
of the discriminator. On this particular program, one of the original constraints on the
design was to use a minimum number of different types of components due to the cost of
qualifying each component. The circuit for both the VCO and discriminator included the
following:

1. Thick film resistors and conductors.
2. NPO capacitor chips.
3. K1200 capacitor chips.
4. Solid tantalum capacitors.
5. One NPN transistor type.
6. One PNP transistor type.
7. An integrated circuit operational amplifier.

These components were the most standard available. The NPN transistor was a 2N930 and
the op-amp was a 741.

FABRICATION

The basic thick film process of depositing and firing various inks on an alumina to form
resistor conductor network has been used in telemetry for twenty years.

Conductor and resistor pastes or inks are squeeged through a stainless steel mesh
containing the desired patterns upon ceramic substrates. These substrates are fired at high
temperature best described as dull red. There are many variables in the process, and
published literature from the thick film industry is not adequate to describe a total process
capable of achieving the resistor stability required for telemetry products. After firing, the
resistors are adjusted to desired values by removing resistor material by an abrading
process using a microsandblasting technique. This is a low shock process, and if done
properly, is superior to more exotic laser trimming which involves extreme localized
temperature changes and stresses. After setting resistor values, the substrate is ready to
receive the added capacitors and semiconductors.

The semiconductors used here were all prepackaged in ceramic chip carriers, LIDs, and
tested before being combined in a functional circuit. These LIDs are one version of the
surface mounted devices now being written so much about in the current literature. They



have been available for many years and have an excellent history of reliability. The
bonding and testing yield is taken before the devices are added to a circuit where
individual testing is not possible. In chip and wire assembly, the device yield is taken at
the circuit level and borderline devices cannot be found. Reliability should not be tested in
but rather should be built into every step. To the best of my knowledge, all telemetry
companies use pretested and packaged semiconductors in VCOs as they are one of the
more difficult products to produce. The chip and wire approach is used in digital circuits
which have less stringent device requirements.

The LIDs and chip capacitors are soldered to the substrates using a solder paste containing
appropriate metals and flux. The soldering is done by a patented soldering machine which
controls the heating rate, flux activation time, soldering time, and cooling rate. This is a
relatively low stress process which allows a major step in the circuit fabrication to be well
controlled. Other connections to the substrate are hand soldered by qualified people. The
assembled substrates are mounted in the final mechanical package using an epoxy material.

All circuits are individually adjusted and temperature compensated. This rugged
construction method allows ease of handling and rework is easy if necessary. This process
results in essentially a one-hundred percent yield figure.

The final package is a gold plated KOVAR with glassed-in hermetically sealed connecting
pins. The hermetic seal is obtained by welding on a cover using a parallel seam welder.
Leak rates of less than 2 x 10-8 (atm cc/secHe) are obtained in this matter.

The manufacturing process and reliability of both the voltage controlled oscillator and
subcarrier demodulator meet the requirements of MIL-M-38510 for hybrid microcircuits.
As per MIL-M-38510, both units pass the qualification tests of MIL-STD-883 Method
5008, Group A, B, C and D tests for Hi-Reliabilty applications. In accordance with MIL-
HDBK-217, the reliability prediction analysis for the voltage controlled oscillator shows
the MTBF for ground fixed condition exceeds 238,000 hours with a relaibility factor better
than .999995 per one hour of operation. This analysis also shows the MTBF for the
demodulator exceeds 92,000 hours with a reliability factor better than .99998.

Figure 1 shows the relative size of the miniature discriminator compared with a standard
rack mount discriminator.

Figure 2 shows both the VCO, on right, and the discriminator before hermetic sealing.



CIRCUITRY

The circuit functions in the discriminator include an input band-pass filter, a zero crossing
detector, a one shot multivibrator, a time averaging circuit with a low-pass output filter, an
output amplifier and buffer, output limiting, a voltage regulator with one precision
temperature compensated supply, and a dc/dc converter to provide the necessary negative
voltages required.

The input band-pass filter required the most design and set-up time. The specification
required operation with an input signal amplitude range of 80 to 400mV. The out-of-band
rejection required that signals of more than 20 percent from center frequency and up to
800mV must be rejected to below 0.1 percent of full scale output. With a pass band of
±7.5 percent the out-of-band specification calls for rejection 12.5 percent from the
bandedge. A rough way to look at this is that the figure of 80dB rejection is required at
12.5 percent from a pass-band. Some of this rejection comes from the low-pass output
filter in the form of rejecting the difference signals generated at the nonlinearity of the zero
crossing detector by the carrier and the out-of-band signal. This could be a strong 675 Hz
signal which is partially rejected by the required three pole 81 Hz output filter. Other
strong spurious signals are generated when the out-of-band signal is a rational multiple of
the carrier frequency, such as 1/2, 3/2, or 2 times the carrier. Another requirement of the
input filter is that the pass-band phase characteristics be a very good approximation of a
Bessel response.

The filter had an assymetrical elliptic response. It consisted of five stages. Two stages
were band-pass as shown in Figure 3. Two stages contained poles in the pass-band and
zeros at the required +20 percent points. These are shown in Figure 4-A with their
combined response shown in Figure 4-B. The fifth stage was a low-pass with conjugate
zeros at 3/2 times the upper band edge frequency.

The VCO used standard circuitry with one exception. The current through the output filter
also passed through the multivibrator. This allowed the total input power to be used to a
maximum and resulted in maximum efficiency.

SUMMARY

Thick film circuitry with surface mounted devices is suitable for fabrication of small
quantities of specialized circuitry. In the case discussed here, fairly low cost, highly
reliable circuits were made using non-exotic components to achieve stringent performance
characteristics. The non-recurring engineering time required to develop a thick film hybrid
layout is considerably less than that required for a thin film or monolythic chip design.



FIGURE 1Miniature discriminator and standard rack mounted discriminator.

FIGURE 2   Discriminator, left, and VCO, right, before sealing.



FIGURE 3  Band pass filter stage.

FIGURE 4A  Notch filter stages.



FIGURE 4B  Notch filter response.
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ABSTRACT

The GLobal Positioning System (GPS) is a precision navigation system ideally suited for
target position determination. There are basically five GPS alternatives applicable to range
applications depending upon target size and dynamics. The Department of Defense has
recognized the potential advantages of GPS for range tracking applications. The Air Force
is sponsoring the development of a family of GPS hardware for use on the ranges.

INTRODUCTION

The Global Positioning System (GPS) is a precision satellite navigation system developed
by the U.S. Air Force. When the system is operational, it will provide precise position (in
X, Y, and Z coordinates) plus time to any possessor of user equipment anywhere in the
world. In concept, the system is simple, but it tends to be complex in implementation. The
principle of operation basically depends on position determination by measuring distance
from three known points. For the GPS, these known points are satellites. The global
positioning space segment will consist of 18 satellites, with 3 in each of 6 orbital planes.

The GPS control segment is located at Vandenberg Air Force Base, with auxiliary stations
at Hawaii and Guam. These stations continuously update the satellite orbital data and time.
Each satellite then records and carries its own ephemeris and precise time. All satellites
continuously transmit on two L-band frequencies that are identical for all satellites. The
data transmitted consists of a 50-bit-per-second telemetry signal that gives the ephemeris
of each satellite. In addition, two codes are transmitted: the C/A- and P-codes on the L1

channel and the P-code on the L2 channel. The C/A-code is relatively short, repeating
every millisecond, while the P-code is high speed (10 MHz), repeating every 7 days. The
P-code was intended to be more accurate than the C/A-code and can also be easily



encrypted for security. In practice, the C/A-code alone has been found sufficiently accurate
for range tracking applications, particularly when relative or differential tracking is used.
The code from each satellite is unique, and the codes from all satellites are code-division-
multiplexed, allowing all satellites to transmit continuously on the same frequency.

The navigation technique is as follows:  Since the telemetry data tells precisely where each
GPS satellite is, all the information needed is precise distance from three of the satellites to
obtain a position solution. To do this, the codes are generated locally from four of the
satellites in view. The phase of each code is shifted until we lock on to each code.
Examining the phase shift needed to lock on to a satellite code shows the code transit time
from the satellite to us, assuming that we know our own time precisely. Not knowing our
own time precisely, we make the measurement anyway and call it pseudorange. We can
then construct four position equations with four unknowns, which are our X, Y, and Z
position and time. A Kalman filter is then used to optimize this solution.

A COMPLEX SYSTEM

The GPS is, therefore, a precision navigation system designed primarily for military
applications. The receiving systems are also relatively complex, consisting of an L-band
receiver, followed by code generators and correlators. Then a complex computer is
required to generate a position and time solution. With this general description of a GPS
navigation system, it is evident that this is a very complex system.

Because of its precision navigation characteristics, it became evident that GPS would have
application to our tracking ranges. The question is how best to apply GPS to the time
space position information (TSPI) measurement set. The first reaction might be to fly a
complete GPS receiver and telemeter the TSPI to a ground station or record it onboard.
This certainly would work, but there are much simpler and more cost-effective solutions
for range applications.

THE RANGE TRACKING PROBLEM

First, examine the peculiarities of the range tracking problem:

• Relative position data is sufficient for range applications. That is, absolute target
position is generally not required. What is required is precise target position relative
to a master ground location. (This is what we now attempt to get from radars.)

• Many of the targets are expendable; so cost of the onboard system becomes
important.



• Ideally, a tracking system would function within or outside existing range
boundaries.

• The cost of the tracking capability should be minimized.

• An observer desires the target position; the target itself generally does not need to
record its own position.

RANGE TRACKING TECHNIQUES

The requirements for range tracking, therefore, differ from the general navigation
requirements. For this reason, a distinct family of user equipment must be considered for
range applications. First let us examine the various GPS tracking techniques that have been
considered for range tracking. The five techniques that have received the most attention
are described in the following paragraphs.

Multichannel High-Dynamic GPS Receiver

For large, unexpendable targets such as aircraft or even large, expensive, expendable
targets such as intercontinental ballistic missiles, it is practical to consider flying a
multichannel high-dynamic GPS receiver. The complete position solution could then be
telemetered to a master station or recorded onboard. This approach is planned for aircraft
tracking in the future and was considered for the MX program. The missile accuracy
evaluator (MAE) program for MX tracking was dropped because of the cost of receiver
development at that time.

Pseudorange Determination in the Target

If it is desired to reduce the amount of hardware on the target, but at the same time fly a
receiver, a unique approach can be used. That is to perform the pseudorange determination
in the target and telemeter the pseudoranges to a master ground station where the position
calculation is performed. Although initially proposed to reduce the size of the receiver
required in the target, with the advancements in digital circuitry, the computation capability
can be performed easily in the target with minimum additional size and weight. Practically,
this approach has become outdated.

GPS Receiver Carried on the Target

For very large, dynamic targets, a very simple GPS receiver can be carried on the target. A
single-channel receiver can be programmed to cycle among four satellites, determining
pseudorange from each of the satellites, one at a time. These pseudoranges can then be



processed in a navigation computer to determine precise position. This is a very practical
approach for very slow-moving targets. For example, this approach is used in manpacks.
The advantage of this approach is that the GPS receiver can be made extremely small. The
target position could be recorded or telemetered to a master station.

Inertial Navigation System Approach

If a simple onboard receiver is desired for high dynamic targets, a unique approach is
currently being investigated. Here, a single-channel cycling receiver as described
previously is combined with a simple inertial navigation system (INS). This scheme takes
advantage of the best of both worlds. The disadvantages of a low dynamic receiver are
compensated for by the INS, and the disadvantages of a simple INS are compensated for
by the GPS receiver. That is, the INS tracks the target position in between satellite
samples while the receiver output updates the simple INS to correct for its drift. This
approach is currently under study since exact interconnection techniques have not yet been
determined. Again, position could be recorded or telemetered to the master station.

L-Band-to-S-Band Frequency Translator Approach

The last GPS tracking approach to be discussed is currently utilized by the U.S. Navy’s
Trident test program. Here an L-band-to-S-band frequency translator is flown on the
target. The signals from the GPS satellites in view are received, converted to S-band, and
retransmitted to a master ground station where missile position is determined.

This system has many advantages compared to flying a GPS receiver on the target. In
addition to these obvious advantages of smaller size, lighter weight, and lower cost than an
onboard receiver, there are significant technical advantages. Because at the master station
both an S-band target receiver and an L-band reference receiver are used, the system
becomes a differential navigation system with associated accuracy advantages. In addition,
a 6-dB signal-to-noise ratio advantage is obtained because a phaselock tracking loop can
be utilized for carrier tracking. The other advantage to a translator GPS tracking system is
that the complex computational system required can be contained in the ground station, not
in the target.

GPS AS AN ALTERNATIVE RANGE TRACKING SYSTEM

The preceding discussion indicates that a GPS tracking system may provide an attractive
alternative to the present pulse radar tracking systems. The office of the Under Secretary
of Defense for Research and Engineering recognizes the potential advantages of a GPS-
based range tracking system. A triservice committee was formed in the summer of 1981
under the chairmanship of the Western Space and Missile Center (WSMC). After a 1-1/2-



year study with contractor assistance, the committee reported its findings. It was
unanimously agreed that the application of GPS to range tracking offered both cost and
technical advantages over existing range tracking techniques.

FUTURE PLANS

As a result of the study, the Office of the Under Secretary of Defense established a Range
Applications Joint Program Office (RAJPO). This RAJPO is managed by the Air Force at
Eglin Air Force Base and has deputy program managers from the Army and Navy. The
purpose of the RAJPO is to develop a family of GPS components required by the range
tracking community. They are now planning the development of a low dynamic receiver, a
high dynamic receiver, and an instrumentation pod containing a receiver married to an INS
and a translator and translator ground system. The development of these components will
not be completed for 2 or 3 years but will match the availability of the GPS satellite
constellation.

At this time, there are five GPS satellites in orbit. These will provide sufficient coverage
for precision position determination for about 2 hours a day anywhere in the world. This
coverage will be maintained until 1987 when the rest of the 18 satellites will be launched.
By the end of 1987, two-dimensional navigation (three satellites in view) will be in use 24
hours a day anywhere in the world, and by the end of 1988 three-dimensional navigation
(four satellites in view) will be provided.
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ABSTRACT

The United States military has long recognized the need to provide realistic training for its
personnel. Improving the effectiveness of battle simulations requires accurate scoring,
large engagement areas and numerous participants. The Global Positioning System (GPS),
with its accurate position, velocity and time information, will significantly enhance the
capability of range instrumentation systems to support field training exercises. GPS
provides a precise real-time navigation solution that improves weapons simulation
accuracy and simplifies participant pairing at all altitudes. GPS is a worldwide, common
grid system and, as such, inherently covers large areas with a minimum of instrumentation
hardware. Position location is performed with GPS at each participant. Therefore, the
number of participants is limited only by the data communication from the control center.
This paper discusses the application of GPS to three (3) field training types: (1) Air
Combat, (2) Land Armor Engagements, and (3) War at Sea.

AIR COMBAT TRAINING

The Order of Battle of any potential adversary indicates that all tactical fighter aircrews
projecting offensive missions into a hostile theater will be largely outnumbered. In these
scenarios, the probability of encountering a complex Integrated Air Defense System
(IADS) and multi-bogey environment is very high. As an example, the primary challenge
confronting United States Air Forces in Europe with the Air Combat Arena is Command
and Control (C2) and related countermeasures. The growing airborne and electronic
combat threat necessitates a continuing drive to upgrade our C2 capability while expanding
our ability to neutralize that of our potential enemies.

Training is a particularly interesting avenue among those being followed to combat the
airborne and electronic warfare threat facing today’s fighter aircrews. With appropriate
realistic training, U.S. forces can significantly offset the enemy’s capability. Concurrently,



development of ECM equipment that identifies, deceives and negates the electronic threat
must continue unrestricted. Preparing for the realities of potential wartime demands require
more realistic training.

Today’s TAF aircrews use the building-block approach to air combat training. Units have
their own backyard ranges for local training, building up qualifications and maintaining
currency in the skills needed to fight as an effective force. Composite force exercises
involving low altitude interdiction missions (less than 500 feet AGL), and dissimilar air
combat engagements culminating on instrumented tactical ranges with tactical targets, put
the final polish on TAF units’ skills.

PRESENT TRAINING REQUIREMENTS

Training requirements necessitate instrumenting and depicting adversaries and threats
realistically. That means ensuring all targets on the range are accurate representations of
potential enemies. Authentic duplication and emulation of an actual ground combat
environment (ground-controlled radars, surface-to-air missiles, anti-aircraft artillery
including visual and aural cues, communication deception, deception transmitters and
electronic jammers) provide tactical aircrews with a realistic mission scenario. The
effectiveness of simulated weapon delivery while aggressively engaged in evasive
maneuvers and countermeasures against these air and ground threats is accurately
measured through instruments. Weapon scoring and casualty assessment is determined
either in real-time or through post-flight analysis of aircrew performance data. Ultimately,
the accumulated results influence future requirements in improved weapon technology and
tactics development.

FUTURE TRAINING REQUIREMENTS

Existing and future Air Combat Range Training systems are becoming as sophisticated as
the aircraft and weapon systems they support. The tactical air training requirements for
today’s and tomorrow’s air forces demand it. Present day range instrumentation system
capabilities limited by inherent accuracy problems determine the inter-aircraft and air-to-
ground parameters. Accurate position, velocity, acceleration and attitude is required to
analyze simulated missile firing and weapon releases in a dynamic air combat environment
and aircrew tactical performance.

Modern range support requirements for aircrews involved in air-to-air, air-to-ground and
ground-to-air weapons training include the target system, missile and target flight
termination systems, land independent time space information (TSPI), telemetry (TM),
frequency protection/allocation, communications, data handling, range safety and casualty
assessment. Accurate TSPI data must be collected to provide missile end game data



required for PK determination. Different air-to-air phases require various TSPI accuracies
(i.e., launch, midcourse and end-game).

The most natural next step is to integrate aircraft ECM and IR countermeasure capabilities
into the total range instrumentation system. The requirement exists to uplink digitally
computed radar data together with emulated radio frequency (RF) signals to the aircraft’s
RWR and have it respond realistically. An appropriate downlink or recording medium of
threat data, switchology and pilot response for real-time presentation and post-exercise
playback is desirable. The necessary instrumentation interfaces to the aircraft should be
transparent to its combat configuration.

TRAINING RANGE CAPABILITIES

Major combat exercises are conducted routinely by the United States and allied forces
throughout the world. To meet these demanding future training requirements, an improved
range technology must be developed. A comparison of present and future training
capabilities is shown in Table 1. The system must be adaptable to fit the composition of all
TAF wings as well as the circumstances of the group’s operations. As the scenarios
become more complex, the greater number of participants involved in multiple air-to-air
and air-to-ground engagements simultaneously will require improved tracking accuracies
over training areas unrestricted in size or location. All actions taken by the participants will
be recorded so the post-exercise debriefing can evaluate the performance and effectiveness
of each player and each unit individually. The utilmate goal is being ready for combat-
ready in a sense that “you fight the way you train.”

PRESENT AIR COMBAT TRAINING RANGES

The existing air combat training ranges provide position location, attitude and data
communication between the aircraft and range control center. These functions are typically
implemented by four (4) subsystems: (1) Airborne Instrumentation Subsystem (AIS), (2)
Tracking and Communication Subsystem (TCS), (3) Control and Computational
Subsystem (CCS), and (4) Display and Debriefing Subsystem (DDS). These subsystems
are shown in Figure 1. Two (2) separate operations are supported: real-time training
feedback to aircrews and post-flight debriefing of the aircrews by the range training
officer.



TABLE 1.  TRAINING RANGE CAPABILITIES

PARAMETER PRESENT FUTURE

TRAINING SCENARIO

TRAINING RANGE
LOCATION

RANGE SIZE

NO. OF PARTICIPANTS

WEAPON SCORING

INDIVIDUAL AIR-TO-AIR

INDIVIDUAL AIR-TO-
GROUND

FIXED SITES

INSTRUMENTATION
LIMITED

16 HAC/20 LAC

ADEQUATE ABOVE 5000'
AGL

INTEGRATED AIR
 WARFARE

AIR-TO-AIR/AIR-TO-
GROUND

LAND INDEPENDENT AT
ALL BASES

GPS TSPI WORLDWIDE
COMM LIMITS AREA

COMM LIMITS PLAYERS

GPS SUPPORTS ALL
ALTITUDES

The AIS provides the tracking and communication interface between aircraft and ground.
The AIS is housed in an AIM-9 missile type pod that mounts on existing wing station
weapon adapters. The transponder provides a digital and range data link to the ground. A
digital interface unit collects the status and firing data, collects MIL-STD-1553 multiplex
bus data from the aircraft and instruments the aircraft for “state vector tracking” (position,
velocity, acceleration, and attitude).

The TCS consists of central station electronics and unmanned remote tracking units. The
central station schedules collection of ranging and digital data, provides system timing and
communicates data to the CCS. The remote tracking units can be fixed as mobile land
units or placed on buoys for over-water installations. They collect ranging information and
digital data from the AIS pod and relay it to the central station. Their remote capability
permits coverage of areas up to 100 x 100 square miles.

The CCS is a centralized computer complex that processes the tracking and digital data. It
uses a Kalman filter to determine the aircraft’s position, velocity, acceleration, and
attitude. This information, when combined with pilot weapon firing signals, is used to
simulate missile flyouts and their scoring between opposing aircraft.

The DDS supports both the real-time control and the post flight debriefing of the air-to-air
exercise. The hardware consists of consoles and large screen displays that present aircraft
and missile flight paths of all aircraft, pilot views through the wind screen, and aircraft
performance data. The Range Training Officer (RTO) uses these displays to monitor the



exercise in progress and offer feedback to the aircrew. All data is recorded in real-time so
that, upon return to base, the aircrews can replay the exercise with the RTO to improve
their air combat performance.

Adding GPS to an air combat system requires changes to the existing AIS, TCS, and CCS
designs.

GPS - ACMI IMPLEMENTATION

Augmenting Air Combat Maneuvering Instrumentation (ACMI) training with GPS
navigation causes major changes to the AIS design. The TCS and CCS are modified and
simplified. Two AIS implementations are shown in Figure 2. The first is an ACMI pod
configuration. A GPS receiver and antenna are added to the pod. This requires combining
the GPS and data communication antenna in the nose of the pod. The GPS receiver range
data must be combined with the inertial data. This will be done with a multistate Kalman
filter. The accurate GPS position and velocity data will aid the standard Inertial Reference
Unit (IRU), reducing bias and drift errors.

The second implementation uses the aircraft operational GPS receiver and inertial system.
In the early 1990s, a significant number of aircraft will have operational GPS receivers.
When available, the ACMI AIS will be a simple digital interface and digital data
communication link. The digital interface will collect the GPS-aided inertial data from the
aircraft’s digital multiplex bus and provide it to the ACMI hardware. The use of
operational GPS hardware will significantly reduce the complexity and cost of the unique
AIS hardware.

With the availability of GPS, the TCS became a digital data communication relay network.
The measurement and collection of ranging data is no longer required. The digital data to
be relayed is GPS-aided position, velocity, and attitude, and weapon firing events.

The CCS computational load is reduced since GPS permits the navigation and attitude
solution to be accomplished on-board the aircraft. This eliminates the need for a Kalman
filter for each aircraft flying on the ACMI training range. The CCS must be provided with
a GPS reference receiver to remove GPS bias errors. This technique, known as differential
GPS, significantly improves the absolute position accuracy. It is accomplished by placing a
GPS receiver at a known location near the range and developing either range measurement
or position corrections for all visible GPS satellite signals. These corrections can then be
used to reduce the absolute aircraft position error. Reference 1 discusses the differential
GPS technique.



VALUE OF GPS TO AIR COMBAT TRAINING

The world-wide availability of GPS will completely alter the concept of aircrew training.
The availability of accurate position information at all altitudes eliminates the need for
instrumenting large land areas for active aircraft tracking. Only real-time interaction by the
RTO, with the aircrew and weapon simulation scoring, requires data communication with
the aircraft.

If real-time interaction is not required, land-independent air combat training is possible.
This concept utilizes a recorder on-board the aircraft which stores position, velocity,
attitude, and weapon firing information during the engagement. When the aircraft lands,
the recorders are removed, stored, processed, and synchronized for replay to the aircrews;
for position training feedback. This approach requires no ground-based instrumentation
and can be used wherever air clearance is approved, including at sea.

When real-time interaction with the training officer is necessary, some ground
instrumentation is required for digital data communications. This permits real-time
updating of the training officer’s displays. The amount of ground instrumentation is
reduced by approximately one-third (1/3) because only data communication links are
required. The use of GPS eliminates the need for multilateration ranging measurements.
This will result in larger range areas and more aircraft participating in the exercise than
presently possible with existing ACMI designs.

The navigation and inertial update accuracy is more than adequate for ACMI training. The
typical GPS accuracies quoted are fifteen (15) meters absolute with respect to the earth
coordinate system. However, for air-to-air combat with all aircraft using GPS, the
measurement accuracy becomes a relative value between aircraft. The typical method to
improve relative navigational accuracy is to use a differential measuring receiver that
eliminates bias errors. In GPS this is accomplished by placing a GPS reference receiver at
a known location. The receiver then measures ranges to all GPS satellites and generates
range errors using its location. These range errors become range measurement corrections
for any other GPS receiver. These corrections will reduce the GPS navigation accuracy to
two (2) to four (4) meters. This is more than adequate for air-to-air training exercises. It is
also sufficient for most air-to-ground training, such as no-drop bomb scoring and anti-
radiation missile simulations.

USING GPS IN OTHER TRAINING

The Army and Navy have significant training requirements on land and at sea. The Army
performs Land Armor Training at the National Training Center at Fort Irwin, California.
This training is force-on-force, with up to five hundred (500) participants in an individual



exercise. GPS will improve this training by improving the position location coverage,
increasing the accuracy of the real-time casualty assessment and simplifying the addition of
close air support to the training scenarios.

The Navy has been using the concept of a Mobile Sea Range to improve the quality of the
participant data in at-sea training exercises. The present concept is to instrument
participants with range measuring and data communication transponders. The resulting
information collected by a control center is processed, provided for display to training
officers, and used for post-test debriefing. The addition of GPS will allow larger areas for
fleet-on-fleet training, and will allow increased digital data communication from
participants to the control center.
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FIGURE 1.   The Four Basic Range Subsystems



FIGURE 2.  ACMI Implementation for Aircraft Using GPS
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ABSTRACT

This paper summarizes an evaluation of the potential use of the NAVSTAR Global
Positioning System (GPS) as a source of Time Space Position Information (TSPI) for
weapon system test and evaluation. The study was conducted in support of a Tri-Service
Steering Committee chartered by the Office of the Under Secretary of Defense Research
and Engineering to investigate applications of GPS for the DOD test and training ranges.
The performance capabilities and life-cycle costs of GPS- and non-GPS-based
instrumentation equipment are compared for eight generically-defined test ranges. Based
on these analyses, a prioritized ranking of applications is presented. Finally, desirable
characteristics for a family of GPS equipment are described and technical issues requiring
resolution through field tests are identified.

INTRODUCTION

The NAVSTAR Global Positioning System (GPS) is a space-based radio navigation
system designed to provide users with world-wide, three-dimensional position and velocity
information, along with coordinated universal time (UTC). The advent of GPS offers a
major opportunity to field a standardized, national Time Space Position Information (TSPI)
system for DoD test range applications. A GPS-based TSPI system would be able to
provide precise, uniform tracking accuracy on a global basis to unlimited numbers of test
articles operating between surface-level and low earth orbit. These benefits could be
obtained with a relatively modest capital investment consisting primarily of user equipment
development and test range data link (telemetry) system upgrades. There are, however, a
number of significant performance and implementation issues which must be resolved
before the full potential of a GPS-based TSPI system can be realized. This paper reviews
the potential benefits of GPS as a test range asset and outlines the features of a candidate
GPS-based TSPI system.



BACKGROUND

The GPS system is scheduled to become fully operational with an 18 satellite constellation
(plus 3 in-orbit spares) in 1987(1). An interim constellation of 4-6 satellites will be
maintained until the constellation build-up is initiated in 1986. This interim constellation
will be able to provide baseline GPS system accuracy (10-15 m CEP) to all users for a
2-4 hour period each day, with additional limited coverage (primarily useful for survey or
time transfer) for up to 16 hours a day. A user will be able to autonomously measure his
position and velocity without active radio emissions. The interim constellation could be
augmented with ground-based transmitters, termed “pseudolites”, to improve coverage in a
particular test arena.

The Tri-Service GPS Range Applications Steering Committee has recently completed an
evaluation of the applicability of GPS to DoD test range applications(2). The findings of
the committee were that GPS is a viable option for determining TSPI in most types of test
range operations and that a five-year program for developing test article GPS equipment
should be initiated. In support of the committee’s activities, TASC performed an analysis
of the technical and implementation issues involved in adapting GPS for test range
applications and of the possible resulting cost benefits(3).

CONCEPTUAL TSPI USER EQUIPMENT DESCRIPTIONS

GPS-based TSPI data may be obtained from either an onboard receiver or translator.
Receivers can provide TSPI data in the form of pseudo-range and delta range (Doppler)
measurements with a minimum of onboard processing, or position and velocity
measurements in Cartesian coordinates with a moderate amount of onboard processing. In
either case, the measurements can be either recorded for post-test processing or
telemetered to a monitoring station. Translators act as wideband RF relays which
frequency-shift (typically to S-band) and retransmit the unprocessed GPS signals to a
monitoring station. The monitoring station would either wideband record the unprocessed
signals for post-mission processing or track and process the signals (using a modified
receiver) for real-time tracking (see Fig. 1).

Because translators perform a relatively simple function, they tend to be smaller and less
expensive than a full-up receiver. As a consequence, they are well-suited for small or
expendable vehicles. However, spectrum allocation requirements tend to limit the number
of translators which can broadcast simultaneously. Whereas a receiver might require a
1-2 kbps data link for data relay, each translator would require allocation of a 2 MHz
channel.



* Full GPS accuracy may be denied to unauthorized users for national security reasons.
Differential correction would circumvent this restriction.

For non-expendable applications such as aircraft, receivers (pod-mounted instrumentation
or tactical equipment) become prime TSPI candidates, although translators may be a viable
option in scenarios where multiple translator-based missile tracking is not done
simultaneously. For missiles and drones (which will suffer attrition either intentionally or
inadvertently) the choice will most likely be driven by a combination of available volume
and unit cost. In general, the type of onboard TSPI equipment chosen will be dictated by
performance requirements, form-fit factors, and cost relative to that of the test article itself.

PERFORMANCE ISSUES

The baseline CPS accuracy (10-15 m CEP) would meet the majority of the projected DoD
TSPI accuracy requirements. However, the potential value of GPS would be significantly
enhanced if, for special-purpose applications, it could also provide accuracy in the 1-3 m
regime. Preliminary analysis, corroborated by limited field test data, suggests that a 1-3 m
performance level is achievable through simple error calibration procedures which could
readily be implemented by individual test ranges. The expected accuracy of GPS in several
different operating modes is summarized in Table 1. The issues which impact achievable
accuracy are reviewed below.

The baseline GPS error budget is dominated by systematic errors introduced by
uncertainties in satellite location and signal transmission delays through the ionosphere. A
reference GPS receiver operating from a surveyed site could readily calibrate the
systematic errors and compute differential TSPI corrections. These differential corrections
could either be periodically broadcast to the test participants for real-time compensation or
applied to TSPI information data-linked to the monitoring stations (Fig. 2). A test program
to determine the extent of the region over which the differential correction is valid is
currently underway, but the region should exceed 100 km. For both accuracy and broader
system-related issues*, differential mode operation is recommended for test range
applications.

The traditional means of characterizing GPS accuracy is in terms of measurement
geometry (Geometric Dilution of Precision, GDOP) and code selection. The operational
GPS constellation will provide relatively uniform coverage with GDOP values ranging
from 2 to 6. GPS GDOP is predictable for months in advance and it would be relatively
simple to schedule tests at times of day such that the available GDOP was consistent with
test requirements(4,5).



Every GPS satellite continuously broadcasts two different navigation codes:  C/A-code
and P-code. C/A-code is less precise (in position but simpler to receive, and can be
utilized by somewhat less sophisticated user equipment. It also has a narrower bandwidth
(2 MHz vs 20 MHz), which makes it the preferred choice for translator applications. As
shown in Table 1, P-code will provide the same velocity accuracy as C/A-code, but a
factor of 2 to 4 improvement in both real-time and post-mission position accuracy. P-code
is also less susceptible to multipath-related errors and mutual interference effects
associated with combined satellite/pseudolite operations. This improved performance at a
relatively modest incremental cost would make P-code utilization desirable for most TSPI
applications.

Under normal circumstances, a GPS receiver will process signals from four different
satellites to compute a position fix. This can be accomplished by either simultaneous
tracking in a four or five channel receiver or sequential tracking in a single or dual channel
receiver. In general, the tradeoff is improved accuracy and data rate against reduced size
and cost. However, integration with a relatively low cost IMU could improve the
performance of both single and multiple channel receivers by incorporation of an inertial
“dead-reckoning” capability. In addition to increasing the effective data rate of all receiver
types to approximately 50 Hz (a typical IMU readout rate), IMU augmentation would also
maintain TSPI system performance through brief signal outages brought about by such
factors as antenna or terrain masking.

POTENTIAL COST BENEFITS

The cost benefit analysis performed in support of the Tri-Service GPS Steering Committee
was based on an analysis of service-derived TSPI requirements for the 1985-1987 (near-
term) and post-1987 (far-term) timeframes. Strawman GPS- and non-GPS-based
instrumentation suites were defined for eight generic test ranges encompassing the basic
test and training activities of the major DoD test ranges. Near-term equipment
configurations were in general consistent with existing national range capabilities. Far-term
GPS- and non-GPS suites were permitted to evolve to meet increasingly stringent TSPI
requirements. For the non-GPS case, this meant the introduction of phased array radars
and extended coverage, ground-based multilateration systems.

The cost benefit analysis addressed both life-cycle cost and performance against the
projected support requirements. The performance analysis focused on the major
requirement issues — real-time and post-mission accuracy, broad-area and low-altitude
coverage, number of users, and data rate — but included consideration of such issues as
growth potential, technical risk, portability, and integration difficulty. Table 2 summarizes
the recommended implementation priorities by generic range and timeframe.



The essence of the life-cycle cost (LCC) comparison was a tradeoff between the
development, acquisition and maintenance of several thousand relatively inexpensive GPS
user equipment sets vs the maintenance and replacement of a relatively small number of
major ground-based facilities. The results indicate a potential 20-year LCC savings for
DoD of as much as $1.1-1.5B if GPS were efficiently integrated into range operations and
selected ground-based tracking systems were eliminated. For three of the generic ranges
— supporting tactical air combat training, strategic missile testing, and bomber/cruise
missile testing, respectively — the potential LCC savings are sufficiently great to
recommend integration of GPS prior to achieving a full satellite constellation. Three other
ranges show significant long-term LCC savings, while in two application areas
introduction of GPS might in fact increase the 20-year LCC. The trends in the LCC
analysis are relatively insensitive to 25-50% variations in major cost elements.

In most applications, GPS was much more effective in meeting the major performance
requirements than the non-GPS option, primarily through a moderate improvement in
accuracy (particularly in velocity) combined with a significant improvement in coverage
volume and low altitude coverage. GPS also in general offered better growth potential,
portability, and standardization. On the negative side, the possibility of partial signal
masking for under-wing, pod-mounted receivers and uncertainty over whether or not GPS
receivers can be made small and inexpensive enough for tactical missile applications
(translators provide an alternative) represent technical risk areas which must be resolved.

RECOMMENDED GPS EQUIPMENT

The recommended family of GPS user equipment includes both receivers and translators to
serve as sources of test article TSPI data. These equipments must be capable of operating
in dynamic environments ranging from those encountered in strategic or tactical missiles
and fighter aircraft down to land vehicles and surface ships. Because of this diversity in
operating requirements, two classes of test article receivers and translators are specified:
High Dynamic and Low Dynamic Receivers and Low and High Power Translators. In
addition, existing GPS Geoceiver (for site survey) and Timing Receiver equipments are
recommended for general range support. Top-level features of these equipments are
summarized in Table 3. A matrix of the potential applications of this equipment is provided
in Table 4. It is anticipated that 2000 to 5000 of each receiver type may be required over
the first 20 years of system operation, with up to 10,000 translators (primarily the low
power version).

The physical dimensions indicated in Table 3 are readily achievable with current
technology and would meet the majority of test range requirements. However, this would
necessitate utilization of translators for all small test article (e.g. , tactical missile) tracking,
with the attendant limitations on number of simultaneous tests. Receiver size reductions to



below 100 cubic inches are projected for the early 1990’s. If size reduction could be
accompanied by a corresponding cost decrease, receivers would become the preferred
TSPI source for most small and/or expendable test articles.

SUMMARY

The potential benefits of GPS as a source of TSPI has been clearly established and DoD
has accelerated, efforts to effect a timely integration of GPS into national test range
operations. Development of a family of GPS equipment generally consistent with that
described in this paper has been initiated by the newly formed GPS Range Applications
Joint Program Office (RAJPO). However, several issues relating to implementing a GPS-
based TSPI capability remain to be resolved.

The most significant issue remaining to be addressed is the problem of how to relay a TSPI
solution computed on the test article to the monitoring station to support both real-time test
monitoring and post-mission data analysis. Interfacing with existing data links and
telemetry channels is the likely near-term solution; however, development of a
standardized data link could be a more cost effective long-term solution.

There are also a number of issues which require field test resolution as GPS equipment
development progresses. Validation of the differential tracking concept and evaluation of
multipath effects have been previously mentioned. Possible antenna masking for pod-
mounted systems carried under aircraft wings also requires experimental evaluation. If
ground-based “pseudolites” are to be used to augment the GPS satellite constellation for
special test applications, there is also a series of interface issues which require field test
evaluation. An on-going test program should provide resolution of most of these issues by
late-1984.
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Figure 1.  Example of GPS Translator Concept



Figure 2.  Differential GPS Concept



TABLE 1
EXPECTED GPS TSPI ACCURACY

Assumptions: No Uncompensated User Dynamics (INS Aided)
Receiver or Translator
GDOP = 3 (HDOP = 1.5; VDOP = 2.5)

Accuracy (lo)

REAL-TIME* REAL-TIME
DIFFERENTIAL

POST-MISSION
DIFFERENTIAL

C/A-CODE P-CODE C/A-CODE P-CODE C/A-CODE P-CODE

Position (ft)
x,y
z

Velocity (fps)†

x,y
z

30
51

0.06-0.65
0.11-1.10

14
23

. 0.06-0.65
0.11-1.10

25
41

0.06-0.65
0.11-1.10

  7
12

0.06-0.65
0.11-1.10

  6
10

0.02
0.03

2
4

0.02
0.03

*Assumes 10 ft uncompensated ionospheric bias, C/A not available on L2 , and 10 ft multipath error.

†For 1-10 Hz data rates.



TABLE 2
RECOMMENDED GPS RANGE APPLICATIONS

GENERIC RANGE
(BY PRIORITY)

RANGE
CATEGORY

TYPICAL
TEST ARTICLE

TIMEFRAME

NEAR
TERM

FAR
TERM

Tactical Air

1 Ballistic Missile

Extended-Range Air

OT&E* , Training

DT&E† , OT&E

DT&E, OT&E

Aircraft, Drone,
Cruise Missile

Ballistic Missile,
ABM, SMILS

Cruise Missile, Bomber

GPS

GPS

GPS

GPS

GPS

GPS

Sea-Based Tactical
(Near-Shore)

2 Short-Range Air
(Land)

Short-Range Air
(Water)

OT&E, Training

DT&E, OT&E

DT&E, OT&E

Aircraft, Missile,
Ship

Aircraft, Drone,
Missile

Aircraft, Drone,
Missile

GPS

GPS

GPS

Ground-Based
Tactical

3 Sea-Based Tactical
(moving)

OT&E, Training

OT&E, Training

Aircraft, Drone, Land
Vehicle, Troops

Ship, Aircraft

GPS

GPS

*Operational Test and Evaluation

†Development Test and Evaluation



TABLE 3
RECOMMENDED GPS INSTRUMENTATION FAMILY

PARAMETERS

RECEIVERS TRANSLATORS

GEOCEIVER
TIMING

RECEIVERHIGH
DYNAMIC*

LOW
DYNAMIC

LOW
POWER

HIGH
POWER

Channels

Codes

Frequency

Size (in3)

Weight (lb)

Power (W)

5

P, C/A

L1
†, L2

<600

<40

<140

2

P, C/A

L1

<450

<25

<100

-

C/A

L1

<30

<3

<45

-

C/A

L1

<140

<10

<100

1

P, C/A

L1 , L2

<3500

<50

<100

1

C/A

L1

2000

35

300

*Two packaging options:  rack-compatible and pod-mounted.

†Translator signal receiver will have common components except for an S-band front-end
module.



TABLE 4
POTENTIAL APPLICATIONS FOR GPS RECEIVERS AND TRANSLATORS

APPLICATIONS

RECEIVERS TRANSLATORS

GEOCEIVER
TIMING

RECEIVERHIGH
DYNAMIC

LOW
DYNAMIC

LOW
POWER

HIGH
POWER

Test Articles:
• Aircraft

• Drones

• Short Range Tactical
Missiles

• Land Vehicles

• Ships

• Strategic Missiles

• Anti-Satellite Missiles

• Cruise Missiles

Baseline Range Equipment:
• Differential GPS Reference

Receiver

• Translator Receiver

• Rawinsonde Tracker

• Survey

• Time Reference

X*

X*

X*

X

X†

X

X

X

X

x

X*

X

X*

X*

X

X**

X

X*

X

X

  *IMU Aiding Desirable

  †High Dynamic Receiver with S-Band Front-End Module

**SMILS Positioning
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ABSTRACT

Tracking system implementations based on the retransmission of Global Positioning
System (GPS) satellite signals from a test vehicle with signal tracking and trajectory
estimation performed by ground-based range equipment are addressed. Two types of
vehicle-borne frequency translators are described, techniques for correcting translator local
oscillator error are proposed and potential techniques for receiving, recording and relaying
translator signals using IRIG standard telemetry equipment are suggested.

INTRODUCTION

The potential use of the Global Positioning System (GPS) on the test and training ranges
was investigated by a tri-service committee commissioned by the Office of the
Undersecretary of Defense for Research and Engineering. The key findings of the study
are that GPS is a viable option for making trajectory measurements in most types of range
scenarios and a family of GPS range instrumentation should be developed(1). A significant
conclusion of the study is that GPS translators will be useful in a variety of range
applications, particularly those involving destructive testing (e.g., missiles) and when no
more than five or six test articles are active at the same time in the same arena.

Figure 1 illustrates the components of a GPS translator tracking system. The translator
receives CPS L-band signals and retransmits them on another frequency, fx . The translated
signals are received, recorded and processed at one or more receive sites.



Figure 1   Translator Tracking System

GPS SIGNAL CHARACTERISTICS

The GPS satellites continuously broadcast on two L-band frequencies, 1575.42 MHz (L1)
and 1227.6 MHz (L2). Superimposed on these carriers are two coded signals unique to
each satellite: a precision code (P-code) pseudorandom noise (PN) signal with a
10.23 MHz chip rate and a course/acquisition code (C/A code) PN signal with 1.023 MHz
chip rate. The L1 frequency contains both the P-code and C/A code while the L2 frequency
contains either a P or C/A code. Superimposed on the P and C/A codes are 50 Hz chip rate
navigation data containing the navigation message.

A “typical” receive level in a 1.5 MHz bandwidth for the L1 C/A signal at a ground station
is -160 dBW from a 0 dBi antenna.

When a translator is employed, the GPS signals are degraded by the translation process
and by sidebands on the output carrier which may induce noise at the receiver input. The
transmitted signal-to-noise ratio, S/Nt, may be expresse as:

(1)



where:
S/Nsr  =  translator received signal-to-noise ratio,
N1  =  degradation due to the translation process, and
N2 =  receive system degradation due to transmitter induced noise.

Accurate trajectory measurements can be obtained even when S/Nt is as low as -30 dB in a
1.5 MHz bandwidth since there is a recovery of 40 dB or more after the signals are
despread.

The output spectrum of a translator can be characterized as band-limited noise so that the
signal-to-noise ratio at the remote receiving site S/Ntr , is:

(2)

where:
PR =  power of the translated signal at the receiving system input, and
PN =  receiving system noise power referenced to the receiver input.

TRANSLATOR TYPES

Two types of translators, analog and digital, are suitable for test range applications. These
translators operate with the L1 C/A signals to conserve spectrum and power.

Analog Translator

The analog translator receives the satellite signals and retransmits them on another
frequency. The first generation analog translator used conventional heterodyne techniques
and class A amplification to ensure that nonlinearities did not introduce phase noise on the
satellite signals. A second generation miniaturized analog translator is being developed
using limiting and class C amplification to reduce power requirements.

Figure 2 is a simplified block diagram of an analog translator.



Figure 2   Analog Translator

The translator input contains several satellite signals. In an earth-fixed reference frame
each signal’s carrier has Doppler shifted frequency, fst :

(3)

where:
L1 =  1575.42 x 106, Hz

        =  range rate between a satellite and a translator due to translator motion, m /s,

        =  range rate between a satellite and a translator due to satellite motion, m/s, and

c = velocity of light, m/s.

The received GPS signals are translated to the output frequency, fa:

fa  =  fst  +  K1 (flo  +  e) (4)

where:
K1 =  multiplication factor,
flo =  nominal local oscillator (LO) frequency, Hz, and
e  =  LO error, Hz.



1 The LO used in the translation process typically may exhibit offset error as large as 5 parts in 106

and drift error as large as 1 part in 106.

Also, a pilot tone, fp , is synthesized from the same LO:

fp  =  K2 (flo  +  e) (5)

where:
K2  =  multiplication factor.

The pilot tone can be used for telemetry tracking, to aid GPS signal tracking, and to
correct translator LO error.1 The tone is placed 1.8 to 1.9 MHz below the carrier and the
level is set as low as practical to conserve spectrum and minimize satellite signal
degradation.

An analog translator is used in the TRIDENT SATRACK system.

Digital Translator

Figure 3 is a simplified block diagram of a digital translator.



Each GPS signal’s carrier, fst, is shifted to a very low IF and the in-phase, fif(I), and
quadrature, fif(Q), components formed. The IF, fif, is:

fif =  fst  -  KA (flo  +  e) (6)

where:
KA  =  multiplication factor.

The in-phase and quadrature signals are one bit quantized to form the modulation signals,
fm(I) and fm(Q).

The carrier, fc, is:

fc =  KB (flo  +  e) (7)

where:
KB  =  multiplication factor.

The carrier is quadrature phase shift keyed (QPSK) to form the transmitted signal, fd. The
carrier may be used for the same functions as described for the pilot tone.

Due to the digitization process, the digital translator has a larger N1 term than an analog
translator. For example, at a 2 MHz sampling rate, which is compatible with a 1.5 MHz
bandwidth, the degradation with one bit quantization is 2.2 dB(2).

The digital translator is applicable to situations where the transmitted data must be
encrypted or when telemetry and GPS signals are to be simultaneously relayed on the same
link. However, the digital translator requires higher transmitted power than the analog
translator for equivalent performance.

A digital translator is being developed for the Global Positioning System-Sonobouy
Missile Impact Location System (GPS-SMILS).

TRANSLATOR LO ERROR CORRECTION

Proposed techniques for correcting translator LO error at the receiving site are discussed
below.



Analog Translator

The received analog translator carrier and pilot frequencies are:

(8)

and

(9)

where:

           =  the range rate between the translator and the receive site, m/s.

Figure 4 shows a technique for removing the translator LO error using the filtered pilot
signal.

(10)

Figure 4  Analog Translator LO Error Correction

The result, f 'ar , is the translator input, fst, with translator-to-receive-site Doppler.
Consequently, only an estimate of the total Doppler, satellite-to-translator and translator-
to-receive-site, is needed when signal tracking aids are required by the GPS translator
receiver. The extent of tracking aids needed is dependent on vehicle dynamics and the
receiver design.

Digital Translator

The received carrier and modulation frequencies after demodulation are:

(11)

and



(12)

Figure 5 shows a technique for removing the digital translator LO error using the recovered
carrier and quantized signals from a QPSK demodulator.

(13)

Figure 5   Digital Translator LO Error Correction

At a 2 MHz sampling rate, the output signal is the same as for the analog translator except
for the 2.2 dB degradation from the translator digitization.

IMPLEMENTATION CONSIDERATIONS

This section describes several receiving site configurations, and proposes a technique for
receiving and recording translated GPS signals using standard telemetry equipment.

Minimum Receive Site Capability

A minimum-configured receive site is shown in Figure 6.

The solid lines indicate a configuration that requires a wideband data relay, and signal
tracking and trajectory estimation at the central facility. Addition of a GPS receiver
(dashed lines) to process translator signals at the remote site allows the use of a
narrowband data link. In both configurations the translator signals are received,
downconverted to a predetection frequency, wideband recorded, and the translator LO
error corrected.

A wideband relay (e.g., commercial T-1 carrier) with 1.5 MHz bandwidth may be used for
analog translator predetection signals if the pilot tone is removed. Otherwise, a 3 MHz
bandwidth is needed. The digital translator signal may be directly relayed on a 1.5 MHz
bandwidth channel. A narrowband relay (e.g., telephone channel) may be used for the
processed data.



Figure 6   Minimum Receive Site Capability

Both configurations require differential corrections at the central facility and data from a
minimum of four satellites for trajectory estimation. The use of differential CPS improves
accuracy by correcting errors resulting from satellite ephemerides, satellite clock and
ionospheric delay.

Full Receive Site Capability

The configuration shown in Figure 7 provides a capability to generate a vehicle trajectory
with differential corrections at the receive site.

Use of a low noise oscillator and synthesizer (dashed lines) to provide common frequency
and time references for the telemetry and GPS receivers may allow trajectory estimation
with signals from only three satellites if time delays and frequency shifts can be either
measured or modeled and estimated.

Receive/Record/Playback with Standard Telemetry Equipment

When analog and digital translator signals are transmitted at S-band, standard telemetry
equipment at many test ranges can be used. The S-band signals can be received and
downconverted to a suitable record frequency, and possibly wideband recorded and played
back when a proper time base error corrector (TBEC) is employed(3). Field test results
indicate TBEC equipment may reduce standard recorder time base error sufficiently to 



Figure 7   Full Receive Site Capability

allow GPS receiver lockup during playback using conventional 4 MHz telemetry
recorders(4).

SUMMARY AND CONCLUSIONS

Two types of GPS signal translators, analog and digital, are useful for test range
applications. The analog translator has less signal-to-noise degradation and requires less
transmitted power for equivalent performance but the digital translator is applicable when
encryption is required or telemetry is relayed on the same link.

When tracking aids are needed, proposed techniques to correct translator local oscillator
error may allow the GPS receiver to track translated signals with only an estimate of total
Doppler. Consequently, for high dynamic applications of translators or receivers, a single
signal tracking design may be feasible.

Minimum receive site equipment is needed when data are relayed for processing at a
central facility. When a receive site is configured with a GPS receiver for processing
translator signals, a GPS reference receiver, and common frequency and time references,
trajectory estimation may be feasible using data from only three satellites.

When GPS signals are translated to S-band and proper time base error correction
equipment is employed, standard telemetry receive/record equipment may be used.



The techniques described in this paper have significant implications with respect to
development and implementation of translator tracking systems as range instrumentation.
The techniques should be tested and their performance levels determined.
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ABSTRACT

To properly evaluate equipment, doctrine, and operator performance, the test and training
range must accurately position players in both time and space. The NAVSTAR Global
Positioning System (GPS) offers the potential to revolutionize range instrumentation. In
high dynamic environments, an integrated system composed of a GPS receiver and an 



Inertial Navigation System (INS) can overcome the effects of vehicle acceleration and
signal blockage by vehicle structures.

The GPS Receiver uses the INS velocity measurements to aid satellite reacquisition
following signal losses and to aid sequential reacquisition in sequencing receivers. The
INS also permits navigation during signal outages due to antenna masking and can be used
to maintain high-quality, high-rate navigation solutions between GPS updates. The long-
term accuracy of GPS is used to remove the effects of INS instrument errors, such as gyro
drift, making it possible to acheive a high level of combined system performance using a
low cost INS, which would have relatively poor long-term autonomous performance. The
complexity of the GPS receiver required for a specific level of system performance is also
reduced with the presence of INS aiding.

This paper summarizes GPS experience at CGAD and discusses various types of INS
sensors and their consideration in GPS/INS integration.

INTRODUCTION

The NAVSTAR Global Positioning System (GPS) is a space-based radio navigation
system that provides suitably equipped users with worldwide, 24 hour per day three-
dimensional position, three-dimensional velocity, and coordinated universal time. GPS
consists of the three segments described below:

a. The Space Segment contains the satellites that broadcast L-band navigation signals.
When fully implemented, the orbital constellation will consist of 18 operational
satellites in circular 12 hour orbits of 26,600 km radius (20,230 km altitude). The
satellites will be uniformly spaced with three satellites in each of six orbital planes. The
orbital planes will be inclined at 55 degrees with respect to the equator. Each satellite
has a mean mission duration of six years, and a design life of 7.5 years.

b. The Ground Control Segment monitors the broadcast satellite signals and up-links
corrections to ensure a predefined error budget. The operational control segment will
consist of five monitor stations, a master control station, and three up-link antennas.
The monitor stations will be positioned worldwide to allow simultaneous tracking of
the full satellite constellation and to relay orbital and clock information to the master
control station. The master control station processes this information and forms
corrections that are up-linked to the satellites by the up-link antennas.

c. The User Segment passively receives the nagivation signals and computes the user’s
present position, velocity, and time.

The system concept is summarized in Figure 1.



Each satellite continuously broadcasts on two L-band carrier frequencies: L1, at 1575.42
MHz and L2 at 1227.6 MHz. Superimposed on these frequencies are two unique
pseudorandom codes: the precision (or P) code and the coarse/acquisition (or C/A) code.
The P-code has a chipping rate (or data bit rate) of 10.23 MHz and repeats an a seven day
period. The C/A-code chipping rate is 1.023 MHz and repeats every millisecond. The L1

frequency contains both P and C/A-codes. The L2 frequency can contain either the P or
C/A-code but not both; the P-code is typically used. In addition, superimposed on both
frequencies is system data at 50 bits per second that provides handover information from
the C/A to P-code, satellite orbital characteristics, satellite health status, and satellite clock
errors. To obtain a navigation solution, the user measures “pseudorange” to each of four
satellites by timing the received pseudorandom code epoch with respect to his local
estimate of system time. The term “pseudorange” is used since the timing measurement of
true range to the satellite is in error by the user’s as yet undetermined time bias. The user
then solves four equations in four unknowns to determine his three-dimensional position
plus time offset. Three-dimensional velocity is determined by measuring the doppler shifts
on the received carrier frequency.

In 1979, the United States Department of Defense committed the funds for the full-scale
development of NAVSTAR GPS. Since that time, production contracts for the Control
Segment and Space Segment have been issued. The system schedule calls for maintaining
a test constellation of five satellites through 1985, followed by seven production satellite
launches per year over the period 1986 through 1988. This will result in an interim
worldwide two-dimensional capability in late 1986 and the full three-dimensional
operational capability by mid-1988. The present five satellite constellation provides
approximately four hours per day of three-dimensional coverage for test and
demonstration.

SYSTEM ERROR BUDGET

GPS User Equipment performance is a function of error source contributions from all three
system segments. The error budget is presented in Table I.

The column labeled “L1/L2 P-code” represents the specified error budget for the CGAD
military Full-Scale Development equipment currently operating in the field. Note the
partitioning of error sources between the User Equipment and the external sources (Space
and Control Segments). Also note the contribution from the dual frequency ionospheric
measurement and the receiver noise/resolution. Total system ranging error to a satellite is
then computed as the root-sum-square (RSS) of the individual error sources. Three
dimensional (3D) RMS navigation error is computed by multiplying the ranging error by
the RMS position dilution of precision (PDOP). PDOP is a statistical measure of the error
contribution due to the geometric position of the satellites in real time. PDOP of 3.7 is the



RMS value for the planned 18 satellite constellation. Spherical Error Probable (SEP), or
50 percentile, navigation error is approximately 80 percent of the 3D RMS value. The
resultant 3-dimensional SEP value for L1/L2 P-code sets is 15.7 meters. In comparison, a
GPS set using only the L1 frequency and C/A-code has a predicted 3-dimensional SEP
position accuracy of 55.4 meters.

Table I. GPS Error Budget.

ERROR CONTRIBUTION
(METERS)

ERROR SOURCE
L1/L2

P-Code
L1 

C/A Code

Space & Control
Segments

Clock & Navigation Subsystem Stability
Predictability of Satellite Perturbation
Ephemeris Prediction & Model Implementation
Other

2.7 (1-Sigma)
1.0
2.5
0.7

2.7 (1-Sigma)
1.0
2.5
0.7

User
Equipment

Ionospheric Delay Compensation
Troposheric Delay Compensation
Receiver Noise & Resolution
Multipath
Other

2.3 (1)

2.0
1.5
1.2
0.5

10.0 (2)

2.0
15.0
1.2
2.0

Ranging Error = RSS Total (1-Sigma) 5.3 18.7

3D RMS Navigation Error = (PDOP RMS) Ranging Error)
= (3.7) (Ranging Error)

19.6 69.2

3D (Spherical Error Probable) = 0.8 (3D RMS) 15.7 55.4

NOTES:  (1) Measured Ionospheric Delay;  (2) Modeled Ionospheric Delay

GPS system errors can be reduced through a differential technique. This is typically
accomplished by removing a system bias computed by a GPS set at a known location.
Differential corrections can be transmitted to the GPS receiver in real time, or applied
during post mission analysis. Differential test results have shown a reduction of position
error to about 5 meters for a P-code reciever (1). C/A code differential errors have been
predicted as low as 12 meters (2).

USER EQUIPMENT BACKGROUND

CGAD has provided a significant contribution to GPS User Equipment development since
1975. Participating in the Phase I concept validation program, we built and flight tested the
GPS Generalized Development Model (GDM). The GDM proved the feasibility of aiding



the GPS Receiver with Inertial Navigation System (INS) data. INS aiding can extend the
antijam margin as well as minimize the affects of vehicle dynamics on the receiver tracking
loops. In addition, the GDM included a high performance antijam antenna.

Capitalizing on this Phase I experience, CGAD secured a DOD User Equipment Phase II
Full Scale Development contract. The scope of this program is to design, produce, and
field test a family of User Equipment for traditional military vehicles. Field testing will be
conducted on the following specific platforms: M-35 truck, C-141 transport aircraft,
manpack, M-60 tank, UH-60 helicopter, CV-63 class aircraft carrier, SSN-688 class
submarine, A-6 attack aircraft, F-16 fighter, and B-52 bomber. Requirements for all these
vehicles are satisfied by one of three receiver configurations:

a. 1-Channel Receiver for the manpack and land vehicle classes.
b. 2-Channel Receiver for the helicopter/Army reconnaissance, transport/tanker/ASW

aircraft, and surface ship classes.
c. 5-Channel Receiver for the submarine, attack aircraft, fighter, and bomber classes.

Representative systems along with equipment characteristics are summarized in Figure 2.
Note that these units are designed to the full military environment and are specified to
provide 16 meters (spherical error probable) three dimensional position accuracy, and 100
nanosecond (one-sigma) coordinated universal time accuracy. Preliminary field tests
conducted on the M-35 truck and C-141 transport aircraft since December 1982 have
demonstrated our ability to meet these requirements.

RECEIVER ARCHITECTURE

All GPS Receivers can be described by the functional block diagram pictured in Figure 3.
Implementations can be divided into two basic configurations: (1) receivers which
continuously track four or more satellites, and (2) receivers which sequence through the
satellites by time sharing less than four receiver channels.

In a continuous tracking implementation, each receiver channel is assigned to an individual
satellite. At least four channels are required to solve for three dimensional position plus
time. A continuously tracking receiver can autonomously track the dynamics of a high
performance aircraft.

In a sequential tracking receiver, the receiver channel (or channels) must sequentially
multiplex between the four satellites. The dwell time per satellite is typically less than one
second. The sequential receiver has the advantage of lower size, weight, and power than
the continuous tracking receiver, but has less capability to autonomously track through 



vehicle dynamics. This can be overcome, however, by properly integrating with a velocity
aiding sensor.

INERTIAL NAVIGATION SYSTEMS

The basic functions of an INS are the measurement of acceleration, and the integration of
acceleration into velocity and position. The inertial sensor may be either a stable platform
or a strap-down system. In a stable platform system, accelerometers are mounted on a
platform which is suspended in a set of gimbals so that it can maintain a given orientation
in space. The gyros detect any rotation of the platform and leveling loops keep the
platform stable. In many systems, as the vehicle moves across the earth, torques are
applied to the gyros to keep the platform aligned to a computed locally level position. If
this alignment were perfect, all the effects of gravity would be experienced by the vertical
accelerometer, and the other accelerometers would measure lateral acceleration directly.

In a strap-down system, the gyros and accelerometers are fixed in orientation to the body
of the vehicle. The angular motions measured by the gyros are used to compute the
relationship between the vehicle body axes and the Earth. The accelerometer
measurements are then resolved into the equivalent of the platform axes in the gimbaled
system.

In either system, the INS computes position and velocity by integrating accelerations in a
locally level reference frame. Acceleration is measured by accelerometers mounted on the
instrument platform, and the INS computer maintains the relationship between the
accelerometer platform and the reference coordinate system. Platform misalignment, or tilt,
is the error in this transformation, which creates position and velocity errors due to errors
in resolving measured acceleration in the reference coordinate system.

INS errors are attributable to imperfections in the gyroscopes and accelerometers.
Gyroscope drift and measurement errors contribute directly to platform misalignment.
Accelerometer measurement errors contribute directly to position and velocity errors, since
the measured acceleration is integrated to estimate position and velocity. Accelerometer
errors also contribute to platform misalignment, since the position derived from
acceleration measurements is used to compute local vertical.

INS measurement accuracy can be very good in airborne systems, although increased
accuracy means increased size, weight, and cost. A wide range of inertial sensor accuracy
is available, however. These sensors can generally be categorized according to the
accuracy required in the intended application. Navigation quality sensors are intended for
autonomous navigation over long periods of time (hours) and large distance (hundreds of
miles). Tactical quality sensors are used for short term autonomous navigation (over a few



minutes and tens of miles). AHRS (Attitude and Heading Reference System) reality
sensors are used for attitude and heading data, and are generally not intended for
navigation at all. These distinctions are arbitrary, of course (some AHRS may have high
quality sensors, for example), but serve to show the range of sensor performance available.
Table II gives some relative data regarding the performance of these various systems.

Table II.  Inertial Sensor Characteristics.

SENSOR
CATEGORY

COST
($1000)

WEIGHT
(LBS)

SIZE
(CU IN)

GYRO DRIFT
(E/HR)

AUTONOMOUS
NAV ACCURACY

(NM/HR)

Navigation

Tactical

AHRS

75-100

25-50

10-25

30

20

10

400

250

200

.01

>.1

>1

.5

>5

>50

THE RANGE PROBLEM

The test and training range has the mission to evaluate equipment, doctrine, and operator
performance in a simulated environment. For high dynamic players, the exercise may be
enacted in an electronic-based Air Combat Maneuvering Range. In this environment,
multiple players engage in simulated battle. The range must accurately position the players
in both time and space for real time scoring and postmission evaluation.

A typical Air Combat Maneuvering Instrumentation (ACMI) uses ground based tracking
systems. Such systems are limited by line-of-sight restrictions, require maintenance of
remote site locations, and lack range interoperability. These limitations are illustrated in
Figure 4.

NAVSTAR GPS has the potential to alleviate these problems as shown in Figure 5.
However, since GPS is also an externally referenced system, there is concern over
maintaining system performance during high dynamics. Specifically, how will GPS based
ACMI overcome the effects of vehicle acceleration coupled with the satellite loss during
maneuvers? And, how will this be accomplished with the additional constraint of not
interfering with the vehicle’s normal on-board systems while fitting inside a pod the size of
an AIM-9L Sidewinder? The solution is an integrated GPS/INS system. The GPS receiver
provides the basic position accuracy; the INS bridges GPS satellite outage gaps and aids
satellite acquisition and reacquisition. In addition, the INS provides real-time vehicle
attitude.



INTEGRATED GPS/INS SYSTEM DESCRIPTION

A model of an integrated GPS/INS system is shown in Figure 6. The GPS Receiver
measures pseudorange and delta pseudorange, and contains an accurate clock to provide
an estimate of user time. For purposes of this discussion, the receiver may be viewed as a
continuous tracking (5 channel) or a sequential tracking (1 or 2 channel) receiver. For
range instrumentation, with suitable quality INS aiding and without a jamming threat, a
sequential receiver may be appropriate, even for high dynamic applications. The
sequencing may be fast (on the order of 4 ms per satellite) or slow (1 s), since INS aiding
also makes slow sequencing feasible in high dynamics.

The Inertial Sensors measure vehicle angular rates and linear accelerations. The INS
mechanization maintains the relationship between the Inertial Sensor platform and local
level, which defines vehicle attitude, and integrates the acceleration measurements into
velocity and position. The INS will generally provide good short-term accuracy and high
rate measurement (20 to 50 Hz) of these vehicle states. The impact of the quality, or
measurement accuracy, of the inertial sensors on total system performance is an important
consideration in the system design.

When the receiver is tracking GPS signals, the Kalman filter estimates the errors in the
INS position and velocity solution and the error in the GPS receiver time estimate. The
basis for estimating these errors is the GPS receiver measurements of satellite pseudorange
and delta pseudorange. In the CGAD GPS User Equipment, the Kalman filter updates the
error state vector once per second. The error state vector corrections are applied to the
position and velocity solution, and to the receiver time estimate. INS misalignment and
modeled instrument errors are also corrected.

GPS Receiver Aiding is derived from the system navigation solution. The position and
velocity of the GPS antenna are projected along the satellite line-of-sight, and estimates of
pseudorange and pseudorange rate and acceleration are computed. The receiver uses these
estimates for controlling the code generator and code and carrier oscillators.

COMBINED SYSTEM PERFORMANCE

INS Calibration - The Kalman filter uses high accuracy GPS Receiver measurements of
three-dimensional position, three-dimensional velocity, and Coordinated Universal Time to
estimate the errors in other measurements made by the system. These will include, as a
minimum, generic INS errors (position error, velocity error, and platform misalignment)
and the GPS Receiver clock error. INS instrument errors (gyro and accelerometer scale
factor and bias errors) may also be modeled. The utility of modeling instrument errors
directly, and the specific instrument errors to be modeled, depends on the particular



sensors being used, the accuracy required of the system, and the typical mission scenario
(length of flight, dynamics, frequency, and duration of satellite loss, etc.).

In the CGAD FSD User Equipment, only the generic INS errors were modeled, with
instrument errors modeled as process noise in the position, velocity, and platform
misalignment states. This approach allowed common software to be used for integration
with a number of different INS’s, rather that using unique instrument models for each INS.
In addition, these INS’s were generally high quality systems, and only marginal
performance benefits could be acheived through more elaborate mechanizations. In
simulations using very low-cost sensors, position accuracy has been shown to be improved
by a factor of as much as 1.7 when instrument errors were modeled. Heading accuracy
improved by a factor of 3 or more.

The Kalman filter error state vector is used to correct the position and velocity solution,
and to “reset” the INS platform (correct misalignment). If instrument errors are also
modeled, the sensor measurements are corrected by the current bias estimates.

Navigation During Signal Outages - A range instrumentation system is required to maintain
high-quality measurements throughout the mission. In high dynamic aircraft, the GPS
Receiver can be expected to lose satellites periodically due to extreme dynamics or loss of
satellite line of sight due to antenna masking.

In CGAD FSD User Equipment, the tracking loop can track, unaided, through 90 meters/
second/second acceleration and 100 meters/second/second/second jerk. High performance
aircraft are capable of slightly higher dynamics that this, but not for extended periods.
Also, the tracking loop performance is only sensitive to dynamics along the satellite line-
of-sight, and the dynamics excursions would generally be seen along one satellite line-of-
sight at a time. Satellite loss due to dynamics would, therefore, be relatively infrequent, of
short duration, and limited to one satellite at a time.

The GPS antenna on a wing-mounted pod (ACMI, for example) could be designed to have
an optimal reception pattern for the location, but wing and fuselage blockage of the lines of
sight may still occur. During air combat maneuvering, the antenna masking may occur
frequently, but will be of relatively short duration.

In these situations, the INS provides measurements to help maintain navigation. In the
limiting case, if all four satellites were lost due to antenna masking and/or dynamics,
navigation could continue at the accuracy of the INS, which may be quite good for short
periods even with a low quality INS. In reality, the situation is more likely to involve the
loss of only one or two satellites, so navigation will continue using two or three satellites, 



the receiver clock, and the INS, resulting in performance better that the INS would be
capable of autonomously.

Propogation of High Rate Data - Performance analysis and simulation requires that vehicle
states be sampled at a high rate (20 Hz or greater) for high dynamic applications. In an
unaided GPS receiver, whole value position, velocity, acceleration, and time are estimated
once each second. Any propagation of data between the Kalman filter 1-second updates is
an extrapolation of the state existing at the previous second update, which would not
account to any changes in vehicle accelerations during the second. The presence of high
rate acceleration measurements from an INS makes it possible to propogate the navigation
solution accurately at a high rate.

Signal Reacquisition - Signal reacquisition refers to re-establishing carrier and code
tracking following a signal loss due to dynamics or antenna masking. Carrier tracking
requires synchronizing an internal oscillator with the received carrier signal. The carrier
will be shifted in frequency due to the doppler effects of relative velocity between the
vehicle and the satellite. Code tracking requires synchronizing an internally generated
pseudorandom code (C/A or P) with the code on the received signal. The code on the
received signal is shifted in position due to the transit time (distance) between the vehicle
and the satellite. Reacquisition involves searching for the carrier signal over a frequency
range (doppler uncertainty) and searching for the code over a range of code position
(pseudorange uncertainty). The carrier frequency range and code position range to be
searched, and therefore the reacquisition time, depends on the uncertainty in vehicle
position and velocity. In an unaided receiver, these uncertainties depend on the time since
signal loss and the dynamics that may be expected of the vehicle during this time. With an
INS aided receiver, these uncertainties are bounded by the INS errors that accumulate
during the signal outages. As discussed earlier, in high dynamic environments the signal
outages due to dynamics and antenna masking will be of relatively short duration. A low
quality INS can therefore be of considerable value in reducing the position and velocity
uncertainty during a signal outrage.

Sequential Reacquisition - In a sequential receiver, the receiver channels are sequenced
between satellites, with up to a one second dwell on each satellite, and a pseudorange and
delta range measurement at the end of the dwell. The CGAD 2-Channel receiver in the
normal tracking mode uses each channel to sequence between two satellites. The elapsed
time between successive dwells on the same satellite is one second (from the end of one
dwell to the beginning of the next dwell). The single channel receiver in the normal
tracking mode sequences between four satellites, so the elapsed time between dwells on
the same satellite is three seconds. Between successive visits to a given satellite, the
uncertainty in code position and carrier frequency grow with position and velocity
uncertainty.



In an unaided sequential receiver, the reacquisition strategy (code and doppler search
ranges) must assume that maximum vehicle dynamics have occurred during the time since
the previous dwell on a particular satellite. In the CGAD FSD User Equipment, the
2-Channel receiver is designed to perform unaided in a 20 meter/second/second
environment and the single channel receiver in a 6 meter/second/second environment. The
presence of INS aiding extends the dynamic range through which the sequential tracking
can be maintained by reducing the position and velocity uncertainty from one dwell time to
the next. The uncertainties must be reduced to the level where the doppler and code
searches can be accomplished and the pseudorange and delta pseudorange measurements
can be made within the one-second dwell time. Since the time between dwells in only a
few seconds, a relatively low quality INS can be of considerable benefit.

SIMULATIONS

A simulation of integrated performance was run to illustrate autonomous unaided vs INS
aided operation. The simulation environment consists of a multiple channel signal
generator (MCSG), an interface simulator, a master computer, and a production GPS
receiver. A flight scenario is chosen and programmed into the master computer. Under
master computer control, commands are simultaneously sent to the MCSG and interface
simulator to generate composite RF satellite signals and INS input data, respectively.
When unaided, the INS data are omitted.

Representative simulation results are shown in Figure 7. The interface simulator was
configured with a navigation grade, locally level INS error model. A 5-Channel production
receiver was then placed in the simulated environment and subjected to a flight scenario
including 2g coordinated turns at 60 degree roll angles. During periods of benign flight,
four GPS satellites were tracked to obtain the position solution. During the turns, two
satellites were lost due to antenna masking. This results in degradation of the GPS solution
to aproximately 75 meters error in the unaided configuration, but nearly undetectable
impact when INS aided.

CONCLUSIONS

CGAD has significant experience in designing, manufacturing, and fielding GPS User
Equipment. We are currently applying this experience to the range instrumentation
problem of accurately positioning players in both time and space.

For high-dynamic applications, our analysis and simulations have shown that an integrated
GPS/INS can provide continuous, high quality data, even through GPS signal outages. This
is accomplished by the GPS providing the steady-state solution during times of satellite
visibility and the INS filling induring short signal losses due to aircraft maneuvering.



Specific installation contraints and performance criteria must be considered in the final
design of GPS range instrumentation, but CGAD is confident that the requirements can be
met with a GPS/INS package.
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1-Channel Application 2-Channel Application 5-Channel Application

• System Weight 14.3 Pounds
• System Size 450 in3

• Receiver Weight 9.8 Pounds
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Loosing Lock

Vel 25 M/S
Accel 6 M/S/S

• P And C/A Code
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Loosing Lock
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Jerk 40 M/S/S/S
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• Receiver Size 1125 in3

• Unaided Dynamics W/O
Loosing Lock

Vel 1200 M/S
Accel 118 M/S/S
Jerk 180 M/S/S/S

• P And C/A Code
• L1 And L2 Frequency

Figure 2.  GPS Full Scale Development User Equipment

Figure 3.  GPS Receiver Functional Block Diagram



Figure 4.  Today’s Range Instrumentation

Figure 5.  NAVSTAR GPS Range Concept



Figure 6.  Integrated GPS/INS Model
 

Figure 7.  5-Channel Aided Vs. Unaided Simulation



PROMISING CIVIL APPLICATIONS OF THE NAVSTAR
GLOBAL POSITIONING SYSTEM
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ABSTRACT

The NAVSTAR Global Positioning System (GPS) uses space-based radionavigation
techniques to provide continuous, precise, reliable, real-time navigation capabilities to
users worldwide. Six Block I satellites are now in orbit and in 1988, when the full
constellation of 18 larger and more capable Block II satellites has been launched into
space, tens of thousands of DoD users will derive important military benefits from their
precise L-band signals. Large numbers of civilian users are also expected to use the
NAVSTAR system for a variety of non-military applications. These will likely include:

1. Air Traffic Control
2. Time Synchronization
3. Iceberg Tracking
4. Oil Exploration

In the proposed technical presentation, I will discuss these four promising civil
applications one-by-one.

Air traffic control for aircraft that must land at remote, noninstrumented airfields could
be accomplished with great precision and reliability using the NAVSTAR GPS signals. In
order to clarify the capabilities of this approach, I will present a series of barcharts
comparing the various air traffic control requirements with the capabilities of the
NAVSTAR system for this application will also be discussed.

The GPS specifications call for time synchronization accuracies of 100 nanoseconds.
Thus the system is competitive with virtually any alternate method of synchronization
accuracies of 25 nanoseconds or less. Moreover, for many practical applications, the
NAVSTAR approach is likely to be competitive in both cost and accuracy with stand-
alone cesium clocks.
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For approximately five months each year Arctic icebergs pass below 48 degress north
latitude causing North Atlantic shipping lanes to stretch southward by about 30 percent.
Thus iceberg tracking with GPS in the North Atlantic could ultimately save time, fuel, and
money for major shipping companies operating between Northern Europe and the United
States. In the meantime periodic iceberg tracking experiments could help our Arctic
researchers learn more about the day-to-day movements of hazardous icebergs.

Most of America’s major on-shore oil fields have already passed their peak productive
capacity. Consequently, in the next few years U.S. oil companies will have to rely upon
offshore oil exploration to fill their needs for new fossil fuels. More accurate positioning of
offshore oil rigs using the signals from the GPS satellites can greatly increase the
efficiency of offshore exploration by making their geological mapping operations more
reliable and precise. In the final section of the proposed presentation, I will explore some
of the major benefits to be derived from precision tracking of oil exploration vessels using
the NAVSTAR constellation.



REMOTELY OPERATED VEHICLE OVERVIEW
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ABSTRACT

During the last two decades a technological assault has been made on the world’s oceans.
Advances in technology extended man’s reach to the greatest ocean depths while he was
enclosed in the protective shell of a submersible vehicle. However, manned submersibles
are costly, and the ultimate safety of the operators can never be totally guaranteed. This is
even more evident in the offshore oil industry where divers are used to perform many of
the more routine inspection and work operations. Diver safety is important and the
acquisition and operation of dive systems is quite costly. Thus, the new challenge: to get
man back out of the sea, but keep his ability there. The technology for this challenge has
been addressed for more than a decade by the United States Navy. Unmanned vehicles and
work systems have been developed to perform undersea tasks, while the operator was
positioned topside in a safe, comfortable environment. During the last several years, the
application of this technology has appeared in the offshore oil industry, with the use of
unmanned systems growing from less than 10 to over 200. By using the unmanned systems
to perform those tasks previously restricted to “manned” systems, the doors have been
opened to apply todays “robotics” technology to the problem. The future development of
undersea robots will draw heavily on existing industrial robotics technology. It will supply
the technology base required to advance the state-of-the-art, so that future systems will be
able to autonomously perform entire work scenarios, with minimal supervisory control
from a topside operator. This presentation will present an overview of unmanned undersea
vehicles presently being used by the Navy and industry, and those areas where major
strides can be achieved through the application of robotics technology.
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USING MANCHESTER ENCODED DATA TRANSMISSION
FOR ROV TELEMETRY

Lawrence A. Mackey
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ABSTRACT

The communication link between the surface operator and an underwater Remote
Operated Vehicle (ROV) provides the critical function of monitoring and controlling the
movements of the ROV. If the communication link is weak, the ability to operate the ROV
is weak. The reliability of that communication link can be significantly improved by the
use of Manchester coding in time division multiplex (TDM) data telemetry systems that
provide a self-clocking method of data transmission. This method of data transmission is
presently used on both military (MIL-STD-1553), and commercial aircraft supplying data
communication between subsystems onboard.

One important part of telemetry that this paper discusses is the various signals that must be
telemetered between the surface and the ROV. The complexity of sending these signals
varies with the type of signal and the requited quality/resolution required at the opposite
end of the line. Also of importance is the media over which the data is being transmitted.
Transmitting data up and down long umbilical cables is not unlike data transmission
elsewhere, however there are subtle potential problem areas that most other systems are
able to avoid. The possible methods of transmission range from using a twisted pair of
wires, to the state of the art sophistication of fiber-optics. Each method has merits and
pitfalls that the potential user must be aware of before trying to use them.

INTRODUCTION

Like unmanned space vehicles, remote operated vehicles, or underwater robots, must pass
information to and from the operator for the ROV to complete it’s mission. ROV’s differ
from unmanned space vehicles, however, in several significant areas: (1) The ROV
operates in a real time mode where inputs from the operator causes immediate response by
the ROV; (2) ROV’s are generally commerical work vehicles rather than R & D platforms, 



and; (3) ROV’s are directly connected to the support vehicle with an umbilical that carries
communication and power for the ROV.

ROV system designs to date have generally been aimed at simplicity. While this approach
makes the basic vehicle easy to maintain and operate, the addition of even moderate
amounts of customer provided equipment on the ROV causes problems with lack of signal
paths to and from the surface to operate or control these additional subsystems.

The integrity of the communications link providing telemetry data to and from an ROV
directly impacts the ability of the ROV to accomplish it’s work tasks. A poor quality link
with even occasional loss of data dropouts can cause unpredictable results and jeopardize
both the ROV, the mission, and even the equipment being worked on.

TYPES OF ROV TELEMETRY

ROV telemetry basically consists of three types of signals: (1) Television video (typically)
4-5 MHz bandwidth from ROV to surface); (2) sonar video (typically less than 1-2 MHz
composite bandwidth but consists of several separate signals); and (3) data telemetry
(typically less than 1 MHz bandwidth composite, but consisting of many individual signal
being sent both to and from the ROV).

Sonar while being an important navigation aid, and/or a crucial component in the mission
work task, is not always critical to the survivability of the ROV (it is not always needed to
get the ROV home). For this reason, the sonar system has no redundancy in most ROV
systems.

TV video obtains it’s higher reliability through the use of cameras with overlapping views.
Most ROV’s have multiple cameras for better viewing of work tasks and to allow a pilot
to “fly” the ROV while an operator performs a work task.

ROV telemetry systems vary widely, from hardwire systems with a dedicated wire for
each function from surface to ROV, to sophisticated state of the art telemetry packages
handling all data transmission in both directions on a single coax. Each method used has
both advantages and disadvantages. In the final analysis, there are numerous ways of
performing the desired task all of which work with similar success. One particular method
that enjoys some success in the ROV field separates TV, sonar, and data telemetry, and
handles each individually. This technique decreases the probability of losing all three
functions simultaneously.

Of the many methods of transmitting data, time division multiplexing is one of the most
common, and works well with information that is of a low enough data rate requirement



that the intervals between samples does not detrimentally affect the performance of the
ROV. Transmitting TDM data is usually performed in a serial manner to minimize the
number of pathways needed. The most popular method of serial data transmission is the
RS232 data communications scheme. This method uses Non Return to Zero (NRZ) format.
Because of it’s simplicity, it has developed as a standard for serial communications
between computer equipment. This data transmission method suffers from a lack of noise
immunity, lack of a clock signal, and cannot within it’s own architecture detect or correct
errors.

DATA TELEMETRY SYSTEM

A key component of any ROV is the data telemetry system. The telemetry system
communicates commands from the operator to the ROV and performance and monitoring
data from the ROV to the operator’s display. The quality, speed, and integrity of the
communications link becomes a key element in the ability of the ROV to accomplish it’s
mission.

The aerospace industry has for some time used Manchester coding for data transmission.
It’s self-clocking and low error prone features make it desirable for use in both commercial
and military aircraft. Figure 1 shows the difference between Manchester and NRZ coded
data. ROVs made by AMETEK, Straza such as SCORPIO and SCORPI both use the
Manchester scheme of multiplexing data to and from the ROVs with excellent success.

Time division multiplexing (TDM) used on ROVs is like other TDM systems. Data from
multiple sources is sampled (source by source) and converted or formated into serial data
for transmission. The receiving unit (either ROV or surface console) takes the data from
the opposite end of the cable, and converts or reformats it back into a usable signal or
digital word.

The data handled by the multiplexer comes from three types of sources: manuevering data;
performance data; and equipment control data. The manuevering data includes both
command signals from the ROV on it’s actual position and attitude. Performance data from
the ROV gives the operator and pilot information on the status of the ROV such as
hydraulic pressures, and temperatures, leak alarms, and TV camera pan and tilt pointing
angles. Equipment control data provides command signals to operate manipulator arms,
camera pan and tilt, focus, etc..

Figure 2 shows an example of a multiplex system designed for use on ROVs. The data
handled by the multiplex system comes in three types: analog data, usually direct from
sensors or control circuits; digital word data, usually from computer based equipment; and
digital bit data, usually from switches or relay contacts. The handling of these signals is



made as simplistic as possible to allow for the use of spare channels by a variety of
sources without making any but the most minor of changes to the multiplexer. The
simplicity stressed in this design is for two reasons. First, the technical level of many of the
users of ROVs does not support the use of sophisticated electronics, and secondly, ROV
operation, whether alone or in conjunction with other work, is extremely expensive
($10,000 to $50,000 per day is common). Both reasons support the concept of simplifying
ROV maintenancy and trouble shooting.

Analog data is converted to digital one channel at a time, and handled similar to digital
words. Twelve (12) bit resolution of the A/D converter chosen for this example (8 to 16 bit
converters are readily available) again to demonstrate the flexibility of using the channel
for all analog signals. Digital words (either from the A/D or external data) are read one
word at a time and converted into a serial string, and encoded into Manchester data for
transmission. The digital bit data is grouped into words or portions of words (i.e.,
completing a 16 bit word in combination with an analog data channel) and handled in the
same way as digital words are. The reverse process is used when received, the data is
decoded from it’s Manchester format, and demultiplexed to their proper outputs.

The actual communication link between the ROV and the surface control equipment can
be one of a variety of methods. The simplest method is to send bidirectional data, half
duplex bi-phase, Manchester encoded, through a dedicated pair of twisted wires. The bi-
phase Manchester encoded data contains no DC component, thereby allowing easy
transfer coupling. Alternative methods include: (1) Frequency division multiplexing,
modulation of an RF carrier by the Manchester encoded data; (2) fiber-optic transmission
of the encoded data, and; (3) acoustic transmission of the encoded data.

At first glance the alternative methods may appear to make more efficient use of the
umbilical cable, but subject the data link to unacceptable risk or complexity. Frequency
division multiplexing requires high power driven circuits for long lengths of umbilical.
Fiber-optics are susceptible to breaks and unacceptable attenuation losses due to the
stresses imposed on the umbilical during launch and recovery. Acoustic links suffer from a
variety of random, unpredictable phenomenon associated with thru water acoustic paths
(thermoclines, beam spreading, reverberation, etc.).

While the use of a dedicated pair of twisted wires within the umbilical is considered the
simplest and most accepted method for data transmission, it too is subject to risk.
Umbilical damage is a common occurrence and depending on severity, may interrupt the
data link. There are, however, certain design steps that can minimize the risk of data link
interruption. These steps include installation of high voltage transient protective devices
and 60 Hz filter devices to prevent system failure resulting from accidental contact with
adjacent high voltage (up to 4,000 Vac) power conductors.



Equipment designs used on ROVs must, because of the small market for ROVs, make use
of technology developed in other market places. The aerospace industry has many of the
same goals and criteria that make good ROV designs. This makes designs, such as the
Manchester encoded data transmission scheme originally developed for use on military
aircraft, well suited for use in ROV systems.

Fig 1 - Nonreturn to zero(NRZ) AND MANCHESTER II CODES transmit
digital data in different forms. NRZ is a state code-HIGH equals ONE and
LOW equals ZERO. On the other hand, Manchester represents data with
transitions-rising equals ZERO and failing equals ONE. Because each valid
Manchester data cell contains a midcell transition, invalid data is eaiser to
detect.



 Figure 2



TOWARDS A UNIVERSAL DESIGN FOR ROV TELEMETRY
VIA FIBER OPTICS
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ABSTRACT

A brief description is presented on a current application of fiber optic technology to
Remotely Operated Vehicle (ROV) design. Significant advantage is realized in terms of
weight and space, EMI immunity, high bandwidth, and long length transmission capability.

Current design practice utilized a standard graded index 50/125 micron
telecommunications fiber “ruggedized” with a composite armor. On-going development
seeks to make this cable element small and expendable while preserving the high
bandwidth and low loss nature of the fiber. To free the system designer from mechanical
considerations, the cable is pre-spooled and carried and deployed by the vehicle.

Three dedicated communications channels are proposed on the single fiber by utilizing
optical wavelength multiplexing.

INTRODUCTION

Historically tether cables for ROV have been based on coaxial or multiconductor designs
to supply power and data transmission. Typically this approach led to the cable design
dictating the entire vehicle system design. The net result is that the telemetry/cable/surface
support requirements tend to be a major factor on the overall system costs. While this
approach will continue to be viable for some applications, maturing fiber optic technology
is providing the ROV system designer with some interesting alternatives. Fiber optics as a
transmission media currently offers the ability to send real time video images over at least
50 Km without the use of repeaters. To take advantage of this media, several technological
developments are being integrated which will provide a very attractive design alternative.
Multiple channels can now be implemented on a single fiber via wavelength multiplexing;
i.e. we can isolate different channels of information on a single fiber by transmitting each
at a different wavelength and optically multiplexing and de-multiplexing the data to and
from the fiber. Optical fiber manufacturing technology is now to the point where low loss,



high bandwidth, and high strength fibers can be produced in continuous lengths of
10-15 Km. Single fiber cables can be manufactured with ultimate tensile strengths of
100 to 200 lb. and diameters of 0.030 to 0.040 inches. Finally, low loss optical penetrators
have been developed and tested to 10,000 psi pressures.

A fiber optic cable provides high bandwidth capacity and extremely low loss which means
the size and design of the cable is no longer as sensitive to the data transmission
requirements. If the traditional power transmission requirement of the umbilical cable is
eliminated, as is the case for battery powered submersibles, then the cable can be
potentially small and expendable. The small size in turn leads to feasibility of the vehicle
deploying the cable in its track. One approach to implementing fiber optics for ROV
telemetry is to use a small and expendable cable as a tether link. A deployment technique
has been developed allowing a vehicle to carry the cable spool and deploy the cable in its
track resulting in a virtually zero cable drag operation. This deployment technique requires
that the cable be precision wound with a pre-twist to form a free-standing spool. To
provide a cost effective means to wind long lengths of cable, a microprocessor controlled
winding machine was developed that allows automated spool fabrication. This design
approach decouples the effect of cable drag, size, and length on the overall system design.
However, since the cable no longer supplies energy to the submersible, applications will
now become constrained by battery limitations. In energy limited applications, the system
designer will have to supply a more conventional type of reuseable cable. For these
situations the preferred technique for data transmission will still be optical, however.
Optical transmission will generally provide advantages in weight and size of the cable and
handling equipment as well as EMI immunity and high bandwidth.

To interface to the fiber, an approach will be described that utilizes multiple channels
obtained by wavelength multiplexing. One channel, from the surface to the ROV, will
carry command/control data. A second channel, operating in the reverse direction, would
transmit status data from the vehicle to the surface. Data transmitted via these two
channels is presumed to be a serial bit stream whose origin and destination are computers
at each end of the cable. It is estimated that the required data rates for these channels will
be in the range of 10 Kbps to 1 Mbps. Finally, a third channel would provide a high
bandwidth analog channel utilizing Pulse Frequency Modulation (PFM), or another high
performance modulation format, to transmit video or sonar data.

Successful demonstration of these concepts have been completed. This paper will review
the results of the work to date and highlight ongoing work to further improve on
performance, reliability, and standardization.



DEVELOPMENTAL APPROACH

In the first phase of development, the goal was to demonstrate overall concept feasibility.
Our approach on developing a telemetry subsystem for a fiber optic media has been to
create a function oriented rather than performance oriented design for the prototype. Key
elements for demonstration included:

C Optical wavelength multiplexing and demultiplexing

C Utilization of PFM technique for transmission of video data

C Long fiber and cable manufacturing capability

C Reliable spooling and deployment of single fiber cable

C High pressure, low loss optical penetrators

Following the demonstration phase selected elements were identified for further work. The
goal of the follow-on efforts are to develop the over-all system concept to allow for a
maximum range of application; i.e. maximize transmission length, data rates, and
standardize physical and electrical interfaces.

FIBER CHARACTERISTICS

Optimum transmission wavelength for low loss, silica fibers lie in the range between
0.8 - 1.6 microns. This currently represents the spectral region of lowest loss and greatest
bandwidth for graded index (GI) and single mode fibers.

Figure 1 depicts the attenuation profile as a function of wavelength for a typical long
length, GI telecommunications fiber.

Besides attenuation, three other parameters must be considered in designing a fiber optic
cable. These are length, bandwidth, and proof-test. Fiber production is a process whose
yield is highly dependent on the specifications of these characteristics. Presently the
manufacturing technology can produce a low loss fiber of 10 - 15 Km length proof-tested
to 100 Kpsi at a reasonable cost for development work if high bandwidths
(<400 MHz-Km) are not required. To get a better perspective of the yield problem, yield
or relative cost of the fiber is plotted vs. continuous length with proof-test and bandwidth
as parameters in Figure 2. These curves are derived from data collected in 1981 and are
therefore dated but do serve to illustrate the tradeoffs involved.



DEMONSTRATION SYSTEM

To demonstrate the feasibility of the overall concept, a telemetry subsystem based on a
single optical fiber cable was designed and fabricated to interface with an existing vehicle.
For the vehicle, only command/control and vehicle status channels were required. The full
duplex, single fiber telemetry system design is illustrated graphically in Figure 3.

Pulse code modulation (PCM) techniques are used to transmit the digital data by first
converting the RS-232 signals to TTL levels and then applying a Manchester coding
format. Wavelength selection for the two required channels was dictated by availability of
sources and detectors in 1979. At that time 0.83 and 1.06µ wavelength LEDs and photo
detectors were commercially available with the longer wavelength devices still in the
experimental stage. Looking at the attenuation profile of typical graded index fiber in
Figure 1, we can see the relationship of wavelength on attenuation. In a non-bandwidth
limited system, maximum cable lengths are dictated by fiber losses and component
insertion losses. These losses decrease the available margin available due to coupled
transmitter power and receiver sensitivity, and thus directly influence maximum
transmission ranges. For the demonstration system, operation at 0.83 and 1.06µ provided
sufficient optical margin for transmission through the required 5 km of cable.

Use of LEDs vs. injection lasers was selected because the power output was sufficient for
the cable length and because they were simpler to drive, temperature insensitive, and
inherently more reliable. Data formating utilized Manchester coding to allow AC coupling
at the receiver thereby allowing operation in the photovoltaic mode and improving receiver
sensitivity. The receivers use silicon PIN photodetectors which operate well at the
9.6 Kbps data rate and provide sufficient sensitivity at 0.83 and 1.06µ.

To provide color multiplexing, a film of dichroic material, transparent to one wavelength
and reflective to another, was sandwiched between two 1/4 pitch SELFOC lenses in a
block and potted in place. To complete the assembly, three optical fibers were
micropositioned into alignment as diagrammed in Figure 4 such that maximum optical
coupling was achieved.

For the cable, a standard graded index (GI) optical fiber of 50/125µ geometry is used as
the data transmission media. The fiber is drawn by conventional means and a protective
buffer composed of silicone RTV is flow coated onto the fiber out to an OD of about
12 mils. Then a harder, non-tacky, plastic such as Nylon-12 is extruded onto the silicone
layer out to a 20 mil diameter. These buffer coatings are added during the fabrication of
the fiber to protect it from abrasion and microbending. The fiber yields a “weak link”
strength of approximately two pounds in tension when proof-tested to a 1% strain or
100 Kpsi load specification. Developmental efforts during 1980 determined that the



buffered fiber as supplied by the manufacturers had insufficient strength and stiffness for
high speed deployment. To eliminate this problem “S-glass” ruggedizing was used. The
S-glass armored configuration is made by laminating an epoxy resin and S-glass filaments
over the original Nylon-12 jacket, increasing the OD to approximately 32 mils. The result
is a cable with a minimum tensile strength of approximately 25 lb (using 1% proof-tested
fiber) and an ultimate cable strength in excess of 100 lb. Figure 5 illustrates the cross-
section of the cable.

A pressure penetrator design providing a watertight, low loss optical feedthru, tested to
10,000 psi was designed using SELFOC lens technology. This penetrator design,
illustrated in Figure 6, developed at NOSC, was necessary because no reliable high
pressure penetrator existed.

Pulse Frequency Modulation is a nonlinear analog modulation technique that has been
shown to offer significant advantages over other modulation techniques for transmission of
high bandwidth video signals over fiber optic cables (1). PFM efficiently utilizes available
fiber bandwidth while simultaneously extending loss margin limits. The modulation
technique maps signal amplitude into time differences using a train of narrow pulses. At
the receiver these pulses are used to generate time information which is used to reconstruct
the original analog signal. The demonstration of the PFM technique was done separately
because the vehicle used did not have a video transmission requirement. Had a video
channel been required, problems to be addressed would have included:

* Non-availability of sources and detectors at a third wavelength

* Lack of optical multiplexers/demultiplexers

* Crosstalk problems in laser driven PFM channel and adjacent LED driven channel

Fortunately the situation allowed for an incremental multiplexer development process. The
three problems mentioned do no exist today as a result of the maturing of the technology
base. Sources and detectors are commercially available at the 1.2, 1.3, and 1.55µ
wavelengths allowing systems to be designed for operation at the lowest loss part of the
spectrum. Duplexers have now been built and tested for the 1.3 and 1.55µ wavelengths
exhibiting very low loss (< 3.0dB per channel) and high crosstalk isolation >100db)
characteristics.

BUDGET LOSS CONSIDERATIONS

The demonstration system implements a fiber optic communications link with no inline
repeaters. The maximum transmission length is therefore dictated by the available optical



power margin provided by the transmitter/receiver pair and the inline losses between
transmitter and receiver. Inline losses in each channel are due to connectors, duplexers, the
penetrator, and the fiber losses. Of these only the fiber losses vary as a function of
wavelength. Losses due to the components have been measured and typical values listed in
Table I.

Table 1.  Component Losses

Component Loss Number Subtotal

Duplexer 1.5dB 2 3dB
Penetrator 3.0dB 1 3dB
Connectors 2.0dB 3 6dB

The loss values listed are typical values and have significant variances associated with
them. In addition the cable’s attenuation has shown some sensitivity to temperature and
pressure changes. For these reasons a minimum safety factor of 10 dB additional insertion
loss should be added to the component and cable losses for budget estimation purposes.
With the component losses, cable attenuation profile, and safety factor defined, length
limitations due to loss considerations are dictated by available margin.

BANDWIDTH LIMITATIONS

Another important fiber characteristic to consider in designing the cable is the fiber
bandwidth specification. Given a fiber with a length-bandwidth product, P, and a baseband
signal of bandwidth, B, an approximation of the maximum standoff from a bandwidth
limitation is given by:

where,
L  = fiber length in Km
    = parameter reflecting degree of micro-

bending typically 0.6 to 0.8 where
    decreases with increased microbending

P  = length - bandwidth product specified
at the 3dB optical point

The limiting length becomes



As an example take a fiber with a length-bandwidth product of 400 MHz-Km. If a video
signal is digitized to a bit rate of 90 Mbits/second NRZ (requires minimum of 45 MHz
analog bandwidth) the fiber would be limited to a maximum length of 10 Km by bandwidth
considerations alone. Use of Return to Zero (RZ) or Manchester formats would limit
transmission to 4 Km. By utilizing PFM and expanding a 4.5 MHz video signal to a
32 MHz information bandwidth, transmission can be achieved over 15 Km based on fiber
bandwidth limitations.

Implied in the above comparison is the assumption that the transmitter and receiver designs
have adequate performance such that the fiber is the limiting factor.

CURRENT CAPABILITY

An undersea submersible has been built and operated with a 5 Km long, expendable fiber
optic cable supporting full duplex communication at 9600 baud. To achieve full duplex
operation on a single fiber, complimentary optical wavelength duplexers were designed
and constructed for operation with 0.83 and 1.06µ LEDs as sources. The technology to
Manufacture 5-10 Km length ruggedized optical cables has been demonstrated and
constantly improved to provide better quality control and thus higher yields. In parallel,
fiber production technology has been pushed to provide long length (10-15 Km), high
strength, low loss and high bandwidth fibers on a decreasing price structure. Cables up to
5 Km in length have been precision wound using microprocessor controlled machinery and
the finished spools have exhibited no additional losses due to winding. Deployment has
been demonstrated from 10-60 knots with no measurable excess losses due to payout
dynamics. A reliable optical penetrator design was built and tested successfully to 10,000
psi and used in an operational vehicle. Application of the PFM technique was
demonstrated in parallel via laboratory breadboard operating at the 0.83µ wavelength.
Advantages of this technique vs. IM and PCM approaches for video data has been
verified(1). Some of these advantages include:

* Lasers can be operated in pulsed mode with no regard for linearity. This allows an
approximate tenfold increase in transmitted optical signal power over IM systems using
laser diodes.

* Predetection bandwidth expansion provides spread spectrum processing gain. This is
achievable at modest fractional deviation.

* The receiver APD can be operated at maximum avalanche gain.

* PFM is simple to implement and inexpensive. No A/D converters or bit synchronization
are needed.



Based on the results to date, it appears that a general purpose fiber optic telemetry system
could be built today providing two Manchester PCM channels and one PFM channel
operating on a single optical fiber cable. Such a system would require the use of dual
cascaded optical wavelength duplexers on both ends of the cable. Use of two duplexers
instead of one at each end will introduce the additional insertion loss of two more
duplexers in two of the three channels. Operation of the PFM channel would be assigned
to the 1.2 - 1.3µ region using an injection laser diode. Channel characteristics for each
wavelength are summarized in Table II.

Table II.  Channel Loss Characteristics

Available Component Net Fiber Maximum
Wavelength µ Margin dB    Loss dB   SF dB Margin dB Loss dB/Km Length Km

0.83 LED 53 15 10 28 3.5 8
1.06 LED 45 12 10 23 2.0 11.5
1.3 Laser 53 15 10 28 1.5 18.7
0.83 Laser 73 15 10 48 3.5 13.7

As the data indicates, operation using the short wavelength LEDs would be limited to
approximately 8 Km. However, if a laser operating at 0.83µ is used, the limit could be
extended to over 11 Km. In order for the fiber to be bandwidth limited to 18 Km using a
PFM expanded bandwidth of 32MHz, the fiber length-bandwidth product would have to
be 470MHz-Km. However, if the cable is to be designed for operation over only 11.5 Km,
then the bandwidth specification drops to 320MHz-Km.

FUTURE DEVELOPMENT

Operation has been limited to the shorter wavelengths (0.83 - 1.1µ) by the non-availability
of sources and detectors at the longer wavelengths. These devices, designed for operation
in the 1.2 - 1.6µ region, are now becoming commercially available. Because of the lower
fiber attenuation at these wavelengths, losses for a given length of cable will be less.
Adjustments in system operational limits should become possible due to changes in the
total margin available and due to lower cable losses. It is expected that transmitter and
receiver designs will be implemented at these wavelengths and data characterizing optical
margin vs. signal quality for various data rates will be generated.

For the Navy, the most critical development areas are:

* Cable splicing techniques
* Cable design development



The ability to splice a ruggedized optical cable is necessary to improve the long length
yield of the cabling process. The ruggedizing is achieved by passing optical fiber, S-glass
filaments, and resin through a fixed-size forming die. In order to successfully produce a
long length cable this imples that the S-glass and optical fiber must maintain their
continuity for the entire production run. For cable lengths less than 5 Km this has not been
a severe problem. However, we have not as yet been able to produce a 10 Km length. Our
last attempt failed because one of 14 S-glass filaments snagged in a guideway and broke.
In other production runs, bumps in the fiber buffer material have caused snags and
subsequent failure. As the production lengths get longer the fabrication cycle has increased
proportionately and some problems have been experienced with the epoxy resins setting up
prematurely. The nature of the fabrication process requires that all aspects of the cabling
process function as designed for a very long time in order to produce a long length cable.
Therefore it is not surprising that catastrophic problems occur as the length is extended. In
order to fabricate a long length cable with near 100% yield, we must build into the process
a capability to recover from a problem by splicing sections together. The splice must
maintain at minimum a 10 lb. tensile strength at 1% elongation, have a bend radius of two
inches, be capable of sustaining the pre-twist torque, and most importantly must not be
significantly larger in diameter than the original cable. Presently we are pursuing various
approaches towards achieving this kind of a splicing capability.

Sensitivity of cable attenuation to pressure and temperature changes has been detected and
is related to the physical properties of the buffer materials (2) (3). Presently it is believed
that stresses due to these fluctuations produce buckling forces on the fiber resulting in
microbending, a common source of propagation loss in fibers.

Cooling the cable contracts the buffer material resulting in an increase in excess
attenuation. Heating the cable has the opposite effect. In some instances of heating, the
excess attenuation due to cabling, as measured at room temperature, is reduced to a value
close to the attenuation of the fiber before it was cabled. During heating tests of ROV
cable samples, an interesting phenomenon takes place. The excess cabling attenuation
decreases continually up to about 70EC but then begins to increase again. At these higher
temperatures the modulus of the buffer material becomes very low. Thus, the fiber is no
longer effectively isolated from the S-glass jacket. Since the cable sample is coiled in a
temperature test chamber it is believed that the jacket annulus presses against the fiber,
causing increases in attenuation.

Although the excess attenuation levels are small (< 0.5 dB/Km) for pressures up to 1,000
psi and temperatures of 0 to +45 degrees C. for the existing design, these losses
nevertheless affect the operation over long cable lengths. Current efforts are directed at
determining optimum buffer coating specifications to attain sufficient isolation for cabling
stresses while minimizing sensitivity to pressure and temperature changes. The advanced



cable design in Figure 5 is one example of an attempt in this direction. The Nylon-12
coating was removed from the baseline design leaving only the silicone RTV coating
between the S-glass and optical fiber. Testing revealed a significant increase in attenuation
of 2 dB/Km at 0.85µ. In addition the cable was much more sensitive to wide temperature
variations. Discussion with the fiber production engineers has led to a new buffer coating
specification calling for a different RTV coating with a thin Nylon-12 outer coating. This
fiber will be cabled and evaluated next.

Should a successful splicing technique be developed and an optimum buffer coating found,
a problem still remains in that the diameter of the fiber buffer must be controlled to +/-3%
of the nominal fiber diameter. For our 20 mil fibers, this represents an allowable variation
of +/-0.5 mil on the diameter over the entire length. Such a requirement arose because the
ratio of S-glass to resin is controlled by the buffer diameter variation as it passes through
the constant area orifice used for the forming die. The tight dimensional specification adds
considerable difficulty to the manufacturing process when the buffer is a Nylon-12
extrusion. We have not been able to procure fibers other than in sample sizes meeting
these specifications.

The requirement to produce a buffered fiber within a tight dimensional specification,
results from the cabling technique. The more stringent the diameter specification, the more
difficult it becomes to make the fiber and therefore is contrary with our long term goal. In
order to minimize this problem, the two options we have are to modify the cabling process
or alternately modify the fiber buffering process. Of the two options, modification of the
buffer design is considered to be of more immediate need and is being pursued at this time.

Buffer diameter control is a problem because the final Nylon-12 buffer layer must be
extruded over the primary RTV buffer coating. Control of the extrusion feeder is difficult
when the material is being fed over another layer of material because imperfections in the
base surface tend to be magnified. The attempt this past year to produce a cable with a
silicone RTV only buffer coating was addressed at minimizing the number of buffer layers
and the cross-sectional area of the buffer materials. Since the RTV is flow coated onto the
optical fiber as it is drawn, it was felt that the buffer layer would be very uniform, being a
function of the RTV viscosity and the draw speed of the process. The RTV coated fibers,
procured for experimental cabling did indeed exhibit greater dimensional uniformity.
Fibers from International Telephone and Telegraph (ITT) were fabricated with a single
layer coating and were observed to have variations typically within +/-2%. Other fibers
from Sumitomo Electric were fabricated with three layers of RTV and exhibited variations
within +/-4% typical. These results indicate that the flow coat process achieves a tolerance
comparable to that achieved on the fiber’s cladding diameter. The cladding diameter is
principally determined by the draw speed of the glass through the furnace. Typically the
outer diameter of the fiber can be maintained within +/-2% of nominal with worst case



results of +/-5%. The implication here is that a buffer applied via flow coating will result in
lower dimensional variations as compared to extruded buffer layers. However, since the
RTV coatings have not been able to produce sufficient microbending isolation in our
cables, new materials will be investigated. Data to date, while not conclusive, indicates the
buffer should be of low tensile modulus and low shore hardness towards the center
increasing as the radius of the buffer layer increases. Empirically, we have found that a
buffer layer of GE-602 silicone RTV out to a diameter of 12 mils with an outer layer of
Nylon-12 to 20 mils works well from a microbend isolation standpoint. As a starting point,
the UV (ultra-violet) setting acrylates currently being used by some fiber manufacturers
will be investigated. These materials are usually applied in a single coating with the inner
volumes being of lower modulus due to a lower cure state.

To summarize, our efforts are focused at developing cable splicing techniques compatible
with the S-glass ruggedizing process and improvements in the buffer design of the fibers to
improve optical and mechanical performance of the finished cables. Buffer development is
critical to minimizing production costs of the fiber and splicing is critical for achieving
long cable lengths.

CONCLUSION

Based on a review of the material presented here, it becomes clear that the technology
exists to build 10 Km fiber optic telemetry systems for ROVs with little risk. Fiber
manufacturing technology has been demonstrated that can support cable lengths of this
size. On-going cable development work seeks to extend the length limits and improve the
quality control of the manufacturing process. As a result, cabling technology is advancing
at a rate where it is expected that production lengths of 10 -15 Km will be achieved
routinely in the next year. The required electro-optical components now exist and have
been demonstrated and their operational limits characterized. To proceed beyond the
10 Km limit, a shift to longer wavelengths will be required and fiber and cable
manufacturing technologies must be advanced to meet the longer length requirements.
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SPACELAB HIGH DENSITY DIGITAL RECORDERS
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ABSTRACT

In 1979, NASA was faced with the problem of providing a ground facility magnetic tape
recorder to store and retrieve serial Pulse Code Modulation (PCM) bit streams of up to
50 megabits per second (MBPS) which originated within Spacelab and its experiments.
These recorders were required at the Kennedy Space Center (KSC), Johnson Space Center
(JSC), and the Goddard Space Flight Center (GSFC).

The Spacelab requirements presented a wide variety of problems which no existing “off-
the-shelf” recorder could accommodate at the time. As a consequence, an extensive and
complex performance specification was developed. This specification necessitated many
advances in the “state-of-the-art” in the field of High Density Digital Recorders.

The 9000 SL High Density Digital Recorders designed and fabricated by Thorn-EMI
Technology, Inc., under contract to NASA, have successfully met or exceeded all of the
Spacelab requirements as identified in the performance specification. These recorders
demonstrate the latest in high density digital recording technology. This technology
includes the capability of recording 50 MBPS of data with a bit error rate of better than
1 bit in 108, completely automatic bit synchronization, auto selection of the optimum
replay equalization, and a data coding scheme giving up to 50% greater data packing
density than traditional codes.

INTRODUCTION

The stringent requirements placed upon the Spacelab High Density Digital Recorders
presented the recorder manufacturers with an opportunity to advance and improve the
existing high density recorder state-of-the-art. These requirements were dictated by the
capabilities of the Space Shuttle Orbiter Ku-Band return-link system and the on-board
Spacelab High Data Rate Recorder. The recorder requirements were also based on the
Spacelab Program concepts for the return-link facilities to process the experimenter’s data.
These facilities are located at both Goddard Space Flight Center and Johnson Space
Center. Many of the specification requirements were keyed to the high volume (24 hour



day) operations in these data processing facilities to ensure the timely and efficient data
delivery to the experimenters.

Spacelab is a set of multimission, reusable experiment laboratories provided by the
European Space Agency (ESA) as the European contribution to the Shuttle Program. The
Spacelab is a captive payload which remains in the Shuttle cargo bay where it is exposed
to the space environment for the duration of the mission.

RECORD REQUIREMENTS

Each High Density Digital Recorder (HDDR) is required to store and retrieve one or two
bit streams of data. One of the NRZ-L serial PCM bit streams, which is accompanied by
an in-phase clock, has a bit rate anywhere between 2 and 50 megabits per second (MBPS),
while the other stream can range between 0.1 and 2 MBPS. A secondary requirement
exists to record a BI0/-L bit stream from 0.1 to 4 MBPS. These bit streams are recorded in
the forward direction only and the capability to accommodate extremely rapid bit rate
changes of up to ±2% is required. Simultaneous read after write is necessary to ensure the
quality of the recorded PCM data. The worse case clock jitter to be recorded will not
exceed ±12.5% at a bit rate of 50 MBPS.

The need for good tape utilization inferred that a constant packing density was desired. In
order to achieve this, frequency translators were specified to convert the incoming serial
clock to a tape speed reference. This will enable a discrete set of packing densities to be
produced in 3 kilobit per inch (KBPI) steps.

REPRODUCE REQUIREMENTS

Program requirements resulted in a need for a bit error rate of at most 1 bit in 108 in the
forward reproduce direction and 1 bit in 107 in the reverse direction. Each recorder must
be capable of simultaneously regenerating or reconstructing the in phase serial bit rate
clocks from the reproduced bit stream outputs.

The Program required the capability of upshifting (increasing) and downshifting
(decreasing) the reproduce data and clock. The worse case to be experienced exists for the
high rate 2 to 50 MBPS data stream in which the playback speed ratio can vary anywhere
between a 1:10 increase (maximum of 16 MBPS) and a 32:1 decrease (minimum of
1 MBPS).

A crucial requirement placed upon the recorders was the ability to reproduce a magnetic
tape from one recorder on any of the other recorders without any electronic or mechanical
adjustments.



TRANSPORT REQUIREMENTS

The transport and its associated analog electronics were specified to meet IRIG Wideband
Group II criteria to ensure the easy availability of spares and service. The IRIG 28 track
interlaced head format was chosen to minimize problems with tape skew and signal to
noise ratio (SNR). Tape speed equalization adjustments were allowed only during periodic
maintenance.

Two track assignment schemes were also specified. One scheme will handle any bit rate
between 0.1 and 50 MBPS NRZ-L while the other scheme is formatted to support two
independent asynchronous bit streams each from 0.1 to 25 MBPS NRZ-L.

MANUFACTURER SELECTION

These HDDR requirements were released as a performance specification in June 1979. In
June, 1980, NASA awarded Thorn-EMI Technology a contract to provide 13 basic
recorders with associated support equipment, and 5 optional recorders. The 9000 SL
recorders provided by Thorn-EMI in response to the technical specifications have
successfully been integrated into the NASA operating facilities. The 9000 SL recorders
delivered by Thorn-EMI have met or exceeded all of the requirements specified.

9000 SL HIGH DENSITY DIGITAL RECORDING SYSTEM

Because of the specialized requirements of the Spacelab Program and the complexity of
the performance specification a unique recording system had to be designed. This design
resulted in the 9000 SL High Density Digital Recording System. This system is unique not
only because of the specialized requirements but also in the unique methods employed to
meet those requirements.

The 9000 SL HDDR has the ability to record and reproduce in forward and reverse
simultaneous asynchronous high and low data rate bit streams with efficient utilization of
tape. The 9000 SL has the ability to reproduce data over a continuously variable range of
tape speeds without degrading data quality, bit error rate or recorder to recorder
compatibility. The 9000 SL has many unique features which allow optimum tape
utilization and efficient data reproduction while utilizing a conventional 28 track Wideband
Group II transport and heads.

DATA ENCODING

In order to achieve efficient tape utilization, the data is 3PM (3-Position Modulation)
encoded. This coding technique allows the data packing density to be increased



significantly. In the waveform of 3PM encoded data there is a minimum of 1.5 data bit
periods between transitions. Therefore, the transition density of the 3PM encoded data is
only two-thirds of the original data bit density. This results in a data bit packing density
which is 50% higher than the transition density on the tape.

To assist in reproducing low data rate bit streams the 3PM encoded data is exclusively
OR-ed with its clock waveform to minimize the DC content. The resulting waveform is the
converse of the 3PM waveform where the less numerous transitions become spaces and
the more numerous spaces become transitions. This encoding technique is known as Y0/
(Y phase). During reproduction the Y0/ data is decoded into 3PM by exclusively OR-ing
the data with the regenerated clock. When the resulting 3PM waveform is decoded it may
be inverted from the orientation originally recorded. This is transparent to the recorder
since it is transitions and not levels which are significant.

This implementation of 3PM and Y0/ allows both high and low data rates to be handled by
only one code and eliminates the need to reconfigure the system. Further details on 3PM
encoding are available from the references cited at the conclusion of this paper.

AUTOMATIC BIT SYNCHRONIZATION AND EQUALIZATION

During the HDDR design reviews, Thorn-EMI proposed the addition of both automatic bit
synchronization and automatic equalization/ranging. These automatic features greatly
reduce the level of operator intervention and the time required to configure the recorders
for playback.

A fully automatic, microprocessor controlled, reproduce bit synchronizer is provided for
each of the 26 digital data tracks. These bit synchronizers automatically regenerate 26
track rate clock waveforms from the reproduced data. This eliminates the need for bit
synchronizer range selection and 26 individual, time consuming analog adjustments by the
operator.

The half octave forward/reverse reproduce equalizers provided for all 28 tracks are
selected automatically using tape speed information generated by the reference frequency
translator. This relieves the operator of the responsibility for calculating the tape playback
speed and selecting the proper equalizer switch position based on a lookup table.

These two features eliminate invaluable time and significant sources of error from the
reproduce process when large numbers of tapes must be reproduced for data reduction and
processing.



ERROR DETECTION AND CORRECTION

Lateral parity for error correction in the 9000 SL is generated and recorded on a separate
(12th track) in conjunction with each of two 11 track sets of high data rate electronics. The
22 data tracks and the two parity tracks are each divided into 260 data bit blocks followed
by a Cyclic Redundancy Check (CRC) word and a 10 bit block marker. The 16 bit CRC
word is calculated and recorded for error detection during playback, and record monitor
(read after write). In the reproduce mode, the CRC word check fails if there are any errors
in the data bits or the CRC word bits. When errors are detected in any one track out of the
11 data tracks, the data is reconstructed (error correction) from the parity track and the 10
good data tracks. If the parity track or more than one data track contains errors, the
algorithm is ambiguous and the errors are uncorrectable. The track assignment scheme
used to record the data on tape was chosen to minimize the probability of an oxide flaw
(dropout) in the tape simultaneously affecting more than one track in each 12 track set.

CLOCK REGENERATION

Each serial rate output clock is derived from the regenerated track rate clocks. This serial
clock output eliminates the necessity of each data user having his own serial rate bit
synchronizer, when processing NRZ-L data.

The clock regeneration scheme in the Thorn-EMI recorder is designed to preclude bit slip.
A set of master track rate clocks are available to ensure continuity during individual track
dropouts. Sophisticated digital logic is utilized to eliminate any disruption in the clock
regeneration process by the track or tracks experiencing dropouts.

DATA AND CLOCK VARIATIONS

The data and clock received from any Spacelab Ground Station Demultiplexer output
channel can exhibit a ±2% variation in output clock and data rate. The variation occurs
over a 75 microsecond interval. The 9000 SL has been designed to accommodate this
variation without bit slip and with no increase in reproduce bit error rate.

TAPE SPEED CONTROL

Tape speed and consequently tape usage is reduced to the minimum required to maintain
the desired bit error rate. This is accomplished by deriving the tape speed reference
frequency from the incoming data clock frequency which in turn establishes the per track
bit packing density on the tape. A coherent reference frequency translator is used to divide
the incoming data clock signal by any of a discrete set of numbers to produce tape speed
reference frequencies which result in per track bit packing densities from 3 KBPI to



40 KBPI in 1 KBPS increments. The tape speed reference, which is compared with the
capstan motor tachometer, is recorded on the tape so that it will be available to optimize
playback speed control and recorder playback performance.

Tape speed changes are used to change the bit rates of the recorded data streams during
playback (record/reproduce speed ratio). A frequency synthesizer which is part of the high
data rate electronics is provided to simulate the desired playback serial data clock rate and
establish the required record/reproduce speed ratio. The synthesizer output frequency is
translated to the required tape speed reference frequency by the same frequency translator
used for recording. Thus the tape speed control servo follows the translated synthesizer
clock rate frequency and the recorder reproduces the data stream recorded on tape at the
desired record/reproduce ratio. When the second frequency translator is used to translate
the regenerated serial clock output, this translated output clock frequency becomes the
variable applied to the tape speed control servo. Therefore, the tape speed is adjusted to
make the regenerated serial clock output match any selected synthesizer output frequency
within the recorder’s reproduce capability.

IEEE-488 REMOTE CONTROL

An IEEE-488 Remote Control Unit has been provided for microprocessor setup and
control of the recorders. This unit controls both the transport and the high rate electronics
and provides status of selected functions and displays.

RECORDER PERPORMANCE

An extensive acceptance test was performed on the Thorn-EMI recorders at both the
factory and on-site. All aspects of the performance specification were tested. The 9000 SL
demonstrated full compliance with these requirements. During the acceptance tests, the bit
error rate in the forward direction was 1 bit in 1010 or better, while in reverse a rate of 1 bit
in 109 was achieved. These results were obtained utilizing Ampex 797 magnetic tape.
Current bit error rate performance after 1-1/2 years of operation, is still well above the
specified requirements and no equalizer adjustments have been necessary.

The tolerances on tape path components are sufficiently stringent to preclude any
adjustments or shims in order to meet and maintain the machine to machine compatibility
requirement. The only adjustment available is for the reproduce head azimuth. No
adjustment has been made to the head azimuth since the initial factory setup. The bit error
rate obtained in the transferring and copying of Ampex 797 magnetic tapes between
recorders better than 1 bit in 108. The 9000 SL hardware failure rate during the first 1-1/2
years of operation has been minimal.



RECORDER USAGE

The recorders are currently in use at three NASA Centers and the Jet Propulson
Laboratory (JPL). At KSC, the Thorn-EMI recorders are utilized in the buildup and
checkout of the individual Spacelab experiments, the pre-flight test and checkout of the
Spacelab, and its integration into the Space Shuttle Orbiter cargo bay. JSC and GSFC are
utilizing the 9000 SL recorders in the payload support systems checkout at each facility.
The recorders will be used at JSC and GSFC to support the Spacelab orbital missions, the
first of which is scheduled for October 1983. The recorder at JPL is supporting the
development, fabrication, and checkout of their SIR-B payload.

CONCLUSION

In summary, the Thorn-EMI 9000 SL is a very powerful High Density Digital Recording
and Reproducing System. It possesses many unique features which has made it an efficient
solution to the NASA requirements and those of the Spacelab experimenters.
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ABSTRACT

Since development of the initial system in 1980, the Western Space and Missile Center
(WSMC) has been refining computerized test techniques for instrumentation magnetic tape
recorder/reproducers. These tests include standard IRIG tests such as flutter, time base
error (TBE), interchannel time displacement error (ITDE), harmonic distortion, frequency
response and signal-to-noise ratio (SNR), as well as slot noise, crosstalk and
intermodulation distortion (IMD). The test philosophy is to duplicate results that can be
obtained manually, but at the same time greatly reduce test time and operator intervention.
Such parameters as data sampling periods and number of samples have been refined to
obtain maximum correlation and minimum test times. Also, a complete set of self-check
and troubleshooting programs have been developed.

INTRODUCTION

The initial Automatic Recorder and Data Evaluation System (ARDES I) was developed in
1980 and described in a paper at ITC in 1981. The system automatically tests various
types of instrumentation magnetic tape recorders using the recorder remote control input to
control functions such as start, stop, record, reproduce and rewind. The system will also
cue the operator to start, rewind, etc. for manual operation of the recorder. Figure 1 shows
the system in the final configuration. An example of the data is in Figure 2. Test technique
improvements have evolved in four major areas: (a) data computation, (b) valid data
identification, (c) troubleshooting, and (d) test equipment characteristics.

DATA COMPUTATION

Prior to testing, the recorder is adjusted for 1 volt rms in and out, which is set to 0 dB level
on the front panel meter. Originally, when a track was more than 6 dB below this level, the
track was not tested and “no signal” was printed. The system was changed to print the 



exact signal level so the operator could determine if any discernible signal was present.
This change in all tests results in a more exact understanding of the recorder’s condition.

In the flutter test, the acceptable range of numbers (array) was expanded to minimize “no
signal” printouts and give the operator a chance to examine the data.

Another area to consider in data computation is the speed at which the equipment can
operate. When collecting sufficient samples, response times will have a major effect on
total test time. This is particularly important when running automatic tests at the higher
tape speeds of 120 ips and 240 ips.

For example, in the harmonic distortion test, 40 samples are taken at the fundamental,
second and third harmonic levels. Each set of 40 samples takes approximately 400
milliseconds (10 milliseconds per sample). The time is determined by the spectrum
analyzer response time, data transfer time and computer program execution time. Some
additional time should be taken to allow for test equipment stabilizing. This is
accomplished by taking twenty readings and discarding them, and then using the next 40
readings as a measurement.

In the case of TBE and ITDE, a frequency counter is used to measure the time interval.
This is the same interval as displayed on oscilloscope for manual tests. In each case, 500
time intervals are read over a period of approximately 12 seconds. These time intervals are
stored and statistically evaluated to yield the two sigma (95 percentile) measurement. IRIG
specifies five percent of the readings on the oscilloscope are to be discarded, therefore, the
oscilloscope reading and the ARDES readings will correlate.

VALID DATA IDENTIFICATION

Techniques used to control tape movement were changed to allow for variances from
machine to machine. Different manufacturers recorders and even individual recorders of
the same type exhibit variations in start, stop and fast rewind times, which can result in
sampling data at the wrong times. Therefore, the signal level is now monitored during
rewind in the case of crosstalk, rather than relying on timing techniques. In the case of
ITDE and TBE, rewind is used instead of fast reverse for more precise data acquisition.

TROUBLESHOOTING

Maintenance software was developed to expedite fault analysis. The maintenance program
allows relay closures for a selected period of time (30 second segments) to facilitate signal
tracing. Tests (TBE and ITDE) can be repeated a selected number of times for correcting
recorder faults and making adjustments.



A cable assembly was also made for looping the record and reproduce on the ARDES
system. This cable, representing the tape recorder, facilitates checking record and
reproduce system inputs, all relay contacts and test equipment interfaces.

TEST EQUIPMENT CHARACTERISTICS

Test equipment characteristics including input/output impedances, filters and response
times were evaluated in order to obtain closer correlation with manual test techniques.

Input/output impedances of the test equipment should match. Mismatches will naturally
result in incorrect signal levels and thus the data taken will be a misrepresentation of the
true condition of the recorder. For example, in the ARDES I application, the signal source
(an HP 3325A function generator) is terminated in 50 ohms, while the tape recorders are
terminated in 75 ohms. Therefore, the amplitude must be adjusted to assure one volt rms
into the tape recorder.

Filter selection effects the results when looking for signal levels close to the noise level
such as in crosstalk and IMD. Filter widths should be carefully defined and compensation
should be included in the software when needed.

In the ARDES I system, the HP 3330B automatic synthesizer and its associated HP 3571A
tracking spectrum analyzer were previously used to measure SNR. Following the example
of the HP applications note 206-1, a wideband SNR reading was taken. A 10 kHz
bandwidth was used and properly spaced readings were taken across the frequency band
of the recorder. The readings were converted to power, summed, and then converted back
to dB. This technique is valid for pure white noise, but is not accurate for measuring the
tape recorder noise floor. We now measure SNR with a digital voltmeter which yields
wideband SNR. Data correlation is within ±0.3 dB checked against external manual
equipment.

CONCLUSION

Computerized testing of instrumentation magnetic tape recorder/reproducers can
significantly decrease test time while obtaining accurate, repeatable results. In order to
obtain accurate and useful results, attention must be paid to the methods of data
computation, identifying where the valid data is on the tape and test equipment
characteristics. Inclusion of troubleshooting programs is also useful.
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ABSTRACT

A simple yet effective error correction scheme for high bit rate digital
recording (HBR) using an IRIG tape format is presented. The system is
independent of input data rate and requires no analog dropout detection.
Typically, 3 orders of magnitude of correction are achieved. The error
correction system requires no adjustments. Theoretical results are presented
along with emperical data.

1.  Introduction

The primary limitation of high bit rate recording today is the error rate achievable with
the presently available media. The media performance for analog systems has improved
substantially as new and more demanding applications have required, however the
demands of HBR systems are significantly different from analog requirements and most
HBR systems are presently limited by the media performance, specifically in terms of
dropouts. There have been significant improvements in signal processing methods in order
to cope with this limitation. The past few years have seen the introduction of Error
Correction methods as an attempt to overcome this limitation. The limitation of Error
Correction is, of course, the fact that it requires additional data (overhead) to be recorded
which reduces the effective storage capability available to the user. The system designer is
then faced with implementing an effective ECC scheme which uses the minimum amount
of overhead.

2.  Analog vs Digital System Parameters

The performance of analog systems is measured primarily in terms of amplitude and
phase response versus frequency and dynamic range (ie. SNR). While these are
meaningful and necessary to the analog and digital system they are generally measured
with instruments which, by virtue of their RMS or average nature, ignore the effects of
short term dropouts which are very detrimental to digital signals. The structure of the



digital signal also has different equalization requirements than analog systems. The
amplitude response is less critical than the phase response of the system, and the effect on
the phase of the signal before, during, and after a dropout is less understood than the effect
on the amplitude.

2.1.  Dropouts

The effects of dropouts on HBR systems are presently the limiting factor in system
performance. Many investigations have been done on dropouts, by both the tape
manufacturers and users, in an attempt to characterize the source and effects. This has
been done not just for the instrumentation HBR systems but for the digital audio and video
systems as well. The generally accepted conclusion is that dropouts are not going to go
away, although they can be minimized by careful manufacturing and handling of the media.

Even in applications where dropouts are measured there are a plethora of definitions of
how much signal loss for how long constitutes a dropout and how many of these are
allowed. For instance. A 1 microsecond loss of signal in an analog system would probably
not be noticed, but that same dropout in a 5 Mbit/sec digital system becomes a loss of
5 bits plus any recovery time required by the Bit Synchronizer. Bit Synchronizer design
has become an art in itself in order to minimize the additional errors created. Even
“partial” dropouts cause a momentary drop in signal to noise ratio which may cause the Bit
Synchronizer to improperly decode the data and the phase shift which occurs during the
dropout may cause errors which remain undetected until the Bit Synchronizer finds a
pattern to resynchronize itself.

3.  Error Correction

The system described in this paper was implemented after a number of years of
investigation and testing of various schemes to detect dropouts and various methods of
Error Correction. Dropout detection methods of various types were tried, with the general
result that with every method implemented media was easily found that defied detection.
Both Batelle-Hahn and Reed-Solomon Error Correction methods were implemented and
although the testing showed encouraging results, the penalties in terms of system
architecture and overhead were not encouraging. The system described here is not the only
one being used at AMPEX. We have discovered (painfully at times), as most users have,
that there is no all purpose ECC system. Each has its advantages and disadvantages and
the system selected must be carefully chosen to achieve the desired results within the
framework of the system being designed. The system we have chosen for longitudinal
HBR yields an error correction ability more than sufficient for the uses we project this
system will encounter, it is straightforward in design and implementation, requires little 



operator interface (no adjustments) and is comparable with existing AMPEX HBR
systems.

The system chosen is a rectangular scheme which is generally familiar to anyone who
works with computer systems. It uses a longitudinal Cyclical Redundancy Check on each
track to detect blocks of data which contain one or more errors, and an across the tape
parity check to correct the errors. After evaluation of the various ECC systems available
and the expected error distribution this was determined to be the most effective system
with the least overhead for an IRIG tape format system. With this method, the additional
overhead is 1 track (the parity track) per 12 data tracks or 8.4%. There is also a version
(with less correction ability) with 1 parity track for 24 data tracks which is only 4.2%
overhead. With 2 orders of magnitude improvement (typically 3 orders are achieved) in
error rate for the system this is a 100 times better performance with only a small overhead
penalty.

4.  System Description

The ECC system is integrated into the standard AMPEX HBR format, therefore a brief
review of that format is included.

4.1.  HBR System-Fig 1,2

The parallel inputs (either directly or from serial to parallel conversion) are directed to
Sync Insertion circuits where 32 out of each 512 bits of data are moved to a Master
channel and a sync word is inserted in their place. The 32 bit block removed from each
channel is staggered from channel to channel such that the data in the Master channel
becomes a series of 32 bit blocks removed from each of the data channels. Using the
512 bit repeat allows for up to 15 data channels per master channel (the master channel
has a sync word also). Thus an IRIG format 14 track recorder can have up to 13 data
channels. Figure 2 shows a 12 channel format with one Aux channel where channel 13 has
been replaced with the Aux track. In addition channels 12, 11, and 10 can be used as Aux
channels by system programming. A 28 track system operates as though it is two 14 track
systems with one Master channel slaved to the other.

The purpose of the sync word is for deskew and time base correction in the reproduce
system. The sync word is symmetrical about the center so that data can be read in forward
or reverse. At the output of the Sync Inserter there is an additional channel (the Master
channel), which is the system overhead, but we have not changed the original data rate and
no rate dependent circuitry is necessary, thus no adjustments are required in the digital
electronics.



The data is then Encoded and sent to Head Driver circuitry and on to the tape. The
parallel clock is also divided down to a reference for the transport servo. This causes the
transport to run at a speed which is related to the data rate, producing a constant density
recording.

The reproduce circuitry consists of the usual Reproduce Amplifier and Bit Synchronizer
at the output of which we have data and clock from each channel with the added time base
error, static and dynamic skew from the transport. Each data channel is sent to a Deskew
circuit which consists of an elastic FIFO which writes data in using the reproduce clock
and reads data out using clock and control signals from the Master channel. In this manner
skew is removed and, by controlling the Master channel from the customers clock, time
base error is also removed. The Master Deskew also redistributes the 32 bit data blocks to
the respective channels and the data is sent to the output or to Parallel to Serial conversion
as appropriate.

4.2.  ECC System- Fig 2.3

The addition of ECC to this system is fairly straightforward. The Sync Inserter is
changed to create a parity channel generated from the input data. The channels to be
corrected are selected by means of switches on the Sync Inserter. Any combination of
channels can be selected for correction, channel 12 will normally be replaced by the Parity
channel and channel 13 will be the Aux channel. In configurations with 12 corrected data
channels the Parity is automatically moved to channel 13. The programmability allows the
user to error correct only those channels which have the most significance, and the fewer
channels included in ECC the better the level of correction. Any channels not selected for
correction or as Aux channels can be used as normal uncorrected data channels at the
parallel clock rate of the corrected channels.

The Sync word is changed from the 32 bit word in the older system to a 16 bit sync
word in order to leave room for the Check word in each channel. The Sync word is
changed to be symmetrical so that data can be reproduced in forward and reverse as was
the case in the original system. In addition the pattern chosen is comparable with the older
systems in the forward direction, so older tapes are interchangeable and ECC tapes can be
played on the older systems.

A CRC generator is added after the Sync Inserter. It generates a 16 bit word, called a
Check Word, which is a result of multiplying the 480 bits of previous data by a binary
formula. At the end of each 480 bit period the Check Word is inserted into the first 16 bits
of the 32 bit sync period. At the end of the Sync Word (the beginning of the next 480 data
bits) the CRC Generator is preset to begin a new calculation. Thus each data block in each 



channel will have an independent Check Word. The Master channel and Parity channel are
treated the same as data channels so that errors in them can also be detected.

The reproduce electronics have two added functions, Error Detection and Error
Correction. Since it is necessary to keep the Master channel intact until after error
correction the data redistribution function is disabled in the Deskew electronics.

The Error Detector checks the recorded data and CRC word in each block to determine
if an error exists and generates a flag if an error is detected. The flag will be one block
minus the sync and CRC space (ie. 480 bits) long regardless of the length of the error. The
sync and CRC are not included in the flag since there is no reason to correct them.
Because an error cannot be detected until the complete data block has been read, it is
necessary to delay the data by the block length of 512 bits. Thus at the output of this
circuitry the data and flag are coincident as shown in figure 4. The error flags are also
available at a connector on the rear panel for monitoring purposes.

 The Error Corrector checks the Parity to see which bit(s) are in error and, by knowing
which channel had an error flag, corrects the bits in that channel. This system will correct a
channel which has a 100% dropout. The Error Corrector also determines if more than one
flag is present and correction is disabled during the time more than one flag is present. The
multiple channel flag (called FLAG-2) is sent to the system control panel (Mode Select
Panel) to illuminate an LED. Both of the flag signals and the parity result are available at
the monitor connector. Because of the staggered sync format, the occurrence of a FLAG-2
does not mean an uncorrected error occurred. It is possible, and in fact this has been seen a
number of times, for the error in each channel to be outside the bounds of the FLAG-2 and
therefore the errors are corrected, as shown in fig. 4.

After the errors are corrected the Master channel data is redistributed as in the non-
ECC system. For customer confidence the parity is checked again after correction and the
result is available at the monitor connector.

5.  RESULTS

Before this system was designed there were a number of tests and calculations
performed to determine if the design was feasible. Principally these involved determinating
if simultaneous errors could be expected on more than one channel of typical tape samples.
Using some special equipment we tested various samples of tape both very good and very
bad for simultaneous errors. The testing also provided data on the expected length of the
errors. It was estimated that if we tested 1000 rolls of tape there would be stastically
significant evidence to prove or disprove the idea. Needless to say, enough tape was tested
to conclude that in the IRIG format simultaneous errors were not likely. In fact all the



simultaneous errors that were found were tracable to manufacturing defects (non-oxide
matter coated on the tape) or poor tape handling (scratches or fingerprints on the oxide in
the middle of a roll).

An exhaustive probability calculation was also undertaken. By calculating the
probability of overlapping flags with various error lengths versus raw error rates it was
possible to see what the correction ability of this system should be even without the tape
testing program. the results, shown by the solid lines in figure 5, lead into the design of a
prototype system. With the encouragement of the results from the tape testing, the final
design was completed.

After the first system was complete, another testing program was initiated to attempt to
validate the calculations. As can be seen by the data points on figure 5 the calculations
have been shown to be fairly accurate. From a more detailed analysis of the data it is also
possible to construct a probability estimate of the effective length of a dropout. The typical
length of a dropout turns out to be approximately 15 bits or 450 microinches at 33 Kbpi.
One of the difficulties of testing a system with error correction is the storage capacity of
the tape. A 28 track system stores 1 x 1011 bits (100 gigabits) of data on a 9200 ft. roll of
tape and an error rate of 1 x 10-10 allows only 10 errors on an entire roll of tape. Thus at
these error rates 90 errors in an entire roll of tape is an order of magnitude difference.

6.  Additional Features

During the system design it was determined that we could reduce the setup
requirements for the user, provide a low rate data space for such things as time code or
other logging information without wasting an entire tape track, and provide a monitor
system which can be used to make decisions about the quality of the data actually being
reproduced. These features are called Auto Channel Select, M48, and the Flag Monitor.

6.1.  Auto Channel Select

The requirement of selecting the channels included in ECC in the reproduce electronics
places an additional burden on the operator to know the recorded format. To eliminate this
need the system records information about the format and this information is used to
program the error corrector electronics.

As can be seen in the sync format (figure 2) there are two unused 32 bit blocks in the
Master channel, data block positions for channels 14 and 15. These 64 bits are partioned
into a 16 bit block for internal use, and a 48 bit block for customer use. The Sync Inserter
inserts a data pattern into the first 4 bits of the 16 bit block which represents the channels
selected for error correction. These are read in reproduce to automatically program the



channels to be corrected. The only operator selection is whether it is a one or two Parity
channel format.

6.2.  M48

The remaining 48 of the 64 bits are available for customer use. A connector on the rear
panel has clock and gate outputs and a data input for the record side with clock, gate and
data outputs on the reproduce side. With the 48 bit data block occuring once every 512
bits, this gives another data channel at 9.4% of the parallel data rate. This data space can
be used to record time code, tape identification information, decoding instructions for a
data processor or any other information which can be blocked into the 48 bits. Since a
variety of input possibilities exist the remaining interface is left to the customer. The basic
interface can be in the form of a parallel to serial converter controlled by the gate and
clock from the HBR.

6.3.  Flag Monitor

The error flags from each channel are brought out to a connector at the rear of the
system. This connector also has the Flag 1 (indicating one or more channels in error), the
Flag 2 (indicating 2 or more channels in error and that errors during this time are not
corrected), the parity result, the retested parity result, gate and clock signals. The parity
error output can be used to determine the raw error rate quite accurately, and along with
the channel flags the error rate per channel prior to correction can be determined on the
actual data as it is reproduced. The FLAG-2 signal can be used to mark portions of the
data which may have errors for further evaluation. These signals are available during
playback of actual data.
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ABSTRACT

In order to meet the acute national need for a major research and teaching effort in
magnetic recording technology, the University of California, San Diego has established a
Center for Magnetic Recording Research. At the core of the Center will be four faculty
whose interdisciplinary research interests are in magnetic recording. Four endowed
professorships will be used to attract this core faculty. The Center will also include other
faculty at UCSD and throughout the University of California. UCSD has committed land
and $1 million and the Regents of the University of California an additional $1 million to
be matched by $3 million of industrial funds to construct a building to house the Center.
Industry will also provide some research equipment and partial research support for five
years. It is intended that the Center will have national visibility and achieve international
leadership in the field.

INTRODUCTION

The importance of mass storage in the present and future evolution of information
processing systems has become increasingly obvious. The technology that is the basis of
mass data storage, and the one that for the foreseeable future offers the greatest promise, is
magnetic recording. Leadership in computers and information processing systems will
depend on the ability to lead in this technology. Magnetic recording not only plays a vital
role in the life of technological societies of today, but is indispensable to their future.

BODY

The recording and playback of images and sound and the storage of such information are
now dependent on magnetic recording. The move to digitize such information for quality
enhancement, multi-generation copies, and computer processing of such data will further
extend the use of the technology.



The general perception of magnetic recording lacks an understanding of its potential and
its “high technology” basis. In contrast to micro-electronics with its unifying origins in
solid state physics, magnetic recording is broadly based on many scientific disciplines and
lacks the cohesiveness of a single focus. Consequently it is given almost no attention in
academic institutions in this country. Yet shipments of magnetic recording products
constitute a $25 billion industry, and the data storage sector has been growing at a
compound rate of approximately 40% per year. Indeed, it is not generally known that the
dollar volume of magnetic products from “the Silicon Valley” approximately equals the
value of the semiconductor products from the same area.

Magnetic data storage is critical to the applications growth of computer systems. Our
international competitive position in information processing depends, to a great extent, on
maintaining leadership in this area. Unfortunately, only in Japan is academic work in
magnetic recording fostered and supported. There, nearly a dozen universities are doing
research on new modes of magnetic recording. It is, therefore, absolutely essential that an
academic institution generate new research knowledge for industry in this country and,
more importantly, educate our future technical leaders in this vital technology.

ORGANIZATION

The Center for Magnetic Recording Research will be established as an Organized
Research Unit. An Organized Unit is an interdisciplinary research center at which faculty
members from various departments conduct their research.

The leadership for the Center will come from the Center Director, the Dean of
Engineering, and from the four magnetic recording experts who will be appointed to the
faculty. Dr. Al Hoagland, a senior scientist at IBM and an internationally recognized
expert in magnetic recording, has been appointed as an adjunct professor for academic
year 1983/84 and made available by IBM to assist in the initial development of the Center.
His speciality is the fundamental recording process, and his current research addresses the
controversial issue of vertical vs. longitudinal vs. isotropic recording, He will be working
closely with members of the faculty and the Advisory Committee. The Advisory
Committee members will be appointed by the Chancellor. This committee will have one
representative from each company that supports the Center with at least $300,000 during a
three-year period. It will also include members from other academic or government
laboratories.

The four endowed chairs will be used to attract a core faculty of the highest calibre whose
research interests are in magnetic recording. The faculty will conduct research and teach
courses at both the graduate and undergraduate level. The plan for the Center played a
major role in bringing Dr. Shmuel Shtrikman to UCSD as a visiting professor for one year



beginning in July 1983. He is one of the foremost authorities in the field of magnetics and
will be an important contributor to the activities of the Center.

In addition to regular members of the University staff, the Center will include members of
the staffs of participating companies. Companies contributing at least $1 million over a
three-year period will have an office reserved for the use of a member of its staff. While in
residence, the company staff members will be appointed to suitable non-salaried positions
in the University and will participate in the activities of the Center. No patents will result
from research funded by the Center, and all information developed in the Center will be
placed in the public domain.

AREAS OF RESEARCH

Since this field is highly interdisciplinary, a key function is to encourage problem
identification and interaction in many departments as well as among UC campuses. For
example, Dr. Hans Oesterreicher of UCSD’s Department of Chemistry is being supported
to expand his research on the materials for magnetic recording. The Center is also funding
a research project at UC Berkeley under Dr. David Bogy of the College of Engineering.
The project investigates the mechanics of the head-medium interface in disk devices (this
spacing is currently about 10 millionths of an inch). Other examples of areas of research
that will be addressed in the early phases of operation of the Center include:

a. Study of the micromagnetics of thin magnetic films and magnetic particle
ensembles.

b. Material interactions and the aerodynamics of the transducer-medium interface.

c. Signal processing and information theoretic issues associated with magnetic
recording channels.

d. Integration of magnetic and semiconductor components especially in low signal-
to-noise applications.

BUILDING

The Building for the Center was approved by the University of California Regents in May
1983. The projected completion date is May 1985. When fully operational, the Center will
house 8 faculty, including the director, 40 graduate students, visiting faculty and other
professional researchers and 4 support staff. The Center will be located on the UCSD
campus in close proximity to the Central University Library and a new Engineering
Building.



SUPPORT

The $11 million of industrial contributions will fund the building, endow four
professorships, and support research and the acquisition of research equipment. Industrial
support will provide all of this for the first two years, 80% for the third year, 50% for the
fourth year, and 20% for the fifth year. Among the companies who have made
commitments to the Center are IBM, the 3M Company, Control Data Corporation, the
Eastman Kodak Company, Data Electronics Inc., Verbatim, Pfizer, and National
Micronetics, Inc.

Programs will be presented by the Center on a regular basis and will cover a wide range of
interests, emphasizing the interdisciplinary nature of the field. With support from the
National Science Foundation, UCSD and Carnegie-Mellon recently hosted a workshop
focusing on the role government might play in increasing basic research in this high
technology field. In addition, a series of seminars this fall will detail the history of
magnetic recording, its present status, and current and future research challenges. A
number of experts have been invited to participate in these programs.

THE CENTER AND UCSD

In its brief history, UCSD has achieved unprecedented success. It ranks fifth among
American universities in the amount of research and development funds it receives
annually from the federal government. The campus also ranks fifth nationally in the
number of faculty who have been elected to the National Academy of Sciences. However,
our four competitors have much larger faculties. When one examines the membership of
the UCSD faculty in the NAS relative to the size of the faculty, we rank second only to
Cal Tech. The national stature of UCSD was recognized recently by its election to
membership in the Association of American Universities, a prestigious organization whose
membership is limited to the nation’s top fifty research universities. UCSD is the first
university established after World War II to be so recognized.

UCSD has about 10,500 undergraduate students and 1,500 graduate students on its general
campus, in the School of Medicine and at the Scripps Institution of Oceanography.

The campus has recently merged its engineering departments under a Dean of Engineering
and has received the largest allocation of new faculty positions in its history. The Division
of Engineering consists currently of two departments: Electrical Engineering and Computer
Science with 32 faculty, and Applied Mechanics and Engineering Science with 27 faculty.
These two departments have graduate enrollments of 150 and 108 students respectively.
Members of the Electrical Engineering and Computer Science Department developed the
widely used computer languages “UCSD p-System” and “UCSD Pascal”.



UCSD is a growing institution in a rapidly growing center of the electronics industry. The
center of the electronics industry in San Diego is located immediately adjacent to the
campus. A number of companies in the field of magnetic recording currently employ
several thousand people in San Diego. The campus has also been given permission to
develop part of its lands as a science park for industrial research laboratories.

UCSD has not grown so large that the Center will be lost among a host of similar but
larger activities. The Center will be highly visible and will have a major influence on the
development and expansion of engineering at UCSD which will occur over the next
several years. As a result, our commitment to the Center goes beyond the benefits we
would ordinarily expect to derive from such a venture.



DIGITAL DATA CASSETTE RECORDING SYSTEM
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ABSTRACT

The Digital Data Recording System employs digital encoding and time-compression
combined to provide a DC-to-1MHz data channel. And two audio channels with
bandwidth of 50 to 10KC on a commercially available Beta-format video cassette.

INTRODUCTION

In recording telemetry data during missile flights and various airborne vehicle test
programs a requirement developed for a small, inexpensive data recorder capable of
recording radio receiver outputs which may have modulation from DC to 1MHz using
FM/FM, PAM, or PCM data formats. The system (Figures 1 and 2) described fulfills these
requirements.

THE SYSTEM

A common problem in the area of instrumentation (telemetry) recording has been the bulky
size of the tape and the tape transports. The requirement for long recording times at high
data rates has resulted in the use of a large quantity of tape. This problem was solved at an
early point in video recording with the use of rotary heads, which gave high writing speeds
with much more efficient use of tape area. Several hours of video may now be stored on a
cassette the size of a paperback book, using a relatively small transport. Unfortunately, this
progress has been slow in finding its way into instrumentation recording because the
picture video information is naturally segmented into lines and frames as the rotary head
passes across the width of the tape. Instrumentation data is usually one long continuous
track. The solution to this problem is time-compression, made possible by the evolution of
low-cost digital conversion stored briefly in memory, and put on tape in bursts. The
operation is reversed during playback, resulting in continuous data with no head-switching
holes. An additional benefit of digitizing the signal for recording is the ability to record DC
in the signal.



A telemetry recording system incorporating these methods has been developed and
demonstrated by the Sony Technology Center (Palo Alto, CA) in cooperation with the
U.S. Navy’s NSWSES group, represented by Ernest Dahl. The system consists of a
modified Betamax industrial video recorder and an adapter for data conversion and
formatting. The primary data channel records DC to 1MHz, and two auxiliary channels are
provided for voice or time-code. Recording time is 30 minutes with a commercially-
available L-500HG Beta video cassette, or 45 minutes with an L-750HG cassette.

THE RECORDER

The system consists of two units, the first of which is the Recorder/Reproducer (Figure 3).
This unit (Figure 4) is a highly modified industrial Betamax video recorder, using the
standard Betamax scanner and transport which includes a brushless motor, but running at
twice normal scan rate resulting in a writing speed of 550 ips. The record and reproduce
electronics have been replaced with wideband circuits to allow recording of digital data at
27.5 Mbits per second. The two standard auxiliary channels have been retained for
recording of voice or time-code. Meters and level controls are provided. All standard
remote control functions are also retained, including remote tape index display and auto-
search. Standard heads (Figure 5) are used, with an expected useful life of approximately
1000 hours.

THE ENCODER

The second part of the system is the Encoder/Decoder (Figure 6). This unit digitizes the
signal to be recorded and formats the digital data in blocks for the recorder (Figure 7). The
input signal is sharply filtered at 1MHz, sampled at 2.6 MHz, and converted to eight-bit
digital words. The input circuit is direct-coupled, DC information in the signal can be
encoded and recorded.

At this point, a problem arises due to the nature of rotary-head recorders. Although the
data is sampled continuously, it must be sent to the recorder in bursts corresponding to the
time when the rotating head is in contact with the tape, and allowing for gaps when
switching between the two heads. For this reason, the data travels through a FIFO (first-in-
first-out) memory buffer, entering continuously and exiting in bursts. This time-
compression process is reversed in playback, when bursts are read from tape and data is
continuously converted back to analog. The FIFO buffer performs the additional task of
removing all tape flutter from the off-tape signal. The data signal to the recorder consists
of a single serial line with a rate of 27.5 Mbits per second. For optimum recording, it is
desirable that this signal have no DC component, which would cause level shifts in the
record circuits of the recorder and in the decoding circuit of the encoder/decoder. For this 



reason, each eight-bit data sample is translated into a ten-bit binary word having five ones
and five zeros. When this ten-bit data is serialized, there will be no DC component.

THE TAPE

The limiting factor in the system performance is the tape. Magnetic tape is still an art and
not a fixed process. Any tape problems such as scratches, dirt, surface finish
imperfections, or non-uniform distribution of particles will result in errors of omission of
data. Therefore the highest quality tape is necessary to ensure optimum performance.

WORD ERROR COUNTER

A word error counter has been developed for use in system operation testing and for
evaluating tape dropout content. This device generates a digital test signal to be recorded
and then monitors the playback of this signal. Word errors are accumulated and a
continuous display is provided of errors per million words. This device is powered by the
encoder unit and is approximately the size of a tape cassette.

AUTO SEARCH/REMOTE CONTROL UNIT

A standard search and remote control assembly is available that reads out tape position
and permits, with contained keyboard, the selection of any tape position for either record
or playback. The same unit can be used for remote control-record/play operation. The size
of this unit is 3 1/2" by 1 1/2" by 7 inches.

DIGITAL DATA RECORDER/REPRODUCER
PRELIMINARY SPECIFICATIONS

The Digital Data Recorder combines a high density digital data channel with two general
purpose analog channels on a commercially-available Beta-format video cassette. The
input data rate may be up to 27.5 Mbits/sec. Data must be in a DC-free form with
allowance for a head switching rate of 120 Hz. Such a format is provided by the SONY
Data Encoder.

SPECIFICATIONS

Digital Data Channel (input and output)
Signal level 0.5Vpp, AC (75 ohm load)
Maximum bit rate 27.5 MHz
Recording system Two-head helical scan



Packing density 50.0 KBits/inch
Writing speed 550 ips

Analog Channels (two)
Frequency response 50 to 10,000 Hz
Signal-to-noise 45 dB

Sync Signal (input and output)
Level TTL
Frequency 120 Hz (head switch)

General
Tape SONY HG Beta cassette or equiv.
Record time 30 min (L-500 tape)

45 min (L-750 tape)
Dimensions 15.5 x 5.9 x 14.4 inches (w/h/d)
Weight 28 pounds
Power Consumption 70W, 120Vac, 50/60Hz

DIGITAL DATA ENCODER/DECODER
PRELIMINARY SPECIFICATIONS

The Digital Data Encoder makes possible the digital recording of a DC-to-1MHz analog
signal when used with a helical-scan digital data recorder such as the SONY Data
Recorder. The encoder digitizes a DC-to-1MHz analog signal, formats it for serial (single
track) digital recording, and performs the corresponding playback functions. The data
output format is a DC-free “8/10 block” serial code with interspersed sync information.
Allowance is made for head switching at a 120 Hz rate.

SPECIFICATIONS

Data Conversion
Analog signal level ±1V (75 ohm load)
Signal bandwidth DC to 1 MHz (-3dB at 1 MHz)
Signal-to-noise 48dB
Sampling rate 2.619 MHz
Quantization 8 bits

Recorder Signal (input and output)
Level 0.5Vpp, AC (75 ohm load)
Bit rate 27.5 MHz



Sync Signal (output)
Level TTL
Frequency 120 Hz (head switch)

General
Dimensions 15.5 x 3 x 14.375 inches (w/h/d)
Weight 15 pounds
Power Consumption 35W, 120Vac, 50/60Hz







FIGURE 3.  DIGITAL DATA RECORDING SYSTEM, SYSTEM INTERCONNECT.









FIGURE 7.  DIGITAL DATA RECORDING SYSTEM,
RECORD/REPRODUCE SYSTEM.
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ABSTRACT

Silicon solar cells have traditionally been used for conversion of direct sunlight to energy.
These cells can also be used as low rate optical detectors. The internal resistances and
capacitances, however, limit the usable bandwidth. Under forward bias conditions, diodes
exhibit, in addition to the depletion layer capacitance, a diffusion capacitance caused by
the rearrangement of minority carriers. A similar process occurs in solar cells when
photons are absorbed and electron-hole pairs are produced. This paper presents a method
successfully used by the authors to determine this unknown term as a function of
background illumination.

INTRODUCTION

Economic considerations have always been important in communication systems, and in
this light several firms have begun to consider cheap, readily available solar cells in lieu of
more costly photodetectors for low data rate applications. Mallette1,2 has developed an
accurate circuit model for a solar cell (Figure 1). The cell can be enclosed in a light-tight
environment and treated as any other encapsulated diode. Series, shunt, and dynamic
resistances (RS, RSH, r) and junction capacitance (CJ) can be measured (or calculated from
measurements) using standard techniques.2,3,4,5 An additional capacitance, diffusion



* Photon of energy equal to h< and greater than the ionization energy.

capacitance, is present when the cell is exposed to illumination. Diffusion capacitance is
shown to be a function of diode voltage, which is related to background illumination by the
spectral responsivity constant. This paper presents one method of determining the diffusion
capacitance for various solar cells.

THEORY

The theoretical aspects of modeling solar cells are discussed in Reference 2. The two
primary bandwidth-limiting components are the diffusion capacitance and the junction
capacitance. The most variable and rarely measured capacitance is diffusion capacitance,
which is explained in detail below.

Diffusion Capacitance

In a semiconductor material, light of a specific frequency* will excite an electron (up) into
the conduction band for n-type materials (Figure 2). Conversely, for p-type materials, the
photon will excite a hole (down) into the valence band. In the diode, the electron-hole
pairs are generated in three regions:

1) p region - Free electrons will diffuse to the junction area and drift to the n-region.

2) n region - Free holes will diffuse to the junction and drift to the p-region.

3) Transition region (junction) - Holes and electrons will drift to the p and n regions
respectively.

In each case, it is the minority carrier that is moving and generating a (light-induced)
current in the reverse direction (with respect to the diode). The movement of minority
carriers creates a current I8 that is the basis for the photoelectric effect first noticed by
Bequerel in 1839. This current is divided between the diode and the output loop, which is
composed of the series resistance RS and the load impedance ZL. See Figure 1.

The addition of these photo-induced electron-hole pairs causes a significant change in the
concentration of minority carriers in the bulk region on either side of the transition region.
Before the minority carriers reach the transition region and drift to the opposite side, the
diffusion of minority carriers results in buildup of charge distribution. This buildup of
minority carriers on either side of the transition region constitutes a diffusion capacitance
proportional to the light striking the semiconductor surface. This capacitance is the factor
we wish todetermine to complete the ac model of the solar cell.



The diffusion capacitance Cd is classically modeled to be proportional to the diode current
ID, the current at the terminals of the cell. Many authors use an approximation for diffusion
capacitance that is not valid when the cell is operated in the photovoltaic (unbiased) mode.
The correct solution in farads has been shown to be:1

(1)

where q =  electron charge (1.602 x 10-19C)

Io =  reverse saturation current

Jp =  lifetime of minority holes in n-region

n =  charge carrier density

k =  Boltzmann’s Constant (1.381 x 10-23 J/oK)

T =  temperature in degrees Kelvin

VD =  diode voltage

For a given temperature, the coefficient of the exponential term in Equation 1 is a constant
that we choose to call kd.

The derivation of Equation 1 considers only the n region, because the p region of the
semiconductor material under consideration was heavily doped compared to the n region.
This implies that the diode current is composed almost entirely of holes moving from the n
side to the p side.

Junction Capacitance

For a specified bias voltage, there exists an equilibrium p-n junction depletion region in
which the sole charges are bound ionized donors or acceptors. Mobile holes and electrons
tend to be swept out by the high electric field existing in the space charge region. The
width of the depletion region increases for an increased reverse bias. This bias increases
the number of bound donors or acceptors that are not neutralized by mobile electrons and
holes, and thus increases the fixed charge on either side of the junction; and vice versa for
forward bias. The junction capacitance is defined as the incremental charge increase dq of
fixed, unneutralized donors or acceptors per incremental voltage change dv and is given in
Equation 2 below.



EXPERIMENT

Incident light on a cell will induce a current I8 from the current generator. We measured
the diffusion capacitance using the equipment described below. The argon laser-variable
beamsplitter combination provided an adjustable source of “background” illumination for
the solar cell, and the incident light generated a time invariant current I8 and a voltage VD

across r and RSH. This exact voltage cannot be observed unless the current in RS is zero,
which is the case when the cell is open circuited, or nearly open circuited as when
connected to an oscilloscope. This dc voltage VD is observable directly on an oscilloscope
and will vary with incident light power PINC. The relationship between the current and the
incident power is the spectral responsivity constant RV, at the frequency of the light, and
can be determined from this simple measurement.

The ir laser was used to generate an impulse (500 ns triangular pulse) of light sufficiently
low in amplitude that it would not significantly perturb the background illumination. If the
background illumination is not changed significantly, the diode voltage will be
approximately constant, and the impulse can be used to determine the small-signal
parameters of the model .

The open circuit output voltage of the cell caused by the impingement of light from both
lasers can be represented by a one-sided decaying exponential, superimposed on a dc bias.
A darkened solar cell can be treated as a diode, and its dynamic resistance and junction
capacitance can be measured by standard techniques.2,3,4,5 They are of the form:

r = R1 exp (VD/VT) ohms (2)

Cj = kj/(VBI-VD)( farads

where R1, VT = (kT/q), kj, VBI, and ( are constants1,3,4,5 associated with the particular
diode. VBI is the built-in junction potential. The exponent ( is a constant that is a function
of the junction doping. An exponent of 0.5 indicates the transition is fairly abrupt, as
opposed to a linearly graded junction where the exponent may be 0.33.

Circuit analysis of Figure 1 and the above equations directly give the decay time constant
in seconds of the exponential as:

(3)



1 “Normal” for our situation meant variations from a moonless night to a cloudless noon in Baja.

2 A 750 mW Argon-ion laser manufactured by Control Laser, Inc., of Orlando, Florida.

3 An ir laser manufactured by Electromagnetic Sciences, Inc., of Atlanta, Georgia. Output pulse is
approximately triangular, of 0.5 µsec duration, operating at a wavelength of 9043 D.

Careful examination of Equation 3 identifies kd as the only unknown constant for a given
value of dc diode voltage VD. Plotting J versus VD shows that the time constant decreases
when the diode voltage (or background illuminations increases. Figure 3 shows a measured
set of points and a fitted curve for a one square cm silicon cell. As can be seen in Figure 3,
time constant changes by over an order of magnitude for a normal1 operating range could
wreak havoc in many forms of digital signal processing. The purpose of this paper is to
acquaint the reader with possible problems that might arise and to show how to predict
their effect on the system.

Should the duration of the pulse of the light be a significant portion of the product RTCT

(we used 4 percent maximum), the pulse waveform and the exponential response must be
convolved to obtain the true decay time constant.

EQUIPMENT

The layout of test equipment setup is shown in Figure 4, and Figure 5 is a photograph of
the equipment used to measure the time constant J. Figure 5 shows from left to right: the
Ar-ion laser,2 mirror, variable beamsplitter, screen cage with cell mounted on aluminum
block inside the cage, 50 percent mirror, ir laser,3 and part of the Ar-ion laser power
supply. The oscilloscope is not shown in this photograph. The beams of the two lasers
coimpinged on the face of the cell after passing through a double convex lens used to
defocus the two beams of light. The intensity of the ir pulse of light must be kept at a level
sufficiently low to not cause a significant change in the amplitude of the background
illumination.

 PROCEDURE

The cell is connected to the oscilloscope and is illuminated by the two lasers. Note that the
oscilloscope will give us two signals, or pieces of information: 1) the dc level (VD) at
which the cell is operating and 2) superimposed on this dc level, the response to the
impulse of light, represented as a one-sided decaying exponential (Figure 6). Measurement
of the dc level and of the decay time constant J uniquely determines kd. The decay time
constant can be measured by any of several methods. Since these methods rely on graphic
interpretation, we recommend that several values of J be determined for several values of 



4 Oscilloscope sync to internal, 1 mV/div vertical, 50 µsec/div horizontal, and input coupling to
ac. Photograph was taken with Kodak TX-135 of f stop 1.8, 1/30 second shutter speed.

dc diode voltage VD. From these J-VD pairs, a set of kd’s can be calculated and an average
value can be selected.

Figures 6 and 7 were taken with identical test setups, oscilloscope settings, and camera
settings.4 The one difference is that Figure 7 was taken with background illumination (from
the Ar-ion laser sufficient to generate a 100 mV voltage at the output of the cell), whereas
Figure 6 was taken without background illumination.

The background illumination causes two phenomena. 1) It causes addition of noise, some
of which is 60 Hz modulation by the background source. 2) It causes J to decrease as
background illumination is increased. This pattern is illustrated by Figure 7 and quantified
by Equation 3.

SUMMARY

When solar cells are operated in the photovoltaic mode, two capacitance terms need to be
determined to completely model the solar cell. Knowing these capacitance terms will allow
you to predict the solar cells’ response to a pulse of light.

In our experiment, both the junction and the diffusion capacitance terms varied with
background illumination. A technique for calculating the diffusion capacitance term
through two lasers was used. One of the two lasers was used as a source of controlled
background illumination, the other as a source of impulses of light. Their beams
coimpinged on, and uniformly illuminated, the cell. A series of measurements were taken,
and the unknown constant kd was then found. Our experimental findings supported our
theory that the decay time constant is inversely proportional to incident light intensity.
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Figure 1. AC Model of a Solar Cell.



Figure 2. Conduction Valence Band of a P-N Junction.

Figure 3. Variation of Open Circuit With DC Diode Voltage.



Figure 4. Layout of Equipment Used for Testing Variation of J 
With Background Illumination.

Figure 5. Photograph of Equipment Used for Testing Variation
of J With Background Illumination.



Figure 6. Transient Output of Solar Cell Due to a Pulse of
Light,

Without Background Illumination.

Figure 7. Transient Output of Solar Cell Due to a Pulse of
Light,

With Background Illumination
(to Provide a DC Offset of 100 mV).
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ABSTRACT

Low-level broad-band angular vibration measurement applications are continually
developing. This has generated a pressing need for a low-level angular vibration sensor
capable of measuring micro-radians at frequencies from 0 to 10kHz, with a total size of the
sensor on the order of a cubic centimeter. The device described in this paper has potential
for satisfying such a need. Only three design parameters are required to address the
minimum sensitivity level, and alternate designs with dynamic ranges and durability similar
to piezoelectric accelerometers could be developed capable of measuring angles down to
10-6 radians. Since the device is based on measuring accelerations using piezoelectric
crystals, linearity, dynamic range, hysteresis, and stability qualifications, as well as cost of
production are anticipated on the order of conventional piezoelectric accelerometers.

INTRODUCTION

Aerospace vehicles continue to be used as platforms for pointing and tracking. As the
distance to the target increases, the low-level angular disturbance to the vehicle degrades
the pointing accuracy more severely. This has generated a need for an angular vibration
transducer which is capable of measuring angular amplitudes as low as 10-6 radians over
frequencies from DC to 10kHz. This presents a challenging engineering problem which
has not generally been solved as yet, although there are a number of techniques for
measuring angular motion. Most of those approaches involve devices which are too large,
too narrow-band, or not sensitive enough. The instrument described in this paper is
believed to have potential as an engineering solution to the low-level broad-band angular
vibration measurement problem.

One of the more successful angular vibration sensors is described in Reference [1]. A
cubic device with 8.4 centimeters outside dimension is described having a frequency
response of from 3 to 2000 Hz and capable of measuring angles in the micro-radian range.
However, its relatively large size would limit its usefulness in some aerospace applications
involving light weight structure. As with most sensors, there are other design



considerations having to do with linearity, durability, and error sources which the
interested reader could find from Reference [1]. It is the relatively large size which
prevents this sensor from being suited to every application.

Reference [2] is a survey of various available techniques for measuring angular motion in
aerospace vehicles. Rate gyroscopes are generally narrow-band (on the order of 100 Hz)
and bulky, and to achieve the micro-radian range would require excessive cost. Another
popular class of devices, the fluid inertial sensor such as described in Reference [1],
requires that the fluid be maintained at a specified temperature. For aerospace applications
this adds to the mass of the sensor. A number of other approaches are mentioned in
Reference [2], but none of them resemble the device described here.

Reference [3] gives the theory behind a class of devices called vibratory sensors, since the
basic sensing element is a vibrating beam or wire. The claim is made that the vibratory
angular tachometer could be a low-cost replacement for the gyroscope, but development
problems have apparently prevented that from happening. Gyroscopes are still being
widely used in aerospace guidance and control applications. The critical difference
between the device in Reference [3] and the one described here is that Reference [3]
describes a torsion bar which senses the twist in a vibrating tuning fork. This angular
velocimeter senses angular motion by measuring the acceleration of the tuning fork tine tip.
measuring acceleration is inherently more broad-band than measuring displacement.

References [4] and [5] are the descriptions of another instrument which was intended to
replace the gyroscope. That instrument is identical to the class of devices of Reference [3],
using an electromagnetically excited tuning fork to sense angular motion through the twist
of a torsion bar. Although similar to the broad-band angular velocimeter described in this
paper in that a vibrating tuning fork is used, the rest of the details are entirely different.

The broad-band angular velocimeter described in this paper can be made quite small, and
by selection of design parameters can be made to measure angles in the micro-radian
range. In theory, the velocimeter operates from DC up to the upper frequency limit which
is a function of the design parameters. It is believed that the angular velocimeter described
here is a low-cost, low-level, miniature broad-band angular sensor. The technical details
and theory of operation are given in the next section.

ANALYSIS

A new angular rate sensor has been described in Reference [6] with technical details
summarized below. Consider a tuning fork vibrating at its natural frequency as indicated in
Figure 1. The tines will move along the y-axis with a displacement given by:



(1)

when the tuning fork experiences an angular velocity about the z-axis, the tines will
accelerate according to:

(2)

If two accelerometers were mounted on one of the tines to measure motion in the x and y
directions,

(3)

Combining equations (2) and (3) and carrying out the indicated cross product, the result is:

(4a)

(4b)

In equations (4),                                   Then b1 (t) and b2 (t) have the frequency spectrums
indicated in Figure 2. Figure 2a shows that the signal sensed by the accelerometer b1 (t) is
an amplitude modulation of the input angular rate where the carrier frequency is the tuning
fork resonant frequency. This is significant since it transfers the desired information to a
higher frequency where accelerometers are more sensitive. When the output signal b1 (t) is
demodulated, the desired sinusoidal angular motion is:

(5)

In order for amplitude modulation to be successful,                  , so equation (5) is
approximately [7]:

.

Therefore the amplitude of the output is a constant with respect to frequency. As long as
the tuning fork resonant frequency is high, the angular measurement will be broad band.



A few simple calculations can reveal the practical significance of this approach. Suppose
that a piezoelectric exciter is capable of providing 10-6 m of amplitude and suppose the
resonant frequency were 10kHz. If the accelerometer noise floor were 10-4 g, the minimum
angular rate which could be measured would be:

At 100 Hz this corresponds to about 12.4x10-6 radians. The basic sensing element is a
piezoelectric crystal, so the dynamic range would be about the same as conventional
piezoelectric accelerometers. Since this is a rate sensor, the sensitivity increases with
frequency. This indicates that if it is possible to design a tuning fork which resonates at a
sufficiently high amplitude at a sufficiently high frequency, the accurate measurement of
10-6 radians is within reason. Note that two parameters completely describe the sensitivity
of the rate sensor:  resonant frequency and resonant amplitude.

Laboratory measurements on two prototype tuning forks have been made. Those
measurements reveal some practical constraints which must be considered in the design.
Those laboratory measurements are described in the next section.

EXPERIMENTAL RESULTS

Two prototype angular velocimeters have been constructed in the laboratory. The first one
was machined from steel with the gap between the tines adjustable, and excited by a
solenoid between the tine tips. The second one was machined in one piece from
magnesium and excited by a solenoid behind the tuning fork. The results given here
indicate that the theory of operation is sound, and that the tuning fork should be machined
from a single piece of stock. The particular type of material does not seem to matter, since
for most metals E/D is approximately constant.

According to Reference [5], the output spectrum of an amplitude modulated signal will be
the measured spectrum reflected about the carrier frequency. Figure 3 is the zoom
transform of b1 (t) for a 25 Hz excitation frequency with a carrier frequency of 1120 Hz
using the steel prototype. The noise threshold of the accelerometer is 5.8x10-4 g. Other
measurement data is summarized below:
a  =  1.21x10-7 m
*o  =  2.838 rad/sec
T  =  25 Hz
S  =  1120 Hz
The measured value of b1 (t) at S + T  =  1145 Hz is 0.0052m/sec2 .
The theoretical value is 2a S*o  =  0.0049, for an error of 7.3 percent.



A second prototype tuning fork was machined out of a single piece of magnesium as
indicated in Figure 4. The “H” shape of Figure 4 was selected in order to provide
symmetric tines with the small bridge between tines providing coupling without excessive
stiffness. The small solenoid was a standard 24V commercially available unit. Since the
sensitivity depends on the product , a S the physical dimensions of the tuning fork were
varied with the following results. As expected, the tuning fork resonant frequency is
proportional to h and inversely proportional to R2 . The width of the tines, b, does not affect
the natural frequency but does affect the stiffness which must be overcome by the solenoid
in generating a large resonant amplitude. Therefore, b should be made as small as possible
without allowing the cross-axis stiffness of the tuning fork to become smaller than the
resonant stiffness. This would corrupt the acceleration measurement by allowing the tines
to deflect in the direction of b1 (t). Finally, the value of e has been found to influence the
tuning fork resonant frequency only slightly, while reducing the stiffness significantly thus
providing for a larger resonant amplitude. Therefore the value of e should be adjusted to
give the desirable resonant amplitude.

This demonstrates that the theory of operation is sound for this instrument. In the next
section, a discussion of design parameters will be given and recommendations for the next
generation prototype will be discussed.

DISCUSSION OF DESIGN PARAMETERS

In the previous section it was demonstrated that in order to maximize the sensitivity of this
angular velocimeter it is necessary to maximize the product a S . In this section, the
analysis of structural modifications to accomplish that are given. An approximate model
for one of the symmetric tines would be a cantilever beam. The first natural frequency of a
constant thickness cantilever beam is:

(6)

In order to maximize the natural frequency given by equation ( 6) h should be increased
while R is decreased. That process is limited by the requirement that the system behave like
a beam requiring that R/h be large. Also, the resonant frequency should be increased
without substantially decreasing the resonant amplitude. The resonant amplitude depends
on the damping and on the resistance to bending of the tine tip. The stiffness of the tine tip
is:

k = Eb /6(h / R)3 . (7)



If the tine were tapered to a point, the stiffness is reduced to:

k = Eb /6(h / R)3 ,

which is about 50 percent less. The new resonant frequency is [8]:

 ,

which is about 50 percent higher than the uniform beam. Tapering therefore increases the
product a S by a factor of 2.25, more than doubling the sensitivity.

A uniform tuning fork machined according to Figure 4 had a resonant frequency of 610 Hz
with a resonant amplitude of 8.0x10-8 m. After tapering, the resonant frequency was
increased to 640 Hz and the resonant amplitude to 3x10-7 m. This increased the resonant
amplitude by a factor of about 3.75 and the resonant frequency by only about 5 percent.
That is probably because the fork was not tapered to a point since that would not provide a
platform for the accelerometer. The resonant amplitude increase was much greater than
expected probably because at resonance the damping controls the amplitude, while
stiffness was used in a qualitative sense.

It is necessary to comment that this engineering trade-off involves mutually contradictory
trends. All resonating vibratory systems are found to have reduced amplitudes of vibration
as their frequencies increase. This is because physical structures act as low-pass filters,
preferring information at low frequencies. In order for this idea to be practical, it must be
shown that a sufficiently high resonant amplitude can be excited at a sufficiently high
frequency. From Figure 1, a natural alternative might be to choose a piezoelectric material
as the resonating basis of the instrument in Reference [6], especially since piezoelectric
materials have very high resonant frequencies. However, such materials are very stiff and
therefore have very low resonant displacements. Therefore, the preferred configuration
might be to use the tuning fork as a displacement amplifier and use the piezoelectric
exciter to stiffen the tuning fork, pushing the resonant frequency upward. This can be done
by carefully selecting the location of the piezoelectric exciter such that maximum power is
transferred. This is accomplished by matching the deflection of the piezoelectric crystal
with the resonant deflection of the tuning fork.

SUMMARY

A new instrument for measuring angular vibration uses accelerometers mounted on a
tuning fork to amplitude modulate the angular velocity. This moves information upward in
frequency where accelerometers are more sensitive. Only two design parameters define the



sensitivity of the tuning fork velocimeter:  the resonant frequency and displacement. It is
demonstrated that by tapering the tines, the sensitivity is improved. Two prototype tuning
forks are experimentally investigated with the result that a recommendation for a final
prototype is given. First, the final prototype should be machined from a single piece of
material reducing the damping. Second, the prototype should be excited by a piezoelectric
exciter optimally positioned between the tines for impedance matching. In this way it is
expected that a new prototype sensor can be developed capable of measuring angles in the
micro-radian range.
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FIGURE 1. SCHEMATIC DIACRAM OF A NEW CONCEPT IN
ANGULAR MOTION MEASUREMENT



a.  FREQUENCY SPECTRUM OF B1 (T)

b.  FREQUENCY SPECTRUM OF B2 (T) .

FIGURE 2. FREQUENCY CONTENT OF THE ACCELERATION
OF THE TUNING FORK TIP.



FIGURE 3.  Zoom TRANSFORM OF B1 (T) ON AN EARLY PROTOTYPE.

FIGURE 4.  GEOMETRY OF A SINGLE-UNIT PROTOTYPE



SPACE SHUTTLE MAIN ENGINE
TURBOPUMP TRANSDUCER
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ABSTRACT

The Space Shuttle Main Engines were required to meet the reusability criteria set by the
Space Shuttle program. During development tests, excessive bearing wear was observed in
one of the Main Engines Oxygen Turbopumps. A means to monitor the bearing load was
devised using the Turbopump’s Bearing Support Cartridge. Strain Gages were bonded to
the Cartridge and calibrated for loads up to 3000 lbs. The Strain Gages were then covered
with a coating called Refset for operation in a Liquid Oxygen environment. The
Turbopump, with the Strain Gaged Cartridge, was installed in a Main Engine and “hot
fire” tested twenty-two times. Test data showed excessive bearing loads but with minor
changes to the Main Engines, bearing loads were deduced. Use of the Strain Gaged
Bearing Cartridge will help the Space Shuttle Main Engines meet the Space Shuttle
programs reusability criteria.

INTRODUCTION

Part of the credit for the success of America’s Space Shuttle goes to the operation of the
Rocketdyne-built Space Shuttle Main Engines (SSME). Three Main Engines along with
the Solid Rocket Boosters, have powered the Space Shuttle’s Columbia and Challenger to
orbit several times; with more to come. (Figure 1) The reusability of the SSME has been
demonstrated by the success of the first five flights of the Columbia using the same three
SSME’s.

Advances in liquid rocket engine technology were required to meet the life and reusability
criteria set by the Space Shuttle Program for the SSME. To verify the SSME design life,
extensive development testing and hardware inspection was required.

Each SSME has four turbopumps which are used to pump propellant for combustion. One
of these turbopumps which pumps liquid oxygen is the High Pressure Oxygen Turbopump
(HPOTP). Using a two-stage turbine, the HPOTP produces 29,410 horsepower to pump



1158.8 pounds per second of liquid oxygen. (Figure 2) One area of hardware inspection
and testing to ensure engine life and operation was in the area of the rocket engine
turbopump bearings. Bearing life is critical to the overall reusability of the HPOTP.

After each development test of the SSME, inspection of many engine parts are made.
During inspection of the HPOTP it was observed that some of the bearings in the pump
were wearing excessively. The bearings in question were the number 3 and 4 bearings in
the pump. (Figure 3) To determine the cause of the wear, one HPOTP would be
instrumented to monitor the bearing conditions.

TRANSDUCER DESIGN CONSIDERATIONS

Before the HPOTP could be instrumented, a means to monitor the bearing load conditions
was devised. Considerations were made with respect to the operating conditions of the
HPOTP and the type and placement of the instrumentation.

The regions around the bearings and the bearings themselves are cooled with liquid and
gaseous oxygen. The temperature ranges from ambient to -273EF. The area is pressurized
up to 400 psig during the HPOTP operation. Because of the Liquid Oxygen (LOX)
environment, all instrumentation placed in the pump would have to be compatible with
LOX or be covered to protect it from the LOX.

A protective coating was proposed that would cover the instrumentation to protect it from
the LOX environment. The coating, supplied by Raybestos-Manhattan called Refset, was
used to cover non-LOX compatible materials. Raybestos-Manhattan recommended the
Refset compound as the most suitable for a pressurized LOX environment. Further
laboratory tests by Rocketdyne verified the use of Refset in the HPOTP. The tests included
LOX impact, thermal shock and strain transfer tests.

The LOX impact test verified the impact resistance of Refset in a pressurized LOX
environment. The test impacted a sample of Refset with 72 ft.-lbs. of energy. The
environment around the sample was controlled to -220EF and pressurized to 600 psig.
Twenty impacts were made without a Refset reaction with the LOX.

The thermal shock test determined the thermal sensitivity of Refset. A test bar coated with
Refset was submerged in liquid nitrogen. Strains up to 6000 micro in./in. were then applied
to the Refset area of the Test bar. The load was repeated four times. After the tests, the
Refset coating was examined for cracks or loss of adhesiveness. No visual or microscopic
indications of cracking, peeling or any other evidence of loss of adhesion was found.



The strain transfer test verified the use of Refset with strain gages. A test bar was strain
gaged and placed in a tensile test machine. Strains were recorded as load was applied with
and without a Refset coating over the strain gages. The test data showed no difference in
recorded strain between the uncoated and coated strain gages. It was concluded from these
tests that Refset would be acceptable as a protective coating over non-LOX compatible
instrumentation.

The type and placement of the instrumentation in the HPOTP was the next consideration.
Several methods were reviewed to monitor the load on the bearing in the HPOTP. Figure 4
shows the use of a small load cell (piezioelectric type) to measure loads applied to the
bearings. As shown in Figure 3, the cartridge support is attached to the HPOTP housing
and the bearing cartridge acts as a spring to allow the HPOTP to travel axially. The axial
movement is plus and minus forty thousandths of an inch from the zero position. One of
the axial travel stops is the cartridge support. The other stop is a HPOTP part that hooks
over the edge of the bearing cartridge. The load cell would be placed on the cartridge
support to measure the load as the bearing cartridge bottoms toward the Turbine End.
Advantages to the load cell method would be that the load cell could be calibrated
independent of the pump and the load cell could be matched to the estimated bearing load.
By selecting the proper load cell range, the signal output could be optimumized. The
disadvantages of the load cell are that the measured load is in only one direction and the
limited availability of a load cell with the proper range and size.

The next two methods were derivatives of the load cell idea. (Figures 5 and 6) Each used a
load column to sense the bearing load. Both methods removed the doubt of load cell
availability. The load cell would be manufactured “in-house” but the load measured was in
one direction. The design and installation of the load columns also was complex with anti-
rotation tangs and retainer rings.

The next method (Figure 7) suggests the use of the cartridge support as a spring element.
Stress concentration holes are shown to increase the strain output from the strain gages but
with little success. Less than 0.025 mV/V output was calculated using the estimated
bearing loads. Because of the low signal output and the single measured load direction,
this method was not used.

The last two methods that were reviewed incorporated the use of the Bearing Cartridge as
the spring element. Figure 8 shows a strain gage easily placed on the pump end of the
Bearing Cartridge. This location would sense applied bearing loads in both directions and
would require minimum rework of the HPOTP hardware. The disadvantage was the
questionable low signal output. Figure 9 is similar and requires little hardware modification
but there was some doubt as to the signal output.



After studying the last two methods, it was noted that as loads were applied to the
bearings, the strains in the Bearing Cartridge at the two proposed locations were opposite
in direction. That is, as the load was applied toward the turbine end of the HPOTP, the
strain gage location in Figure 8 was in compression and the strain gage location in Figure 9
was in tension. By using the two locations and wiring them in the same Wheatstone
instrumentation bridge, an additive output could be gained. This additive signal output
would overcome the concern of low output from only one location.

To verify the signal output of the last two methods, a bench test was made using the
Bearing Cartridge. Strain gages were installed on the Bearing Cartridge in the two
designated locations. The Bearing Cartridge, mounted in fixtures to simulate the HPOTP,
was loaded up to 3000 pounds in the axial direction. Strains up to 1200 µ in./in. were
records from the individual locations.

As the bearing load strain gage locations were being specified, a secondary objective of
monitoring HPOTP shaft axial travel was suggested. By knowing the location of the shaft
axially in the HPOTP, it would verify the direction of the bearing load and provide
information on the HPOTP operation. The slotted area of the Bearing Cartridge became an
ideal area for the strain gages to monitor shaft axial movement.

The layout of the two channels of shaft travel monitoring strain gages (Bridges No. 2 and
No. 5) and the three channels of load monitoring strain gages (Bridges No. 1, No. 3 and
No. 4) are shown in Figure 10. The Bearing Cartridge was modified slightly to allow for
easier wire routing of the load monitoring strain gages.

Strain gages were used as the instrumentation sensor for several reasons. The installation
of the strain gage required very little hardware modification. Also, Rocketdyne was
familiar with strain gage installations and the accompanying instrumentation.

The next step in the design considerations to monitor bearing load and shaft travel was to
specify the type of strain gages and the bonding agent to use. The first consideration would
be the environment where the strain gage would operate and the material to which it will
be bonded. The temperature around the Bearing Cartridge during operation ranges from
ambient to -273EF. The Bearing Cartridge material is Inconel 718 with a coefficient of
expansion of 7.8 ppm/EF. Due to the low temperature extreme of the Bearing Cartridge, a
nickel-chromium alloy foil gage with a self-temperature compensation (S-T-C) of 13 was
specified. The S-T-C of 13 supplies the best fit of the apparent strain curve on Inconel 718
at the low temperature range of the HPOTP operating range. The alloy foil was also
specified on a glass reinforced epoxy-phenolic resin backing since strains of less than 1%
were to be encountered. The strain gage size was limited to what would fit the locations.
With these considerations in mind, the strain gages called for use on the Bearing Cartridge



were SK-13-031DE-350 and SK-13-031EC-350 by Micro Measurements. M-Bond 610
was designated as the bonding agent because of its outstanding job at cryogenic
temperatures.

The strain gages were applied to the Bearing Cartridge as identified on Figure 10, curing
the M-Bond 610 at 350EF for two hours and post-curing at 500EF for two hours. Figures
11, 12, 13 and 14 show the actual strain locations and wire routing. The strain gages and
wires were then coated with Refset.

TRANSDUCER CALIBRATION AND HPOTP ASSEMBLY

The instrumented Bearing Cartridge was ready for calibration and installation in the
HPOTP. A bench calibration of the Bearing Cartridge was made on an Instron Machine
using fixtures to simulate the HPOTP housing and bearing. Loads up to 5000 pounds were
applied while deflection and strain measurements were made. The bench calibration was
performed at ambient and liquid nitrogen temperatures. The strain verse load or deflection
was then plotted. (Figure 15)

The Bearing Cartridge was then cleaned and installed in a HPOTP. The strain gage wires
were routed out of the HPOTP through two Conax fittings. After installation, the Bearing
Cartridge calibration was checked by applying loads to the HPOTP’s shaft and monitoring
the strain gage output. This load application was performed at ambient and liquid nitrogen
temperatures also.

HPOTP ENGINE TESTING AND DATA DISCUSSION

After complete assembly, the instrumented HPOTP was shipped to the Santa Susana Field
Laboratory of Rocketdyne for installation into an SSME. After installation, the deflection
monitoring strain gages were checked for a “zero” reading to verify that the HPOTP had
been installed properly. A total of twenty-two “hot fire” tests were made with the
instrumented HPOTP in an SSME. The test time varied from 1.5 to 200 seconds and
included testing the HPOTP in three different SSME’s.

From the test data, plots of the HPOTP shaft travel and bearing load were made. One test
is depicted in Figure 16. At the start of the test, the HPOTP is bottomed against the turbine
end stop. After about 3 seconds into the test, the shaft moves away from the stop and is
axially balanced during changes in Engine power level. At cut-off, the shaft again bottoms
against the turbine end stop. With the shaft moving on and off the stops, a verification of
the strain gage calibration was made.



Figure 17 depicts bearing load and shaft position as monitored by the instrumented Bearing
Cartridge. At engine start, the HPOTP shaft is again bottomed against the turbine end stop.
Load can be noted being applied to the bearings of up to 2000 pounds. After leaving to
stop, the shaft is again balanced axially and the load monitoring channel is essentially zero.
At cut-off, the shaft bottoms on the turbine end stop and a large lead of about 6000 pounds
is applied to the bearings. After four seconds, the shaft moves to the pump end stop and
another load is applied to over 4000 pounds on the bearings.

As the engine test data was reviewed from the instrumented HPOTP, insight was gained
and corrective action was taken to lower HPOTP bearing loads. By lowering the bearing
loads, the life of the bearings was increased. After a small engine valve cut-off sequence
change, the loads to the bearing were cut to below 100 pounds. Other changes were made
to ensure that the bearing loads in the HPOTP remain low.

Designing, building and using the instrumented Bearing Cartridge provided the needed
data to ensure proper bearing life in the HPOTP. This type of testing ensures the SSME
will meet the expected design life required by the Space Shuttle Program.
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TEST AND EVALUATION OF RADIOACTIVELY CONTAMINATED
TRANSDUCERS AND TRANSMITTERS1
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ABSTRACT

People in the nuclear industries face some unique problems when handling, testing, or
examining transducers and transmitters that have been radioactively contaminated.
Although many people and organizations, including EG&G Idaho, have performed such
work for many years, there are no set, structured approaches or procedures. This paper
discusses a disciplined laboratory approach to contaminated transducer testing and
evaluation, utilizing equipment and facilities developed specifically for this type of work.

INTRODUCTION

As a prime contractor, EG&G Idaho operates several experimental nuclear reactors at
Idaho National Engineering Laboratory (INEL) approximately 50 miles west of Idaho
Falls, Idaho. Among the nuclear facilities are Loss of Fluid Test (LOFT), Power Burst
Facility (PBF) and Advanced Test Reactor (ATR). EG&G Idaho is also involved in a
program to remove certain selected instruments and other electrical devices from the
TMI-2 reactor building for testing and examination at INEL.

Many transducers and transmitters are utilized in and around nuclear plants. In addition to
the control and process monitoring transducers and transmitters normally used in nuclear
plants, many specialized transducers may be found in the experimental reactors at INEL.

These devices frequently become radioactively contaminated in service. Contamination
may be internal, external, or both. This does not alleviate the necessity to periodically
retest or calibrate these transducers, or to evaluate and/or examine them for cause of
degradation or failure. Most transducer test laboratories are not licensed or equipped to
handle radioactive material, and therefore the users must solve the testing problems
themselves.



Contamination is removable radioactive dust-like particles, which can be ingested or
inhaled. Contamination ranges from that which is easily removable to that which is very
tenacious and locked into pores or crevices of a device. Some contamination may be
extremely difficult to remove, yet still be capable of contaminating equipment or
personnel. The types of radiation typically encountered are alpha, beta, and gamma.

CONSIDERATIONS

Some of the areas that must be considered when testing and handling radioactively
contaminated transducers are:

1. Personnel and Public Safety—Radioactively contaminated material is potentially
hazardous. Medical and radiological monitoring is necessary to protect personnel and
requires specialized instruments, personal dosimetry and documentation. EG&G
Idaho subscribes to the ALARA (as low as reasonably achievable) philosophy, so that
jobs are planned carefully to reduce personnel exposure to levels below DOE
guidelines.

All personnel who work with radioactive materials at EG&G Idaho must take special
training and become qualified Radiation Workers.

All materials and equipment contaminated during testing and examination must be
controlled, cleaned up, or disposed of properly and safely, to protect personnel and
preclude the spread of contamination to the general public.

2. Special Handling—All radioactive materials require special controls and must be
handled and shipped in accordance with government regulations. Special paper work
is required and at EG&G Idaho, only trained and qualified personnel may handle or
ship radioactive materials. All actions connected with handling are monitored by
personnel trained in health physics. Typically, each job involving any radioactive
material requires a “Safe Work Permit” so Safety and/or Health Physics personnel
can review the job and assure adequate safeguards to protect personnel and to prevent
the spread of contamination.

3. Protection of Test Equipment and Facilities—Unless the test equipment and facilities
being utilized to test the contaminated components are dedicated solely to working
with such articles, they must be either protected against contamination, cleaned up
after this use, or disposed of when the job is complete. Generally, calibration and test
equipment is too expensive to dedicate only to testing contaminated components, and
attempts are made to use the same equipment on nonradioactive tests as well. This 



may be risky because once a piece of equipment is contaminated, it may be extremely
difficult or impossible to clean and therefore no longer useful on non-contaminated
items.

TEST OPTIONS

Several options are available in testing and evaluating radioactive transducers and
transmitters:

1. Discard and Replace. The cost of handling and testing the device may be greater than
that of simply discarding it and replacing it with another. This is commonly done,
especially with highly radioactive devices. However, aside from the fact that it costs
even to discard or store radioactive material, there are several reasons for testing a
radioactive transducer or transmitter.

• The most obvious is to enable its reuse. While transducers and transmitters
normally last years, periodic calibration tests are necessary to assure continued
accuracy of the unit. Radiation contamination, itself, does not constitute failure.

• Validate Data Already Obtained. The device may have provided data during an
experiment that subjected it to potentially damaging radiation (or other
phenomenon), and requires testing to assure that the device still functions
properly.

• Determine survivability or cause of failure or degradation. When failure or
degradation does occur, it is useful to know the cause in order to improve future
designs or applications, as in the case of the TMI-2 transmitters.

• Radiation Effects Testing. Some experiments are designed specifically for testing
radiation effects on devices or materials, in which case testing is required to
evaluate such effects.

2. Clean Up and Test. Sometimes devices may be cleaned up so they can be handled as
nonradioactive items. This approach generally works only on items mildly
contaminated with loose particles. It is not uncommon to have to resort to harsh
cleaning techniques such as scrubbing, pressurized steam, acid etching, etc., and even
these techniques are not always successful.

Cleaning operations may damage or affect device performance in such a manner as to
question its performance in a previous experiment or operation. For example, if water
used in a cleaning operation were allowed to enter a sensitive area of a transducer or



transmitter, and it subsequently did not work properly, its prior performance would
remain in question.

3. Test in Place. Frequently, transducers and transmitters may be tested in place. Process
and control pressure transducers and transmitters for example, are often configured so
they may be tested with a portable pressure calibrator, but this approach has its
limitations. The logistics are sometimes cumbersome, testing may be compromised,
and often results are not as good as a laboratory calibration. In the case of failure or
degradation, detailed troubleshooting and repairing in the field is generally not
practical; it is simpler to physically replace the device and not delay the operation of a
costly facility.

4. Test Device in Contaminated State. It is often desirable to test the device in the
contaminated state because: 1) The device may not be cleanable, 2) cleaning may
damage it or affect the test results as previously indicated, or 3) it may be most
efficient and economical if equipment and facilities are readily available. Conversely,
it may be very expensive if special facilities and/or equipment must be separately
provided for each task.

Special “Hot Cells” are available at INEL. These are enclosed and sealed areas that
have been designed and constructed to handle highly radioactive materials, and are
equipped with remote control manipulators. They are generally very expensive and
awkward to utilize, and are too restrictive for handling and testing mildly
contaminated transducers.

TEST FACILITIES

At the INEL, in spite of the fact that we have been handling radioactive materials for
years, it still seemed that when it was required to test or calibrate a radioactively
contaminated transducer or transmitter, it was necessary to set aside a special area or
facility, and set up calibration and test equipment on a temporary basis. The tests were
usually set up in a remote area that was designed to handle radioactive material, but not
conducive to good instrumentation practices. With an expected influx of transducers and
transmitters from LOFT and TMI, and recognizing that there must be a better way, a
laboratory designated Contaminated Components Test Facility (CCTF) was set up for the
primary purpose of testing and evaluating radioactively contaminated instruments. The
laboratory is located in an area where nonradioactive transducers have been tested for
years. Most of the necessary equipment was on hand and experienced personnel were
already available to staff the facility.



The general philosophy was to provide a facility at minimum costs that could utilize as
much existing equipment and personnel as possible. Further, it was desired to be able to
handle and test devices in a “as received” contaminated state to avoid compromising data
by any clean-up operation.

Figure 1 is a layout of the CCTF, which is located in a metal frame building at ARA-III at
the INEL. The principle features are the tent, the fume hood, and a glove box, in which
contaminated articles are tested and examined. Also in this facility is radiation monitoring
equipment consisting of a constant air monitor, radiation area monitor, a smear counter,
personnel monitor, and several portable instruments.

The tent was fabricated to our requirements and is made of Herculite, a fiberglass-
reinforced plastic. See Figure 2. The material is strong, washable and easily cleaned. Four
separate rooms and a “step-off area” are provided, so separate experiments may be set up
and left in place. A blower system maintains a negative air pressure on the tent. Blower
system air intake and exhaust is forced through high efficiency particulate air (HEPA)
filters. It is designed so any airborne contamination is drawn into the filters and trapped.
The fume hood, Figure 3, is also exhausted through a HEPA filter.

The glove box, Figure 4, is an option for handling and disassembling devices.

Provisions for collecting liquid, solid, and compactable radioactive waste are incorporated
in the facility.

Mildly contaminated articles may be evaluated in either the fume hood or the tent. Articles
that have higher levels of loose contamination are evaluated in the tent. Such items may
require that personnel be more fully protected, so an air purification system is provided to
allow personnel to work in the tent with hood respiratory protection. See Figure 5.

The tent is provided with a zippered door in its ceiling, and a rail-mounted chain hoist is
available so that heavy articles, such as instrumented piping, may be lowered into a back
room for testing.

Figure 6 shows radiation monitoring equipment, including a “smear” counter. Smear
counters are used to measure contamination levels by wiping (smearing) the questionable
article with a cotton or a paper swab, and then placing the swab in the lead lined detector
housing. The radiation events (disintegrations), are then counted, and the results provide an
indication of the level of contamination. The detection systems are capable of
discriminating between the types of radiation, i.e., alpha, beta, or gamma.



Figure 7 shows a computer-based control and data acquisition system which is located in a
separate building several yards from the CCTF. There are several computer-controlled
RUSKA pneumatic pressure calibration instruments mounted in the racks. The control and
data acquisition system is used to test pressure transducers and to control and acquire data
from a variety of experiments in the area. It was a relatively simple matter to connect the
CCTF into this system with pressure tubing and cabling. Of great concern is that the
pressure test system not be contaminated by the radioactive transducers and transmitters.
This concern was resolved by placing filters in pressure lines as shown in Figure 1. A
number of tests were performed to assure that contamination did not pass the filters. Two
filters are used for redundant protection.

An alternate method of protecting pressure test equipment is to pressurize from the test
equipment, but exhaust or bleed-off into the contaminated area. This technique has been
used with pneumatic and water test systems. It is still recommended that a filter be placed
in the pressurizing line, in case of leakage or errors in operation.

The limits of radiation levels that may be accommodated in the CCTF are based on
allowable personnel exposure. Such measures as shielding, maintaining distance, and
minimizing time of exposure are taken to reduce personnel exposures to within the EG&G
Idaho ALARA guidelines. Contaminated articles must be enclosed in sealed containers for
shipping and handling, and may be exposed only in a controlled area such as the tent or
fume hood.

Each device to be tested must be evaluated by Health Physics and test personnel to
determine the best handling and test techniques to maintain low personnel exposure. In
general, articles with up to 2 or 3 roentgens per hr (R/hr), as measured by an ion chamber
instrument, or smearable contamination of several hundred thousand disintegrations per
minute (dpm) can be readily accommodated. Higher levels may require special controls
and procedures, with additional shielding required.

TEST AND EVALUATION EXPERIENCE

The CCTF was set up primarily to repair and recalibrate LOFT pressure transducers and to
test and examine TMI-2 pressure transmitters. Other devices have also been tested and
examined in the facility.

Loss of Fluid Test (LOFT) - The LOFT reactor uses approximately 50 experimental
absolute and high-line, low-differential pressure transducers on and around the primary
coolant system. These transducers become contaminated internally and externally, and
require periodic calibration and repair. In the past, it was very difficult to obtain good “as
received” calibrations because of inadequate facilities, and the areas in which it was



necessary to repair them was not of instrument handling quality. The transducers are now
tested in the CCTF in a “as received” contaminated condition, with the precision pressure
test system. This allows validation of prior supplied data. The transducers are then cleaned
up and repaired as necessary (new “O” rings, fittings, etc.). They are then recalibrated and
returned to service with a minimum of turn-around time.

The radiation and contamination levels of these transducers is fairly low, ranging about
0.05 to 0.5 R/hr and smearable contamination of 500 to 5000 dpm.

Three Mile Island (TMI) - A number of TMI transmitters were to have been tested by this
time, but removal has been delayed at TMI due to the high priority of the fuel examination
program. Two pressure transmitters and one flow indicating transmitter have been tested/
examined, along with pressure switches and valve actuator solenoids. A Foxboro EllGM
series pressure transmitter was tested and appeared to have suffered no degradation, while
a Bailey Model BY8231 did not function at all due to severe internal corrosion (1). See
Figures 8 and 9. The corrosion in the Bailey unit was caused by leakage of water into it,
apparently by way of its cable conduit.

A Brooks flowmeter indicator also did not function at all. The failure was found to be
severe corrosion at solder terminals in the transformer sensing coils. The corrosion is not
attributed to leakage, as with the Bailey unit. A report will be issued on the Brooks unit at
the end of the fiscal year.

These TMI transmitters exhibit radiation levels of up to 1.5 R/hr, with smearable
contamination levels of up to 100,000 dpm. The Bailey unit was also heavily contaminated
internally.

When actually working on a unit, as in a disassembly or troubleshooting operation, it has
generally been found most convenient to work in the fume hood, as shown in Figure 3.
One technician, dressed in anti-contamination clothing, actually handles the test articles in
the controlled area while the other operates meters and test equipment and maintains a log,
and transcribes data.

For long term tests, or calibration tests where the transducers are to be left unattended, it
has been found most convenient to set up the experiment in the tent, and test the articles
remotely.

Other Examples - Flow: Flow testing of contaminated turbine and similar flow transducers
and transmitters is limited because of the problems in contaminating expensive flow loops
and the large number of flow ranges required. Dedicating a flow calibrator to testing
contaminated devices has been cost prohibitive to date. EG&G Idaho has a Ballistic Flow



Calibrator which is in full time use in calibrating nonradioactive flow transducers.
Therefore, the approach in testing turbine type transducers has been to completely clean up
the turbine. Internal parts such as bearings and turbine blades are replaced and the body is
acid etched, if necessary, to completely remove surface and loose contamination. The
device is then tested as a nonradioactive unit.

Temperature: There has been little demand to test contaminated temperature devices such
as thermocouples and resistance temperature detectors (RTDs). Testing of these devices
would be fairly straight forward in this facility for mid-range devices. Present plans are to
commit a fluidized bed and appropriate reference RTDs to the facility. The control and
data acquisition system will be used to control the fluidized bed temperature and acquire
data.

CONCLUSIONS

The CCTF has proven to be a cost effective facility in which to test radioactively
contaminated transducers and transmitters. Its location near an existing transducer test
laboratory is an efficient utilization of equipment and personnel. Although the emphasis to
date has been the testing of pressure transducers and transmitters, the facility lends itself to
a variety of instrumentation tasks and devices, and it is expected that its role will be
expanded in the future.

Testing of devices in their “as received” contaminated state has proven practical, and
removes an element of uncertainty that may be caused by a cleaning operation.

Testing of LOFT and TMI-2 transducers and transmitters will continue. Removal and
testing of several more TMI-2 pressure transmitters is expected to be completed in the next
few months.
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Figure 1 Layout of Contaminated Components Test Facility (CCTF)



















ERROR PERFORMANCE OF SINGLE PULSE PPK SYSTEM
WITH MAXIMUM VALUE TYPE DECISION MODEL
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ABSTRACT

The error performance of single pulse PPK system with maximum value type decision
model is discussed in this paper. The word error probability in the case when noises exist
is analysed and the energy necessary for transmitting each information bit is calculated.
The detection characteristics of this system are made clear by comparing it with a
threshold type decision model and ordinary systems. It is shown that the maximum value
type of decision scheme is always superior to the threshold type. It can reduce the word
error probability of PPK system further or make the energy efficiency of PPK system
higher under the condition of given tolerable error probability.

INTRODUCTION

In 1980, a digitized 2M-ary pulse communication system(being called PCM-PPK telemetry
system) was presented by Li You-Ping(1). A feasible decision device model based on
using “time checked” synchronization was introduced. It was shown that the energy
efficiency of single pulse PPK system is higher than that of ordinary binary systems. The
decision model adopted in that paper was threshold type scheme. However its optimum
decision threshold depends on signal-to-noise ratio (see appendix), and any deviation of
decision threshold from the optimum value will have some effects on the performance of
system(2).

A decision scheme without threshold – the maximum value type decision model is
discussed in this paper. There is no problem of selecting optimum threshold in this scheme.
The analyses of word error probability and energy efficiency for this scheme show that
using maximum value decision can make the word error probability of PPK system lower
for a certain signal-to-noise ratio, or the energy efficiency will be higher for a given error
probability. The value $ of the maximum value type scheme is 2 dB smaller than that of
the threshold type, and 4 dB smaller than that of the binary PSK system roughly.



MAXIMUM VALUE DECISION SCHEME

The decision scheme presented in (1) can be simplified as Fig.1, where synchronous timing
circuits are omitted. When a certain sample Uk exceeds the threshold level Uo the
PPK/PCM converter (a counter in fact) will send a PCM data according to its sampling
order number. This scheme can be called a threshold type decision scheme, or be
abbreviated to PPK(TT). The selection of threshold value Uo depends on the length M of
PCM data word, and the signal-to-noise ratio r. The optimum values "opt of relative
threshold " = Uo /A(i.e. the ratio of the dicision threshold value Uo to the peak voltage A
of IF signal) and the word error probability Pew under "opt are listed in table A-1 and A-2 in
appendix.

The block diagram of maximum value type decision scheme, abbreviated to PPK (MV), is
shown in Fig.2a. In this scheme the samples Uj are not directly compared with threshold
level Uo. The N samples are compared each other in proper order,the largest one of them is
considered as the sample of signal pulse, and the sampling order number of this sample is
converted to corresponding PCM data by PPK/PCM conveter.

The engineering realization of maximum value selector is not very complex, it may be
constructed by ingeniously combining sample-hold circuits, comparator and digital circuits
(Fig.2b). As long as the velocity permitting, it may consist of digital circuits only.

WORD ERROR PROBABILITY AND ENERGY EFFICIENCY

From the principle of PPK(MV), we know that, so long as the N-1 noise samples in space
positions do not exceed the sample of signal with noise in signal position, the PPK signal
can be decided correctly. Otherwise the word error will appear.

It is well known that the output voltage Un of a envelope detector is subject to Reyleigh
distribution when the signal is absent

(1)

where F2 is the mean square value of noise voltage. Hence the probability of that noise
voltage exceeds the mixture of signal and noise Us+N is



(2)

the mixture of signal and noise Us+N is subject to the Rice distribution

(3)

where A – peak voltage of IF signal,
Io – Bessel function of zero order.

The value of Us+N may be vary in the range of 0 ~ 4, therefore the average probability of
that the noise UN is larger than the mixture Us+N is

(4)

where

(5)

is so-called Marcum Q function(3), it has a propority as following

(6)

so that formula (4) can be further simplified to

(7)

The probability of that the noise voltage does not exceed the mixture of signal and noise
must be 1-P2. The probability of that all the N-1 samples in space positions do not exceed
the mixture sample in signal position, i.e. the probability of corract decision Pc is



(8)

Therefore the word error probability Pew

(9)

where

(10)

is the ratio of pulse signal power to noise power, namely pulse signal-to-noise ratio of the
system.

In order to evaluate the energy efficiency (the paid energy cost) the coefficient $ proposed
by R.W. Sander is used

(11)

Which means the ratio of the carrier energy needed for transmitting each bit information to
noise power density spectrum. Because

(12)

(13)

(14)

where Ps – Pulse power of recieved signal
J – pulse width
PN – noise power
)f – system bandwidth

As a result of the consideration that the matched filters have been applied in decision
models, we have )f .J = 1 and Ps/PN = ( , so that

(15)



Substituting(9) into (15) it is obtained that

(16)

Let Pew be equal to 10-2 ~ 10-8, the values $ of PPK(MV) systems for M=5 ~ 8 are given in
table 1.

Table 1 The Values $$ of PPK(MV) Systems

COMPARISON

The results of comparing the error performance of PPK(MV) systems with that of the
PPK(TT) for M = 5 ~ 8 are shown in Fig , 3, where the word error probability of
PPK(MV) is calculated by (16) and that of PPK(TT) is under optimum threshold values.

It can be seen in this figure that the PPK(MV) is always superior to the PPK(TT) for the
same given tolerable error probability. The main reason for this fact is that some of the
slots preceding the signal slot may have exceeded threshold and caused word error even if
the signal slot has the maximum sampling value. But such error can not happen in
PPK(MV).

On an average, the value $ of PPK(MV) is about 2 dB smaller than that of PPK(TT) for
the same error probability.

In PPK systems, the information is transmitted word by word. In order to compare it with
binary systems, we can convert the bit error probability of binary System Peb to Pew as
follows

Pew = 1-(1-Peb)
M. (17)

And the Pew of the various binary systems are in turn given as follows

(18)



(19)

(20)

(21)

The word error probability Pew of various binary and these of the two PPK Systems are
plotted in Fig.4, where the X axis is the normalized signal-to-noise ratio of each bit (b

(dB). For binary systems only one bit is carried by each symbol, so

(22)

And for 2M-ary PPK systems, M bits are carried by each symbol, thererore

(23)

If we insist on using the bit error probability Peb to compare (4), by the way, the relation
between Pew and Peb derived from(4) is not correct, the Pew can be converted to the
equivalent Peb the relations between Pew and Peb in PPK systems are satisfied following
conditions(3)(5)(6).

(24)

Comparing the upper bound of Peb with binary systems, Fig.5 shows that the performance
of PPK systems area also better than that of binary systems within the scope of the
engineering practice.

It must be pointed out that the improvement of error performance or energy efficiency of
PPK system is obtained at the expense of bandwidth. The bandwidth usage factor of PPK
system is very low, the bandwidth demand for PPK system is 2M /M times larger than that
of the PSK system under the same information rate. It is only applied to that place where
the bandwidth is very rich and the power is limited severely.

CONCLUSION

After analyses of the error probability for PFK(MV) and comparing it with PPK (TT) and
binary systems, the following results are obtained:



1)  The error performance of PPK systems are better than the ordinary binary systems
under the same value $, no matter whether Peb or Pew is used as the comparison standard.

2)  The performance of PPK(MV) is always superior to PPK(TT). The use of the
maximum value decision model will bring more advantages of the PPK system into play.
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APPENDIX Pew and "opt of PPK(TT)

Two kinds of errors are existed in PPK(TT), one is false-alarm (probability is Pw), the
another is miss (probability is PL). Both are related to the decision threshold Uo:

(A-1)

(A-2)

Asume that the PPK signal is occurred with equal probability at N positions, then the
average value of error probability caused by false-alarm and miss are

(A-3)

(A-4)

so the word error probability is

(A-5)



where

is the signal-to-noise power ratio

is the relative decision threshold value

The optimum decision threshold values "opt and the minimum values of word error
probability Pew under the "opt with r =10 ~ 24dB are given in the following tables
A-1 and A-2.

Table A-1 The Optimum Decision Threshold Values

Table A-2 The Minimum Values of Pew
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Abstract

A new type of programmable data processor for a telemetry system is described, in
which the functional tables constructed by EPROM’s was employed for fast conversion of
the measured binary code to easily understood data results by people, and a printer/plotter
made in our country was used as Recordin device. Synchronization problems between the
printer/plotter turning in high speed and the telemetry system have been solved fairly good.
The data processing speed is 13200 characters per second. All of the circuit elements were
mounted on a printed circuit board and we enclosed it in the case of the printer/plotter. The
processor is directly linked to the synchnizer of telemetry system and the timer, and can
process all the data obtainned from certain telemetry system in real-time.

Introduction

The programmable telemetry system offers the advantages in flexibility to meet diverse
requirements and we may write the program and select one before test to satisfy the new
demands of the test. In the last few years, it is required that the speed in data processing
for telemetry will get faster and faster, and that the most part or all of the measured data
should be obtained immediately after the test finished. The above requirement has
important practical meanings in order to evaluate the results of the test and guide the
proceeding of the next test followed. The data processing speed is greatly increased since
the electrostatic writing method is used in our printer/plotter. The printing speed can reach
50 character lines per second (264 characters per line), and the 22 in. Width  printing
papers are used. The data processing speed is so high that the most part or all of the data
in telemetry system may be obtained in real-time. In order to give easily understood data
results such as the percent of full scale, the quantization number, etc. The process is
similar to look up results in the triangle funccion tables. The data contained in every frame
are recorded in one character line on the printing paper with the additional informations
included in the same character line such as the relative time of the inner timer and absolute
time the order number of the frame format, and the order number of the subframe, etc. All
elements of the processor are installed on a printed circuit board which is plugged in the



same enclosure of the printer/plotter. Operating mechanism is also considered more simply
and conveniently in use. The processor has the following features:

1.  The method of processing data is programmable. The equipment is suitable for
various types of data stream with the word number of the main frame is # 256, 8 bit for
each word. The arrangement of data words on the printing paper is programmable. Those
binary codes directly representing the states of swithes, two BCD codes representing the
relative time of the inner timer, and three BCD codes representing the percent of full scale
and quantization number of full scale are provided for selection as your requirement. These
codes can be arranged at any positions of every character line.

2.  The program of processing data is made multiple and 8 formats are provided. On the
one hand the processor can deal with the tasks of measurement on the particular segmants
of time in test, on the other hand it accomplish the tesks in different number of times.

It is a more efficient method to use the measurements in different times. We may
accomplish the varions tasks of measurement with a great deal of data by use of a smaller
system, and make the system most efficient. There are 8 formats which may be selected by
the switches on the front panel of the synchronizer or selected automatically by the frame
format codes separated from the data system.

3.  The processing speed is 13200 character/second, and it equals that the processing in
real-time has been performed for all data of a 25 kbit/s system. Therefore it’s very
satisfactory real-time system.

4.  Function generator made of EPROM’s is designed for rapid conversion of the
measured binary data into easily understood data results. For the discrete data, those
binary codes are printed to represent the states of switch directly.

5.  Auto-transport of the printing paper in the printer/plotter is designed to start and
stop the mechanism as the signal is received and suspended respectively. Thus we
excessive blanks of printing paper can be eliminated.

6.  The operation of this equipment is quite simple and automatic, turning on the power
switch is the only requirement to operate the unit.

Functional description

The system is composed of both the printer/plotter and the processor. In this paper only
the later will be described. The functional block diagram of the processor is shown in
Figure 1.



1.  The data converter.

The data forms required for measured signal are different, so that the methods of
processing data are different too. Thus, for example, we use 2 BCD codes to express the
relative time of the inner timer showing the moment of the datum acquired with respect to
the starting point of the test; 3 BCD codes to express the percent of full scale or the
quantization number of full scale as the analog signals to deal with; 8 bit binary codes to
express the quantization number as the discrete signals to be handled. Then, the binary
codes may be directly expressed as the states of contacts of switches or relays. In order to
improve the conversion speed we constructed a functional table made use of EPROM’s
and took the advantage of static looking-up in the table to give various data required. All
of the data above are transferred simultaneously to the character selector made of 4 bit
32-channel data selector.

2.  The characters selector.

The characters selector cosist of a 4 bit 32-channal data selector. There are 9 BCD
codes which indicate the absolute time in hours, minutes, seconds, milliseconds; 1 BCD
code which indicates the order number of frame format; 2 BCD codes which indicate the
order number of subframes; 1 BCD codes blanking code which will tell us not to be
printed and 3 spare BCD codes. All 32 BCD codes are fed together into the inputs of
characters selector. Under the control of the code of character selected, the different
characters are selected and transtered into a double phase buffer data memories.

3.  The programming counter and the format generator.

The functional block diagram about this part is shown in Figure 2. The programming
counter consists of 2 presetable synchronous 4 bits counters whose original cycle length is
256. The counting circuit is cleared by the main frame sync pulse and the carry operation
is performed by the word sync pulse. The 8 bits programing codes at outputs of the
counter perform addressing to EPROM 1 constructed with 2 FAMOS UVEPROM’s in
2048 x 8 bits pattern each. Every word is composed of 16 bits. Under the control of 3 bits
format code the desired one will be selected from the 8 frame formats. The outputs of
EPROM 1 contains 13 bits in all, of which 9 bits are first address codes to indicate the
position of the first character of the every word in character line on printing paper, and
4 bits are word format control codes to be fed into EPROM 2 together with the 4 bits
character programing codes. The functional table of EPROM I and EPROM 2 are shown
in table 2. Under countrol of the word sunc pulse the 9 bits first address codes of per word
are fed into a programmable address counter which consists of presetable synchronous
4 bits counters. And the 4 bits word format control codes are fed into the word length/
character controller. At the same time the “WORD SYNC” pulse switches the clock



controller on. Under the action of the first clock pulse, the 9 bits first address codes are
loaded into the programmable address counters. The clock pulse follows closely to take
carry operation to the address counter. The output of address counter gives write address
codes that decide the position on the printing paper taken up by a character. At the same
time the clock pulse also take carry operation to the word length counter. The counts at the
outputs of length counter are charaster programming codes. In company with the format
coutrol codes they decide which characters will be selected by the relative data word. At
the end of the format of that word, the word length counter output gives 1 bit ending code
of the word length to close the clock controller. Then the word period is accomplished.
The 5 bits character selection codes at the outputs of EPROM 2 are fed into 5 OR gates,
where they will add up with 1 bit effective control code coming from the data
decommutator in order to decide whether that data should be printed or not.

4.  The data memories.

The fuctinal block diagram of the data memories is shown in Fignre 3. The telemetry
data is an even PCM data stream. Every word data is a group of binary codes that are
converted to BCD codes.

All data of a main frame form 265 groups BCD codes which express 264 characters
separately. It is necessary that printer take all 264 characters on shorter time (in general it
is 800 ms ). Obviously, this speed is not match with receiving data stream so we have
designed buffer memories having 2 phases (A and B). Under odd frame, phase B memory
takes part in the write operation, and phase A memory takes part in the read operation.
Under even frame, phase A memory takes part in the write operation, and phase B memory
takes part in the read operation.

The 2-line-to 1-line data selectors A and B feed write/read address codes and write/
read select signal into 2 phases memories A and B respectively. 32 x 8 PROM is taken as
code converter that converts the character code in the processor into ASCII used by the
character generator in the printer/plotter. By use of the code converter the data processor
may be interfaced with various standard character generator conveniently.

5.  The interface circuit.

The interface circuit between a programmable data processor and printer/plotter
accepts the signal “DATA REQUEST” from the printer and provides auxiliary signals of
all kinds and data character codes to the printer. The signal “SELECTED FRAME SYNC”
from the synchronzer switches the interface circui on and yields an output signal
“EXTERNAL CLEARING” to reset all the circuits of the printer to 0. At the same time
interface circuit also yields an output signal “SELECT” to switch the circuit of printer on.



So that, it may send a signal “DATA REQUEST” to the data processor. This signal forms
a signal “READ ENABLE” to proceed the read operation of the memories. Thereafter the
printer send a signal “ANSWER” to indicate that the data have been accepted. Right now
the 6 bits character codes from RAM’s have been sent to the data bus via PROM. At this
moment the signal “ANSWER” make the reading address counter to perform carry
operation. When the 264th signal “DATA REQUEST” is accepted, the Read counter is
reset to 0, and the interface circuit send out a signal “PRINT”, that tells the printer/plotter
to start printing. At this time, period for loading data has stoped, and the printing period
well begin. In the printing period 264 characters are printed in 7 steps. The 4 buffer steps
are again attached to them. There are 11 steps in all at full priting period to complete the
data processing of a frame, and the total time requires 19 ms. When PCM data stream is
suspended, synchronizer gives an output signal “STOP” and the signal “SELECTED
FRAME SYNC” is immediately off. Thereby the signal “SELECT” is withdrawn. The
time mark of the printer will stay at the original place, and the printer will wait for
switching on. Therefore it assures that the printer can automatically process data under
control of telemetry signal. As a result, the printing paper is saved, to read data is very
convenient, and the operation is simple and automatic.

There exists a difference between the working period of the printer and that of
telemetry system. We want to make these two system normally work, a start-stop
synchronization between them is very necessary. The pulse “SYNC” acts in this respect.

CONCLUSION

1.  We have used the fast electrostatic printer/plotter as the data processing device in
programmable telemetry system. And we have solved some problems on flexibility, higher
precision and quick reporting testing results, etc. Because the testing ability of this sytem
is increased most efficiently, the testing period is shortened greatly.

2.  This data processor can be wldely used in the following diverse application:

• Real-time monitoring in test.
• checkout and regulation of multiplexers and encoders prior to installation in

telemetry setin laboratory.
• checkout of the entire system to be tested prior to test.
• Quick reporting the results measured post test.
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ABSTRACT

In this paper a telemetry system based on Hear functions is described. According to the
principles of orthogonal multiplexing, the key point is that noninterference between
channels can be guaranteed if the subcarrier waveforms are chosen from an orthogonal set
[1]. The Haar functions form an orthogonal and orthonormal system of periodic square
weaves. The Haar functions can be used as subcarriers for a telemetry system. Finally, an
experimental 4-channel model has been constructed to demostrate the principle.

INTRODUCTION

The basic problem of a multiplexing system is how to transmit many information signals
over a single wire or radio link and recover them without interference between channels.
This is really an interference problem, since to the output detector for any one channel all
the other channel signals represent potential interference. Each of these potential
interference signal usually is comparable in level to the desired signal.
Non-interference between channels can be guaranteed in a multiplex system if the selected
set of subcarriers are mutually orthogonal, meaning that the product of any two subcarrier
waveforms integrates to zero over some characteristic interval T. Any two subcarriers
P(n,t) and P(m,t) are orthogonal if they satisfy the relationship:

An optimum multiplex system is shown in Figure 1. In communication systems, frequency
division multiplex, time division multiplex and code division multiplex are usually used
nowadays. Their common property is the utilization of orthogonal functions. The
difference is that the orthogonal function sets used are different. For example, since and
cosine functions are used as subcarriers in frequency division multiplex, block pulses are



used as subcarriers in time division multiplex, Walsh functions are used as subcarriers in
code division multiplex. It is proved that all orthogonal function sets may in principle be
used for multiplexing. In practical applications, there are some factors which should be
considered in choosing waveforms, such as ease of generation, detectability, and flexibility
in engineering.

THE HAAR FUNCTION

The Haar function set forms a complete set of orthogonal rectangular functions similar in
several respects to the Walsh function. Haar functions were introduced by the Hungarian
methematician Alfred Haar in 1910 [2]. The amplitude values of the Haar functions
assume a limited set of values, 0, ±1, ± 2, ±2, ±2 2, ±4 etc. If we consider the time base to
be defined as 0 # t # 1, then the Haar function { har (n, k, t) } may be written as follows:



then the Haar functions can be referred to by order, k, and degree, n, as well as time, t.
The degree, n, then denotes a subset having the same number of zero crossings in a given
width, 1/2n, thus providing a form of comparison with frequency and sequency
terminology. The order, k, gives the position of the function within this subset. All
members of the subset with the same degree are obtained by shifting the first member
along the time axis by an amount proportional to its order.
The first eight Haar functions are shown in Figure 2. The first two functions are identical
to wal (0, t) and wal (1,t). The next function, har(1, 1, t) is simply har(0, 1, t) squeezed
into the left-hand half of the time base and modified in amplitude to ±%2& . The next
function har (1, 2, t) is identical but squeezed into the right-hand half of the time base.
Subsequent pairs of functions are similarly squeezed and shifted having amplitudes ±1
multiplied by power of %2& . in general all members of the same function subset (such as
har(1, 1, t) and har (1, 2, t) or har (2, 1, t), har (2, 2, t), har (2, 3, t) and har (2, 4, t), etc.)
are obtained by a lateral shift of the first member along the time axis by an amount
proportional to its length.
Within the interval 0 # t # 1, for same n, if j > k $ 1 ,

Therefore the Haar function are an orthogonal and orthonormal system.



SYSTEM DESIGN

The diagram of the Haar telemetry system is identical with the Figure 1. We put emphasis
on the multiplier and orthogonal waveform generator.
There are three basic types of multipliers. The first multiplies two voltages that can assume
two values only, say +1 V and -1 V. This type of multiplier is implemented by logic
circuits and usually referred to as exclusive OR-gate or half adder. The second type
multiplies a voltage V1 having arbitrary values with a voltage V2 that can assume a few
values only. The third basic type of multipier multiplies two arbitrary voltages. In
principle, this type can be implemented by Hall effect multipliers, field effect transistors
and logarithmic elements. We are interested in the second type multipliers. Figure 3 shows
an example of this type [3]. Voltage V2 assumes the values +1 or -1 only. The output
voltage equals either +V1, or -V1, where V1 may have any value within the voltage range
of the operational amplifier A. The circuit works as follows: The non-inverting input
terminal (+) of the amplifier is grounded, if the field effect tramsistor FET is fully
conducting, V3 must equal -V1 to bring the inverting input terminal (-) also to ground
potential. Let FET be non-conducting. The non-inverting terminal is then at V1 and the
inverting terminal must also be at V1. This requires V3 to equal V1.
For Haar functions V2 may have the values, 0, +V, -V. So the second type of multiplier
must be modified. The circuit is shown in Figure 4 When both of two switches, S1, S2 are
open, Let n =                             , Amplifier gain is G. then                                 

When S1 is closed, S2 is open,

When both, S1, S2 are closed,

V3 = 0.

Let      n = 1,     G >> 1,       then

V3 = V1 ,    for,   S1 and S2 are open.

V3 = -V1,    for,   S1 is closed, S2 is open.

V3 = 0 ,      for,   S1 and S2 are closed.

The three-value multiplier is implemented by control S1 and S2. The circuit is shown
in Figure 4.



The orthogonal wave-form generator in fact is a Haar function generator. According to the
properties of block pulse functions and Rademacher functions, from the Figure 5 and 6, we
have

It shows that the Haar functions may be obtained by the produt of block pulse functions
and Rademacher functions. In practical case, the key point is how to control the switches
S1 and S2 by use of the waveforms of har(n, k, t). For simplicity, the digital circuit is used
for generating two corresponding waveforms to control the switches S1 and S2. The
modified Haar functions are used as control waveforms. They are shown in Figure 7. The
har(n, k, t)' are the control waveforms for S1, and the har(n, k, t)" are the control
waveforms for S2.
Haar functions have different coefficient. However, the three-value multiplier is only acted
as 0, +1 and -1. This problem is properly solved in adder. A model with four channels has
been constructed to demostrate the principle of Haar system. Experimental results show
that the scheme is reasonable.

CONCLUSION

The Haar functions are orthogonal. According to the principles of orthogonal multiplexing,
it is possible to form a telemetry system based on Haar functions. System design has been
completed. A laboratory model with four channels has been built. Experimental results are
given to justify the design consideration.
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ABSTRACT

PCM data at the Tonopah Test Range (TTR) is processed and displayed in real-time on a
Perkin-Elmer 8/32-D computer system. Up to four links can be processed concurrently,
with input data coming from telemetry PCM/PAM decommutators and multichannel ADC
systems. Special software is used to strip out an embedded PCM format and input the data
as a simulated PCM link. Off-line interactive programs are used to specify the PCM data
format and create the displays. This capability allows a wide variety of PCM formats to be
specified, and displays can be easily configured to fit testing requirements.

INTRODUCTION

Test operations at TTR require that data be analyzed and presented in real-time for the test
director, project engineers and range safety officer to successfully conduct and meet the
requirements of a weapon system test. Much of this data is telemetered from the test unit
to the control station where it must be analyzed and displayed. In the summer of 1981,
TTR began development of the real-time PCM display subsystem. The requirements for
this subsystem were:

1. The subsystem must be integrated into the existing range testing environment and
should utilize existing equipment where possible.

2. The subsystem must support up to four links concurrently, with data coming from
PCM/PAM decommutators or FM/FM discriminator channels.

3. The subsystem must support up to eight independent users, each displaying a unique
subset of the PCM data.

4. The subsystem data display format and PCM channel definition should be done on
TTR’s time-share computer, another Perkin-Elmer 8/32D, in an interactive mode.



5. All computer programs should be user friendly, allow maximum flexibility, and
provide an editing capability to make last minute changes.

In this paper the PCM subsystem is described and techniques used to meet the objectives
are discussed. Emphasis is on the software techniques used and the user interface.

HARDWARE

Figure 1 is a block diagram of the PCM real-time subsystem integrated into the existing
telemetry station and computer center equipment. Blocks outlined with dashed lines are
either equipment designed and built by TTR or equipment purchased for the PCM
subsystem. The equipment is located in the four story Operations Center Building at TTR,
where the telemetry station is on the first floor, the computer center is on the second floor
and the control center is on the fourth floor. The pen recorders and CRT terminals can be
located anywhere within the building.

Telemetry data is first processed by an existing PCM/PAM decommutator (or by FM/FM
discriminators) in the telemetry room where it is formatted (or digitized) into 16-bit
halfwords. The first four bits of each halfword are flag bits that indicate data type (time or
data), PCM word position (first words in major and minor frames) and frame sync (minor
and major). The remaining twelve bits contain the data. The decommutator can be
programmed to pack from 4 to 12 bits into a halfword. The ADC system has 16 sample-
and-hold amplifiers and a 12-bit analog-to-digital converter.

The 16-bit halfword from each link is transmitted to the PCM controller in the computer
room. This controller is interfaced to the DMA bus and is capable of transferring several
megabytes per second. Control circuitry was designed to double buffer the data and
resolve any bus contentions. Time of day to 10 microsecond resolution is captured at the
beginning of each major frame and formatted into three half-words. A time word syllable is
inserted immediately after each of the first three data words of a major frame.

The PCM controller is a four channel controller. Each channel is programmed as a
separate device and can be initialized to take data in a continuous or single buffer mode. In
the continuous mode, the starting addresses of two separate memory buffers and a word
count are initially loaded into the controller. Once started, the controller automatically
switches buffers and triggers an interrupt whenever the word count is reached. In this
manner data buffers are alternated until the controller is halted. In the single buffer mode,
the controller triggers an interrupt and halts whenever the word count is reached.

Once the data has been selected and processed, it is output to eight, 9600 baud,
alphanumeric CRT terminals. Each terminal has a page printer which can be activated to



make a hard copy. Data is frozen during the print. Data can also be sent to a multichannel
DAC/pen chart recorder system. In this case the driving task must time the data to make it
appear in real-time.

SOFTWARE

The software for the real-time PCM subsystem consists of three functional modules. The
first module, the create module, runs off-line on a timeshare computer and accepts a
description of the PCM data frame. Next the create module defines the page formats for
the displays. The output from this functional module is used as the input for the second
module, the read module. This module reads the PCM data frame description and display
formats from the disk and places the information into memory for future use. The read
module runs as a task in the real-time program. It reads data from up to four PCM streams
and provides the data for the third module. The third module, the output module, also runs
as a task in the real-time program. It receives page selections from any of the eight
terminals and processes the output data from the second module for display. This broad
overview is illustrated in Figure 2 and more detail on each module is presented in the
following sections.

CREATE MODULE

The create module runs on a time-share computer in an interactive mode and is used to
specify the PCM frame description and display page formats. The create module consists
of two tasks. The database task accepts data from a terminal which describes each channel
of the PCM frame for a link and writes a database file. Only those channels that are to be
displayed need to be described. The display task creates a page format which allows
channel placement in 1 of 16 display positions on up to 36 different page formats. Data
channels from different PCM links may be associated on the same page format.

In dealing with the diverse users of the facilities at TTR, the database task had to be able
to accommodate a wide variety of PCM formats. There are several issues which arise
when creating and utilizing a PCM database. Each channel description can require a large
amount of information. Each user has his information organized in a unique form which he
would like to use to enter the data. The PCM database usually has some last minute
changes and/or additions. Once a PCM data base is created, parts of it can and should be
used in the creation of other PCM databases.

The information needed for each channel is described in Table 1 and allows the user to
associate bits of PCM data in unusual combinations by the use of two features that are
described below.



RECYCLE:  Normally a super commutated channel will have a fixed number of words
between each occurance within a major frame, and the RECYCLE parameter (N) is the
number of halfwords between samples. However, if this is not the case, the position of the
next sample is flagged by a negative N which points to a new set of channel descriptive
data that contains the next occurance of the sample. Thus, the samples of a super
commutated channel can-be “chained” together in any desired sequence.

SYLLABLE:  The SYLLABLE parameter allows the bits of a sample to be gathered from
anywhere within the PCM frame. A positive number (M) for SYLLABLE means that the
next M words in the PCM frame are syllables and must be concatenated to the low order
bits of the previous syllables to make up the data sample.

Like the RECYCLE parameter, SYLLABLE “chaining” can also be used by specifying a
negative M which points to a new set of channel descriptive data which contains the
location of the next syllable within the PCM frame.

Channel and syllable chaining can be used together to retrieve the bits of a very unusual
data sample that probably would never occur in a practical PCM frame. However our
experience has led us to believe that it could occur and probably will occur at some time in
the future.

Each PCM database is associated with one link and the link identity is assigned by the
display task. Tests, which use an existing PCM database but change links, can be
rearranged with a minimum of effort.

To enter data for a PCM database, a program was created that resembled an editor. This
program was written in FORTRAN and made use of the LANG-PAK design system.
LANG-PAK is an interactive language design system for designing and implementing
simple interactive computing languages. A complete description of LANG-PAK, along
with the FORTRAN source code, can be found in [1]. It is implemented in approximately
750 lines of straight forward FORTRAN and can be easily installed on any digital
computer in less than one day. LANG-PAK allows the program designer to create a
grammar that describes the input syntax. The LANG-PAK system can be used in an
interactive mode to test the syntax. Once the syntax is shown to be satisfactory, the
LANG-PAK parser is called in the users program to examine input, determine if it is
correct and return a translated version of the input that is easy to process. The program
designer must create the FORTRAN routines to process the translated input. LANG-PAK
was an extremely useful tool for this project and helped to overcome some serious
deficiencies in the input/output capabilities of the Perkin-Elmer FORTRAN VI compiler.



Our create task, like an editor, has two modes, a command mode and a data entering
mode. It is, in fact, a customized editor for entering and editing a PCM database. In the
command mode the create program can get or save a PCM database file, print all or
selected channels, delete selected channels, change some PCM database information for a
particular channel and start the data entry mode. There are also commands to exit the
create program, define the major and minor frames and control a trace facility to allow
examination of the PCM database information. Operating instructions and the detailed list
of commands are given in [2].

The data entry mode allows new channel information to be created. These new channels
will be put in consecutive order after a specified channel. In data entry mode, the user can
specify the values associated with each of the data types in Table 1. A blank line or
carriage return enters the information into a channel and prepares for information for the
next channel. Initial values for the new channel will be set to the values of the previous
channel entered. Channels with only slightly different characteristics can be easily input by
editing the initial values. There are three other commands in data entry mode beside the
blank line; display the current channel information, terminate the data entry mode and copy
information from another channel to the current channel.

Once the PCM database is created by the create task, the display task to associate a
channel with a particular location on a display page must be run on the interactive system.
This task does not change the PCM database in any way. There are 36 possible display
pages denoted by the characters A through Z and 0 through 9. Each display page can have
up to 16 positions where data is displayed. Each of the 4 links are assigned to a particular
PCM database file.

The user selects a display page by entering the appropriate character. On each display
page data is entered as a series of 3 integers, separated by commas, in the order; position,
link and channel. For example, 3, 1, 5 means put channel 5 data in the PCM database
associated with link 1 at position 3 of this display page. There are additional commands for
saving and printing the results and changing previous display pages.

READ MODULE

The display file, along with the PCM database, is placed on the real-time system. It is read
into memory during the initialization of the real-time program by the read module. The
read module then proceeds to read from each link, a major frame of PCM data as often as
10 times a second. When PCM data is requested for a link by the output module, the most
recent PCM frame for that link is transferred.



OUTPUT MODULE

The output module displays the PCM data from the links in real-time. It only processes the
PCM channel data associated with active display pages. The data is processed in the form
specified in the PCM database and the results are displayed in their assigned positions on
the display pages. The display pages are updated once a second. At each position, the
following information is displayed: name, units, link number and value. The value can have
up to 9 places of accuracy and is followed by an * if loss of sync occurs during that major
frame. Unscaled data can be displayed in binary, octal or hex, at the viewer’s option.
Table 2 is an example of a display page.

The user is allowed to select display pages and change the format for data whose scale
equals 0. The displayed time is selected from one of the four links or the local IRIG time.
There are other commands associated with the radar data.

CONCLUSION

A general, user friendly program to create a PCM data base has been written. This
program is part of a real-time PCM display subsystem and runs in the interactive mode.
The program to create the PCM database uses a custom made editor-like language and
utilizes LANG-PAK as an important tool in its development. The PCM database has the
capability to gather data in very unusual formats. The real-time modules of the PCM
system use the information in the PCM database file to display PCM data that is gathered
from a major frame.
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TABLE 2 - SAMPLE DISPLAY SCREEN



TYPE OF
DATA FORM DESCRIPTION

NAME 8 characters Name of telemetry channel (TC)

UNITS 8 characters Units associated with the TC

SCALE Double Precision Value of SC in Y=SC*X+B where X is the
raw sample

BIAS Double Precision Value of B in Y=SC*X+B

BITS Integer Data bits in the PCM format word where the
TC is located

INIT Integer Initial appearance in the PCM major frame of
the word containing the data bits

RECYCLE Integer Other occurances of words containing the data
bits

COMMENT 24 characters A descriptive comment

SYLLABLE Integer Location of the rest of the words in the PCM
frame containing bits used in the formation of
the TC

REVERSE Integer A flag indicating that bits in the word are
reversed

TYPE Integer A flag indicating whether the TC is a binary
word, one’s compliment or two’s compliment

HIGH Double Precision A high value. Display the TC only when it
exceeds this value.

LOW Double Precision Low value. Display the TC only when it is
less than this value.

TABLE 1 - DESCRIPTION OF TELEMETRY CHANNELS



FIGURE 1  TTR REAL TIME PCM SYSTEM



FIGURE 2 - SOFTWARE FUNCTION OVERVIEW
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ABSTRACT

This paper discusses current and future trends in technology for on-board processing and
the impact of these trends upon the architecture and processing capabilities of the ground
receiving stations. Both the advantages and disadvantages of increased digital processing
and software controlled multiplexing are addressed from the ground station processing
viewpoint. Increased on-board processing should lead to a decrease in telemetry data rates
as well as a diminished role for the ground support stations. This is shown by the paper to
be a false assumption. Indeed, the reverse of this supposition is explored in detail and
shown to be correct.

INTRODUCTION

Within the last few years as microprocessors came into widespread use and increased in
sophistication and capability, much speculation was generated that on-board processing
would most certainly lead to a reduced role for ground support stations. The rationale
which led to this conclusion viewed such tasks as the processing of satellite imagery,
space vehicle data and ballistic missile information being accomplished primarily by
on-board microprocessors with only the refined and processed data being telemetered to
the ground station for final processing, analysis and display. Many other factors regarding
the widespread utilization of greater numbers of more powerful microprocessors were
overlooked. Some of these factors include increased time and processing capability
required to test sophisticated satellites after they have been placed in orbit. This testing
insures that the more complex on-board systems are functioning properly. Other factors
include the processing of additional telemetry information from ballistic missiles and space
vehicles to insure that on-board navigation and control systems as well as computers are
functioning correctly. It was not previously envisioned that in the event of the loss of an
ultra-expensive spacecraft or space booster on-board processed data is insufficient for
analysis, hence raw unprocessed data must also be transmitted to the ground station. The



reduction in size and increase in capability of on-board telemetry equipment provides
increased capability for the transmission of more complex telemetry streams containing
greater volumes of data. Improvements in transmission equipment also allow for increased
data rates.

PROGRAMMABLE MULTIPLEXERS

The increased use of software controlled multiplexers on-board ballistic missiles, space
boosters and spacecraft have recently led to much more complex telemetry data streams.
The use of microprocessors on-board the vehicle provides for the collection of large
amounts of data in buffers prior to transmission. The software controlled multiplexer then
fragments the data and distributes it evenly over the available time period for transmission
in order to maximize utilization of the on-board telemetry multiplexing and transmitting
equipment. For example, consider a software controlled multiplexer which assembles a
2048 byte frame of telemetry information for transmission. The multiplexer microprocessor
can capture a 48 bit measurement from the on-board inertial navigation computer and then
hold this measurement until the software controlled multiplexer divides the 48 bit
measurement into six bytes of information containing 8 bits each. The 8 bit bytes are then
inserted into the 2048 byte frame of information at locations 1, 350, 700, 1050, 1400 and
1700. This technique will maximize data throughput but the ground processing station
must capture each of the bytes from the pre-determined location and correctly concatenate
the information to produce a 48 bit measurement for further processing. Thus, modern
software controlled multiplexers are not only used to process samples and time multiplex
these measurements but to fragment measurements to increase throughput capability. It is
readily apparent that when many measurements are fragmented the workload of capturing
and concatenating this data back into meaningful information significantly increases the
workload of the ground station.

A second capability of software controlled multiplexers is their ability to change formats.
This means that at a point in time, usually identified by on-board events processed by the
microprocessors, all or part of the telemetry stream is changed to a different set of
information with an accompanying different set of demultiplexing requirements. Consider
the example of a three stage space booster with a 1024 byte frame of information being
transmitted to the ground station for processing. A significant portion of the 1024 bytes
may be used for the transmission of information relating to navigation, control of the
engines and engine performance. When Stage I of the booster is discarded and Stage II
takes over there will be many reserved spaces in the 1024 frame which are no longer being
used. However, if a format change occurs coincident with the staging event then the
unused previously reserved spaces in the 1024 frame may be utilized for second stage
information. The same process may be repeated when Stage II falls away and Stage III
ignition occurs. This provides for maximum utilization of the telemetry equipment in



transferring information to the ground station. However, the ground station must either
recognize the event or more often a change indicator or format identifier transmitted in the
telemetry stream in order to know when to change to a new demultiplexing scheme and
alternative data processing software. Accomplishing this in real-time dictates that multiple
demultiplexing schemes be loaded into the telemetry demultiplexers simultaneously and
constant checks performed to determine which demultiplexing scheme is to be used on the
next frame of information. The format change sequence has profound implications since
failing to change formats at the correct time would obviously lead to erroneous
information.

A third advantage of software controlled multiplexers is their adaptability to change. This
allows the same on-board multiplexers to be used for many different applications as well
as allowing for the easy correction of errors and last minute changes to include data
previously overlooked for transmission to the ground station. However, the ground station
must be kept in synchronization with the multiplexer load changes or correct processing of
information cannot be accomplished. When this capability is combined with the data
fragmentation and format change capabilities in a multi-contractor environment for
research and development testing of a space booster, ballistic missile or spacecraft, then
management of the project can raise many serious questions such as:

1. Who has the authority to change the on-board multiplexer load format?
2. How late in the sequence of events leading to a successful launch effort can the

multiplexer load be changed?
3. How can the changes be inserted into the ground station to insure correctness?

It has been determined that the most reasonable way to deal with multiplexer load format
changes in a multi-contractor complex environment is to appoint a single point of contact
who is responsible for insuring all changes are implemented on the vehicle and that the
same changes are provided to the ground station. A single integrating focal point for this
activity also prevents different contractors from interfering with each other in making
changes to the multiplexer load information. The single point of contact can also serve as
arbitrator should the capacity of the on-board telemetry system be exceeded by the number
of measurements available for transmission to the ground station.

The next section provides answers to the remaining questions as dealt with at the Western
Space and Missile Center where a general purpose telemetry system is used to process
telemetry information.



TELEMETRY INTEGRATED PROCESSING SYSTEM (TIPS)

The TIPS is a general purpose telemetry data processing center located in the operations
control facility at Vandenberg Air Force Base. The final segment of this system was
commissioned on 16 March 1983. It consists of three user systems and a range safety
system as depicted in Figure 1. Inertial guidance and other telemetry data are processed in
pre-launch, launch and post launch operations. The real-time TIPS is comprised of five
functional subsystems:

a. Telemetry Front End equipment consisting of Analog Processing and
Decommutation (ADP) and PCM Synchronization and Decommutation (PSD)
hardware including data compressors.

b. Telemetry Pre-Processors (TPPS) which provide for limit checking and coordinate
transformation.

c. Mass Storage Controllers (MSCs) for recording data on disk.
d. Configuration Interface Controllers (CICs) for software distribution to the system

and system control.
e. Quick-Look Display Areas (QLDAs) for users to view the inertial guidance and

other telemetry data on plasma displays and printer/digital stripchart recorders.
Eighteen plasma displays and thirty digital stripchart recorders with a capacity of
sixteen channels on each recorder are available for the users.

Items b,c,d, and e above each have a Gould-Systems Equipment Laboratory (SEL) Series
32 computer to support the function described (e.g. there is a total of 21 real-time
computers).

Besides the real-time processors a Near Real-Time Batch Processor (NBP) consisting of a
CDC Cyber computer with 1.25 megawords of memory and 4.6 billion bytes of on-line
storage is available to support post launch operations and the TIPS telemetry compiler.
This compiler is the “glue” that holds the system together as it provides a menu which
telemetry analysts communicate with to define processing requirements. The compiler then
outputs source code which is received, assembled and distributed to the real-time
computers by the Configuration Interface Controllers.

System A, B and C shown in Figure 1 process telemetry data according to requirements
determined in advance by the user who is usually the manufacturer of the equipment to be
tested. The most recent significant capability added to the TIPS is the ability to accept and
process digital strapping tapes from a user. These are the tapes containing the information
used to load the on-board vehicle multiplexers. This same information is processed by the
Cyber computer to generate demultiplexing information for loading the ground station
telemetry front end equipment. This provides a rapid turnaround and update capability as 



Figure 1 TIPS System Block Diagram

well as additional assurance that the new multiplexer load information is entered correctly
since the possibility of human error in manually entering the information is eliminated.
Thus, late changes can be inserted into the ground station system with a reasonable
guarantee of success.

The question of how late in the sequence of events changes can be accommodated is
complex and at this time dealt with on a case by case basis. The Western Test Range as a
user oriented facility attempts to provide assurances for timely and accurate processing of
information. Thus, last minute changes must in general be made in a manner that allows
sufficient time for checkout. Since the degree of testing in this case is contingent upon the
size and complexity of changes as well as the criticality of the data impacted each late
change must be evaluated on an individual basis.



INCREASES IN COMPLEXITY OF SATELLITES

Orbiting satellites are used increasingly for data transmission relay stations, weather
surveillance, land, crop and geological analysis, mineral exploration, environmental
analysis and navigation. Increases in on-board processing have decreased ground station
processing requirements in the area of instrumentation control. In the past the location of a
satellite in darkness, twilight or sunlight and variations in the earth’s albedo could cause
imagery data to be digitized in a narrow dynamic range by wide range instrumentation.
However, a microprocessor controlled scanner can prevent information from being
digitized in a narrow dynamic range and thus obviate the necessity for histogram
equalization processing of satellite imagery to correct this type of deficiency. However,
new satellites are becoming so complex and automated that before relinquishing control to
all of the automated systems in an orbiting satellite it is necessary to perform extended
testing and analysis of telemetry data to ascertain that the satellite will perform as
anticipated for several years. Recent tests have been so extensive as to require recording
over 1,400 reels of analog telemetry tape information for test and analysis.

CURRENT AND FUTURE TRENDS

Presently microprocessor assist the on-board capabilities for automated control of systems
and the production and transmission of increasingly larger volumes of more complex data
to the ground stations. Microprocessors do not seem to have the capability to provide
much assistance to the ground station for data production and analysis which currently
requires large powerful computers to produce the desired results. Microprocessors have
the capability to assist in the demultiplexing and concatenation processing of the telemetry
information. This appears to be an emerging trend, however, much more capability
including large buffer memories to store incoming telemetry and very large memories for
storing many demultiplexing schemes simultaneously are required. Because of lack of
capabilities in the telemetry front end hardware many processes which can be more
efficiently accomplished by this hardware are being pushed back into the general purpose
computers where software accomplishes these tasks as desired but with severe timing
penalties since this slows up the entire process. Microprocessors are being increasingly
employed at ground receiving stations for activities such as space diversity combiners
which permit many received signals to be combined into a single reliable best source of
information. Thus, microprocessors can provide assistance to the ground stations in areas
of signal processing.

Future trends seem to be toward more complex telemetry data streams containing more
complex information which will be transmitted at increasing data rates. Data rates of 400
thousand bits per second have given way to 800 thousand, 1.6 million and 3.2 million bits
per second today. Advanced systems are available which can transmit 40 to 50 million bits



per second and these are expected to be common place in 4 to 5 years. On-board
multiplexers capable of dynamically changing the transmitted telemetry stream in response
to automated control system malfunctions may be common place in the next few years.

Post test data can be satisfactorily processed by recording the very high speed data and
playing it back at reduced rates for computers to capture and analyze. However, real-time
processing requires more powerful, faster computers but even more important in the future
real-time processing will require more intelligent combining of test results for display and
more selective methods of discarding information not essential to the real-time processing
and display effort. This will become increasingly important to prevent saturation of the
real-time computers as well as the analysts who interpret this information.

CONCLUSION

With the proliferation of on-board microprocessors, software controlled multiplexers and
systems capable of transmitting higher data rates the workload for the ground processing
station is increasing rapidly. The reasons for this appear to be:

a. Potential loss of a vehicle dictates that all raw data be transmitted to the ground
station.

b. Solutions calculated by on-board microprocessors are also transmitted to the ground
station.

c. Increased sophistication in inertial guidance and microprocessors controlled
operations dictate that many more health and status items be transmitted to the
ground stations.

In the future more powerful sophisticated hardware will be required at the ground
processing stations. Even more important than advanced hardware will be better means of
selective identification and intelligent combining and discarding of information for the
processing and display of real-time data. It is of paramount interest that these goals be
pursued to prevent future saturation of even the most powerful computers as well as the
human observers.

GLOSSARY OF TERMS, ACRONYMS AND ABBREVIATIONS

Albedo Reflectivity of a planetary body

APD Analog Processing and Decommutation

Batch Processing Computer job processing in a sequential stream without operator
intervention



Commutation Sequential sampling, on a repetitive time-sharing basis of multiple
data source for transmitting and/or recording on a single channel

Data Compression The elimination of redundant data samples by digital filtering with
predefined algorithms

Decommutation Recognition and separation of a continuous bit stream into
meaningful telemetry data

Diversity Reception That method of radio reception whereby, in order to minimize the
effects of fading, a resultant signal is obtained by combination
and/or selection of two or more sources of received-signal energy
which carry the same modulation or intelligence, but which may
differ in strength or signal-to-noise ratio at any given instant.
Diversity reception may employ frequency, polarization, or space
diversity

Frame The set of telemetric measurements occurring between the
appearance of two successive frame sync patterns. (Sometimes
known as main frame or minor frame)

Frame Rate The frequency derived from the period of one frame

Limit Checks Comparison of data with a fixed standard for out of tolerance
conditions. Standard limits cover the normal expected range of data
values. Critical limits are normally wider and when exceed, signal
an alarm condition. The fixed limit corridor may float up or down
with varying conditions

Link A radio frequency or carrier used as a transmitting medium

MSC Mass Storage Controller

Multiplexing The simultaneous transmission of two or more signals within a
single channel. The three basic methods of multiplexing involve the
separation of signals by time division, frequency division and phase
division

NBP Near-real-time and Batch Processing



PAM Pulse Amplitude Modulation, time division multiplexed analog
pulses with the amplitude of the information channel pulse being the
analog variable parameter

PCM Pulse Code Modulation, information transmission by a code
representing a finite number of possible values of the information at
the time of sampling

PDM Pulse Duration Modulation, the time duration of the received pulses,
which are measured to obtain a representation of the original data

Plasma Display A display panel using a dense grid of individual points sealed within
a plasma gas for the display of information. The panel need not be
continually refreshed, and is transparent so that microfiche data can
be projected from the rear

PSD PCM Synchronization and Decommutation

QLDA Quick-Look Display Area, the range user station for monitoring and
interacting with telemetric processing during real-time, playback or
simulated operations

Telemetry Compiler A specialized language processor capable of accepting inputs such
as equipment designations, telemetry format identifications,
processing selections (limits, EUC, event detection algorithms, data
compression algorithms) and output formats for plasma terminals
and printer/plotters; and capable of combining these inputs with a
selected library of programmed routines to produce executable code
or data for all hardware elements in subsystems to support a
telemetry mission

TIPS Telemetry Integrated Processing System

TPP Telemetry Preprocessor

TTC TIPS Telemetry Compiler

WSMC Western Space and Missile Center



NEW ARCHITECTURE FOR A HIGH SPEED
VERSATILE TELEMETRY/COMPUTER SYSTEM

O. J. (Jud) Strock
Fairchild Weston Systems, Inc.

Sarasota, FL 33583

ABSTRACT

In telemetry/computer systems, there are significant trends toward:

1. Higher data rates,
2. More complex data formats,
3. Hardware pre-processing and compression,
4. Faster, more versatile interfaces to general-purpose computers.
5. The 32-bit computer system,
6. A small dedicated secondary computer for routine tasks, and
7. Smarter display devices and display servicing.

This paper describes a system architecture which addresses each of these trends. The
modular equipment provides a high-speed data throughput rate, even with complex
formats, and is compatible with modern 32-bit computers.

INTRODUCTION

A new family of telemetry ground station equipment incorporates an innovative system
architecture, several significant new logic elements, a friendly and versatile operating
software system, and advancement of data rates to 20 megabits per second.

This 8000-Series Equipment from Fairchild Weston Systems, Inc. is modular, and any
given system is configured to meet the needs of a specific user and program. Development
of the 8000-Series Equipment came about after detailed examination of trends in the
telemetry community, and extrapolation from these findings to a prediction of the next
several years’ needs.

Through variations in system architecture, using these modules with bus interconnections,
state-of-the-art systems of any magnitude can be constructed. Further, systems can “grow” 



after initial operation by addition of new modules, thereby accommodating increased data
reduction requirements.

ARCHITECTURE AND SYSTEM CONFIGURATIONS

Figure 1 shows layout of 8000-Series Equipment from a functional standpoint. Physical
boundaries are of no real concern in a system description; they are presented in physical
layouts and buses for information, however. It is important to note that bus-oriented
architecture makes it possible for the system designer or user to change overall
performance without moving a single wire, and innovative software enables a system to be
expanded while maintaining a user-friendly control format. The illustration shows
architecture of a complex system. Control details have been eliminated from the diagram in
order to make data flow more easily understood. The System Setup and Control Section
describes the controls and related software.

The PCM Bit Synchronizer (this and all other modules are described in detail in the
Functional Modules Section) accepts PCM data at rates to 32 megabits per second
(16 megabits per second for bi-phase codes), synchronizes on the bit rate, generates a bit
clock, makes an accurate decision on the data content of each bit, and outputs data and
clocks to a serial bus. Frame and Subframe synchronization is accomplished by the Frame
Synchronizer, ID Subframe Synchronizer, and Recycle Subframe Synchronizer, each of
which generates appropriate clocks for the serial bus.

A Parallel Data Formatter accepts data and clocks from the serial bus as well as time code
and status information; the major outputs are three bit-parallel data streams. Each of the
two main streams is passed through a pass/delete gate, so that selective distribution is
possible under software control. “Type A” data (32 bits, least-significant bits aligned) can
be sent directly to a computer direct-memory-access (DMA) channel in 16-bit or 32-bit
transfers from the Parallel Data Formatter. Typically, the second “Type A” port is routed
to Merger and Tagger, while the 16-bit port feeds Digital to Analog converters (DACs) or
Discrete output modules.

In a medium to large system, the Merger/Tagger module accepts one to three streams of
=Type A” data (16 or 32 bits per word) plus, in some systems, another stream which has
already been merged and tagged. Each data word is uniquely tagged with an operator-
defined identity; this tag is used elsewhere in the telemetry or computer equipment for
specialized processing. The Merger/Tagger “Type B” output (32 bits of data and 16 bits of
tag) goes onto a parallel data bus; one to four strobes accompany each word/tag transfer
and direct it to operator-defined destinations.



To reduce the processing load on a host computer, Arithmetic Processors are available as
shown to pre-process and/or compress specified measurements, re-tag them, and output
the results to an output bus. Other measurements, not pre-processed, can bypass the
Arithmetic Processor and go to the same output bus. Up to three Arithmetic Processors can
be used in the same system. Transfer from the output bus to a host computer is via the
Output Port, a 16-bit or 32-bit interface to the DMA channel of a real-time computer
system.

When there is no merger/tagger in a system, selected data can be tagged, converted to
engineering units (MX + B), and sent to digital-to-analog converter (DAC) modules or
discrete output modules by a Word Selector. Up to 256 words can be decommutated and
converted to analog or discrete data by the system. In systems using a merger/tagger, data
can be routed from its output to DACs or discrete outputs. As shown, an imbedded PCM
format (as from an airborne computer system) can be decommutated (even to the
subcommutation level), using an Asynchronous Format Synchronizer and Subframe
Synchronizers.

Summarizing, the equipment can be configured to handle simple or complex formats, to
display data locally or in a computer, and to simplify computer functions by such
preprocessing, merging, and selective sorting and distribution.

FUNCTIONAL MODULES

The following modules can be incorporated into an 8000-Series system:

Bit Synchronizer

The outputs of up to four telemetry receivers or tape recorder tracks can be connected to
the PCM Bit Synchronizer; one is selected by software command. An internal oscillator
phase-locks to incoming data at any signal level between 0.1 and 10 volts peak to peak, at
rates to 32 megabits per second on NRZ codes (16 megabits per second for bi-phase data).
Each bit is reconstructed by a conventional “hard” decision (0 or 1); an optional “soft”
decision circuit uses analog-to-digital conversion, and outputs a 4-bit binary number for
each bit.

Frame Synchronizer

The PCM Frame Synchronizer can accept data at rates to 20 megabits per second. The
pattern can be 4 to 63 bits long (any bits can be masked by setup controls). Words can be
4 to 32 bits each; the lengths within a frame can be variable. Each frame can be 4 to 4095
words in length. Establishment of pattern synchronization and the output of “lock” status



for data output is selectable: Quick Lock or Adaptive. In the Quick Lock mode, the first
acceptable pattern (within pre-defined criteria) causes an immediate lock and begins the
output of word and frame pulses. The Adaptive mode, a totally new and unique
development in this family of equipment, solves the 20-year-old problem of how to set up
synchronization strategy. In this module, the operator simply specifies which of two
conditions is more important in establishing synchronization:

Rapid acquisition of data, or
High probability of correct synchronization.

The synchronizer then examines random data and the predicted location of the pattern,
comparing matches in random data location, then computing acceptability of
synchronization (using the operator’s input to set a “threshold” for acceptability).

Subframe Synchronizers

Two subframe synchronizers can be used in the system. The available modules are:

ID Synchronizer, and
Recycle Synchronizer

Parallel Data Formatter

Conversion of data from the serial bus to parallel words, selective distribution of the data,
time and status merging, and other special functions are performed by the Parallel Data
Formatter, shown in Figure 2. Data from the serial bus, along with bit, word, frame, and
subframe timing, is routed independently in four directions:

1. Operator-specified words from the main frame are passed by the first Programmable
Data Distributor (PDD) gate; time and/or status are merged during the
synchronization pattern interval if desired; the stream is converted to parallel 16- or
32-bit words for output. If the words have different lengths, the outputs are least-
significant-bit (LSB) aligned.

2. A second PDD stream is generated, gating different main-frame words if desired.
The purpose of this is to pre-sort data for different types of pre-processing or for
setting up different buffer areas in computer memory, thereby simplifying data
processing.



3. A third stream is output; this one includes all data but no status or time; the output
port is 16 bits, with the most-significant-bits (MSB) aligned. The basic purpose of
this port is to drive digital-to-analog converters (DACs).

4. Still another data destination is a one-channel decommutator, the output of which
can be:

a)  converted to analog for output, or
b)  compared with a specific pattern

Correlation with that pattern generates an interrupt to the microcomputer(s) in the
system to cause automatic format switching.

Time from almost any conventional time generator or translator, formatted in the Time
Code Formatter module, is merged with data as desired.

Data Merger/Tagger

Parallel data streams from three sources (such as Parallel Data Formatters and
Asynchronous Format Synchronizers) can be merged in the Merger/Tagger module; each
word in each stream is assigned an operator-specified 16-bit tag which identifies the
stream and data source. Each word is converted automatically from sign-magnitude, 2’s
complement, or 1’s complement to offset binary. Merged/tagged data from a similar
module can be merged with the other input streams also. Each output data/tag transfer is
accompanied by one to four strobes, such that the data can be distributed automatically to
four separate output devices on the AP-BUS (Arithmetic Processor Input Bus).

Arithmetic Processor

To handle high-speed data compression and/or pre-processing in the system, one to three
Arithmetic Procesors can be provided. This module accepts merged/tagged data, selects
the tags and data which have been specified by the operator, performs whatever processing
and/or compression have been defined, and outputs the result (unless the word is deleted
by a compression algorithm). The net result is enhancement of overall throughput in a
telemetry-computer system, since the computer is not required to input as much data, nor
to do as much sorting, nor to do as much processing for display or other real-time use.

Output data and tags from the Arithmetic Processor go to the AR-BUS (Arbitration Bus),
each transfer accompanied by one to four strobes which route the information along the
AR-BUS to desired destinations.



Data Distributor

When one or more Arithmetic Processors are used in a system, a Distributor is required
also. This module provides a bypass of the Arithmetic Processor(s), such that words which
are not to be pre-processed or compressed do not degrade the throughput rate of those
modules.

Parallel Data Output

Interface from the AR-Bus to a computer or other real-time output device is provided by
the Parallel Data Output. This module is strobed by the desired data words, and interfaces
to a Buffered Data Channel in a direct-memory-access (DMA) data transfer. Output from
the Parallel Data Output is jumper-selectable in one of four formats, making it easy to
match word size and buffer-building requirements of the system.

Asynchronous Format Synchronizer

For recovery of formats which are imbedded in and not synchronous with main telemetry
data, the Asynchronous Format Synchronizer recognizes a synchronization pattern and
outputs data from the imbedded format as 16-bit or 32-bit words, similar to the Parallel
Data Formatter and compatible with the Merger/ Tagger input. In cases where the
imbedded format has subcommutated data, standard Subframe Synchronizers are used,
providing frame clocks for use at the data destination.

Word Selector/Scaler

When a system does not require the Merger/Tagger for other purposes than driving DAC
and Discrete modules, the lower-cost Word Selector/Tagger can be used to scale data and
generate tags for operation of digital-to-analog converters (DACs) and/or discretes.
Figure 3 shows the two methods of generating tags for these outputs. Input data to this
module can be converted from sign-magnitude, two’s complement, or one’s complement to
offset binary for internal operation.

At this point, each word of interest is scaled (MX + B) using multiplier and offset
constants which are unique to the measurement. A unique operator-assigned tag is
assigned to the data, and it is output in two forms. First, a 12-bit data stream is output with
8 tag bits (0-255), such that local DACs can be addressed by the tags. Second, four
identical serial data streams are output with timing, such that remotely-located DACs
and/or Discretes can be driven. A calibration feature is included in the Word
Selector/Scaler, making it possible for an operator to supply calibration outputs in all word
locations instead of data.



Digital-To-Analog Converters (DACS) and Discretes

As discussed in the previous paragraph, there are two ways to address DACs and
Discretes: from the Merger/Tagger, and from the Word Selector/Scaler. In each case, tags
are hardware-assigned within the DAC and/or Discrete module(s); measurements are
related to individual DAC or Discrete locations by software-assignment of the tags within
one of the driver units. Remote DAC modules and local DAC modules operate identically,
except for the mode of data entry.

PCM Simulator

The PCM Simulator supplies simulated data to the 8000-Series Equipment under operator-
specified software control. Such data can feed the system input or the serial data bus, such
that the Bit Synchronizer, Frame Synchronizer, and/or Subframe Synchronizers can be
by-passed under software control.

Time Formatter

Telemetry data is time-correlated by means of a separate time generator or translator
(almost any conventional unit with parallel outputs). The 46-bit representation of time-of-
day is formatted by the Time Code Formatter for entry into the Parallel Data Formatter
module, and for merging with data at that point.

SYSTEM SETUP AND CONTROL

One of the outstanding features of 8000-Series Equipment is the setup and control
architecture. The design relieves a system planner of the computer-selection restraints
normally encountered in a telemetry-computer system, and opens the door to use of any of
a wide variety of real-time computers in the system.

In the conventional telemetry-computer system where the operator sets up telemetry
equipment using high-level engineer-oriented language, translation from engineer to
machine language takes place in the host computer. Setup drivers are written under the
software system which resides in the host. The disadvantage of this is inability to migrate
setup driver software from one computer family to another. Since there are several families
of good high-speed real-time computers, the restrictions of conventional setup software
design can present significant problems to a user.

Recognizing this, designers of the 8000 Series have incorporated a small Single-Board
Computer into each box in the system. Resident in this computer is setup translation
software for modules in the box.



Setup Modes

The various setup modes which are inherent in 8000 Series Equipment design are shown in
Figure 4.

Mode 1 shows a stand-alone system in which each box incorporates a control panel. An
operator can respond to a setup menu on any control panel (a 6-line 40-character-per-line
display) to enter setup commands for the modules in that box. All command entries to a
control panel are translated by the computer in that box, using uniquely derived software
drivers. Computer outputs in machine language are sent to telemetry modules via internal
bus structure. Status messages from the computer to the operator are displayed on the front
panel.

Mode 2 is similar to Mode 1, except that only one box in the stand-alone system
incorporates a control panel. The operator communicates with the system, however,
through the single keypad.

Mode 3 is an RS-232C control interface to/from a host computer, where menus (identical
to those at the control panel) are sent to the host, and commands (in simple high-level
language) are received from the host. Setup sequences can be stored on a peripheral device
at the host, then off-loaded as desired. The communications interface operates up to 19.2K
baud.

Mode 4 allows an operator at a remote terminal (RS-232C) to receive menus identical to
those shown on the local control panel and to respond with commands.

Intelligent Interface Module

Within each box of 8000-Series Equipment, in order to accomplish high-level
communications with the operator as described above, a special Intelligent Interface
Module is incorporated. A functional layout of this module is shown by Figure 5. The heart
of this module is the Microcomputer, housed on a single board. It is operated with a
standard runtime software system, and interfaced to various elements via bus as shown.

Software which is related to each module supplies setup menus to the control panel or
remote device, accepts operator commands, translates each into an equipment instruction,
outputs the instruction over the command bus, receives status information from the
module, translates this into operator messages, and sends them over the RS-232C line to
the display(s). Two serial interfaces are built in; one is used for communication with the
control panel, remote computer, or terminal via RS-232C logic levels, while the other is an
internal RS-422 path to other computers in the system.



Commands to modules in the box are via serial lines in a unique 8000-Series command
language. Parallel interfaces are available, but are not used within the 8000-Series boxes.
Two memories are on-board. A 32K byte Read-only Memory (ROM) contains operating
software, and a 4K byte Randon-access Memory (RAM) with battery backup contains
operator-supplied setup formats. In some boxes, additional memory is supplied on the
board (via bus extension as shown) for more complex formats.

A powerful supplement to normal operation is the Automatic Format Switch interrupt,
normally supplied from the Parallel Data Formatter to signal the presence of a new format
in the incoming data. A memory section of 40 words is called by this interrupt, to replace
certain commands in the current format and revise 8000-Series operation without manual
real-time intervention by the operator.

Command Menus

A simple but powerful command tree as shown in Figure 6 enables a user to progress
quickly and easily to any module which is to be set up or modified, or to branch to any
other function (such as diagnostics) which should be accessed. One to four previously-
entered formats are resident in the computer memory, and that a given format can be
defined as a power-on “default” setup for related modules in a given box.

The operator, who may be uncertain about how to proceed, has built-in assistance by
pressing the HELP button. This brings a simple explanation of the function being
addressed, in order to expand on the “friendly” menu.

SELF-DIAGNOSTICS

Availability of a versatile microcomputer in each box gives designers the opportunity to
develop unique and powerful self-diagnostic capability for the 8000 Series equipment.
These diagnostics, backed by signal generation hardware modules, enable the system to
check itself in a variety of operating modes with minimum operator interaction. Faults are
located down to the functional sub-system level; successful completion of each test
sequence is presented to the user for assurance of proper operation.

Two types of diagnostics are used. Since the PCM Bit Synchronizer uses primarily analog
circuitry, these diagnostic activities consist of application of analog data representing a
wide range of bit rates, signal levels, and other input characteristics, monitoring
performance automatically under each set of conditions. The balance of the system, being
digital in nature, is analyzed automatically by generation of a known high-speed signal
sequence in the PCM Signal Simulator module, and examination of the effect of that
pseudo-data on each functional subsystem through a “signature analysis” technique.



As in typical applications of signature analysis, reference signatures must be obtained from
a properly operating system. These form the standard diagnostic software for a system,
using a “canned” format. However, the diagnostics can be customized for a specific format
by developing new signatures on a properly operating system.

PHYSICAL LAYOUT AND BUSES

Configuration

The PCM Bit Synchronizer is 5-1/4 inches high. It may have a control panel/display;
alternatively it is controlled from another unit, a terminal, or a computer. It has an
Intelligent Interface Assembly, and cards which are uniquely related to bit synchronization
and data regeneration.

The PCM Decommutator is 7 inches high; again, a control panel/display is optional. an
Intelligent Interface Assembly is always included; other modules can be selected from the
following list (except that a maximum of seven modules can be accommodated, the
Intelligent Interface Assembly being one):

PCM Frame Synchronizer
ID Subframe Synchronizer
Recycle Subframe Synchronizer
Parallel Data Formatter
Time Code Formatter
Asynchronous Format Synchronizer
PCM Simulator
Word Selector/Scaler

The Expander Unit is 10-1/2 inches high; a control panel/display is optional, and the
Intelligent Interface Assembly is always used. Other modules (to a total of 10) can include:

Merger/Tagger
Asynchronous Format Synchronizer
ID Subframe Synchronizer for the Asynchronous format
Recycle Subframe Synchronizer for the Asynchronous format
Arithmetic Processors (up to three)
Data Distributor
Jumper Module
DAG Modules
Discrete Modules
Parallel Data Output Module



Internal Bus Architecture

To provide orderly communications within any 8000 Series Equipment mounting case, one
or more buses are used. In some cases, a bus is extended from one case to the other. Setup
and Diagnostics buses within each case provide two-way communication between the
computer and all modules. The Setup Bus is a 4-line (plus grounds) intercommunication
path to/from the Intelligent Interface Assembly in each case. The Diagnostic Bus is a 3-line
configuration.

Within the PCM Decommutator case is a 36-line Serial Data Bus, carrying all information
which relates to input data and time. Any module in this case receives information from the
bus, and all modules supply timing, status, or other lines to the bus. A convenient
extension cable can enhance the growth capability of this family.

Two very important parallel-data buses in the Expander Unit govern orderly throughput of
information. The AP-Bus is used for unprocessed data and tags; this 56-line data highway
contains 32 data bits,76 tag bits, and 4 sets of ready/acknowledge handshake signals. It
forms the input to Arithmetic Processors, although other modules may be addressed by one
or more of the handshake pairs. The outputs of such Arithmetic Processor or other
modules are routed to a 59-line AR-Bus, separate from the AP-Bus in order not to cause
competition for bus usage. This set of lines contains 32 data bits (processed, if desired),
16 tag bits, 3 sets of ready/acknowledge handshake signals, 4 distribution lines, and a
strobe.

Backplane layout is planned for optimum use of these buses, with modules and space
provided for a variety of system configurations.

SUMMARY

Systems can be configured with this new architecture which will handle higher data rates
and more complex formats, provide more compression and pre-processing, have more and
easier direct-memory interfaces to several types and sizes of computers, and enable more
efficient data storage and display servicing than is possible with existing types of
equipment.





FIGURE 2
PARALLEL DATA FORMATTER
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DESIGN OF A SETUP BUS
EXPANSION INTERFACE
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ABSTRACT

The Setup Bus Expansion Interface, a software selectable, 8 channel, digital demultiplexor
was designed as an augmentation to the Telemetry Controller System (TMCS) at White
Sands Missile Range (WSMR), New Mexico. The TMCS performs ‘front end’
synchronization and decommutation duties for the Telemetry Data Center at WSMR,
utilizing EMR 700 series equipment hosted by a DEC PDP 11/44 computer/processor. The
Setup Bus Expansion Interface has increased the capability of this system by transforming
the single setup output bus of the host computer to a selectable 8 bus structure, allowing
output of variable parameters to the 700 series equipment entirely from the host computer.
The interface also offers dual selectable input on one channel to provide for the future
implementation of a multiplex processor into the TMCS.

INTRODUCTION

The Telemetry Controller System (TMCS) at White Sands Missile Range (WSMR) is one
of the largest and most widely used systems of its kind in the United States. The TMCS
performs ‘front end’ synchronization, decommutation and processing duties at WSMR,
utilizing EMR 700 series equipment hosted by a DEC PDP 11/44 computer. This system
configuration offers versatile, real-time, telemetry support to wide a range of WSMR
users. Figure 1 shows the basic organization of the TMCS before implementation of the
Setup Bus Expansion Interface, who’s design and development are examined in this study.
During typical operation, serial PCM data streams are received, shaped and synchronized
by 720 bit synchs, decommutated into parallel data words by 710 decoms, then output to
the PDP 11/44 for storage and processing. A second 710 output passes data to 713 word
selectors where designated samples are converted to analog voltages for output on
stripchart recorders.



The versatility and flexability of the system lies in the individual programmability of the
700 series equipment. Each device (720, 710, 713) may be programmed or ‘set up’ as to a
number of variable parameters (i.e. bit rate, word length, frame length, synch code, etc.).
The programming, or set up, process is accomplished by inputing 16 bit instructions to the
individual devices using one of three available methods; direct input - where numeric
instruction values are entered into the device via front panel keyboards; punched cards -
read through a locally connected card reader; or computer set up - where instructions
stored in a disc file in the PDP 11/44 are transmitted through an 18 line ‘set up bus’
accessible by by each device. As would be expected, computer set up is the fastest, most
convenient and reliable method for use in the TMCS. It is this computer set up capability,
and the bus facilities that support it, that are of primary concern to this study, and the need
to expand those facilities and develop them for alternate applications, that provided the
impetus for the design and development of the Set Up Bus Expansion Interface.
Incidentally, for several unimportant and little understood reasons, the Set Up Bus
Expansion Interface became known during its development as the ‘GSS’. For convenience
(and nostalgia’s sake) it will be referred to as such throughout the remainder of this text.

EXPANSION AND AUGMENTATION OF THE TMCS

As is the norm for all operational testing facilities, TMCS user demands and project
requirements have been ever increasing. To meet this stepped up demand and to prepare
for future needs, expansion and augmentation of the present TMCS to streamline
operations and provide for easy integration of additional system components was begun.
One of the few areas where significant, cost effective modifications could be made
immediately, was that of computer set up and set up bus utilization. In the original TMCS,
as shown in figure 1, the devices were arranged in operational groups - one 720, one 710,
and one 713 to each group. Computer set up was available only to the first group, being
daisy chained there among the individual devices. All other devices in the TMCS required
the use of one of the more time consuming, less reliable manual set up methods (direct or
punched card). This limitation was largely due to the PDP 11/44 set up bus output
configuration. Set up instructions were output from the Unibus through a parallel I/O port
known as a Buffered Data Channel BDC). The BDC supported only one 18 line (16 data,
2 handshake) channel for set up output, supplying only one group of daisy chained devices
with computer set up. Other groups could conceivably utilize computer set up by
physically disconnecting the existing set up output cable and reconnecting it to another
group. That situation, of course, would be entirely unacceptable in a real-time
environment. This single bus - single cable limitation would also doom any new front end
equipment to being manually set up. Another significant limitation inherent to the TMCS
set up bus is that it supports only one input source, the BDC. No other types of data or
information could be transferred over the set up bus. This limitation negated a special
‘dynamic set up’ capability available in the 713’s. The dynamic set up feature would allow



both data and set up words to be intermeshed in the same information stream for input
through the set up bus, presumably from some source other than the BDC. More
specifically, the single source limitation would be a major stumbling block to the proposed
integration of an EMR 715 multiplex processor into the TMCS, since the 715 would make
heavy use of the 713 dynamic set up feature. The 715 (also known as a data compressor)
is a preprocessor designed to assist the host computer.

The Set Up Bus Expansion Interface (GSS) was designed, then, to augment the capability
of the TMCS by alleviating these specific limitations. An operational GSS device would be
expected to provide the following functions and features to achieve the desired system
enhancement:

1. Multiple 18 line computer set up outputs.

2. Support of an alternate input source (other than BDC) as required by a 715.

3. Device controllability through system software.

4. A design comprehensive enough to accomodate future TMCS equipment
additions, and flexible enough to interface directly with existing TMCS software
and hardware.

GSS DESIGN CONSIDERATIONS

The concept for the GSS would be to demultiplex the existing set up bus outputs to a
number of selectable locations (actually daisy chained groups in the TMCS), making those
locations addressable by software routines from the PDP 11/44. It was determined that
eight such demultiplexed output channels would be sufficient to accomodate future TMCS
requirements. Selection between two input sources should be available on one of those
channels so that, when properly grouped, the 713’s could receive either standard BDC set
up or 715 compressed data through the set up bus. Control for the GSS would have to be
derived entirely from PDP 11/44 software to keep operator responsibilities to a minimum.
Such software control could be implemented using special ‘command bits’ available in the
BDC. The four command or discrete level bits (DL’s 1, 2, 3 and 4) are actually part of a
command register in the BDC and could be set or cleared by software routines in the PDP
11/44 then output as external control signals. A similar feature would allow the BDC to
latch four status bits (ST’s 1, 2, 3 and 4 ), eminating from an external device, for read-back
to control software. These features would provide a perfect foundation for the
development of an addressing scheme for the GSS. Three of the DL bits would support
eight unique group addresses, with the fourth DL bit serving as a latch or strobe line.
Latched addresses could be read back to the BDC as ST’s 1, 2 and 3 for software address



verification. Based on these concepts a new configuration for the TMCS utilizing the GSS
would appear as in figure 2. It should be evident by now that the GSS would be nothing
more than an electronic ‘switch’ whose primary function would be to route data from a
selected input to a selected output without altering its timing or content. To maintain signal
integrity, then, a large portion of GSS circuitry would be devoted to ‘hefty’ receiver
networks and ample output drivers arranged in a highly symmetrical configuration. In fact,
a majority of the GSS’ circuitry was designed as series’ of identical ‘typical stages’ as
described in the following discussion.

ACTUAL GSS DESIGN

Circuitry for the GSS was divided into three parts or sections; a control section, a fixed
input demultiplexor, and a selectable input demultiplexor. Each of these sections will be
described, in general, with the aid of the simplified logic and block diagrams appearing in
figures 3 through 5. Please bear in mind that figures 3-5 are not, by any means, complete
schematics. They serve only to illustrate the general organization of GSS circuitry.

The control circuitry, shown in figure 3, would handle address latching, routing of set up
handshaking signals (INRQ and INSTRB), generation of input select signals (SET and
DAT), and address read back. Inputs to the control circuitry (as well as all other GSS
inputs) would be received by 74k XOR states with resistive pull-up networks tied to the
signal inputs. The nonsignal input would be grounded. These circuits would provide
protection against signal degradation due to cable length and external noise. The address
latch is a 74195 universal register that would store addresses transmitted from the
computer on DL’s 1, 2 and 3, and output signals ENB, SELA and SELB as common select
information for the demultiplexors, multiplexors and decoder circuits. These select signals
would also be driven back to the PDP 11/44 as signals ST 1, 2 and 3, through 74367 tri-
state bus drivers. 74367’s would be used as drivers for all other GSS outputs as well. Set
up Input Requests (INRQ’s) from devices awaiting setup would be multiplexed out to the
PDP 11/44 using 74153 4 to 1 MUX’s. Corresponding Instruction Strobes (INSTRB’s)
coming from the computer would be demultiplexed, using 74155 DMUX’s, to the proper
requesting group. A 74138 3 to 8 line decoder would generate signals SET and DAT based
on the presently available address. These signals would be required by the selectable input
demultiplexor which will be discu;sed shortly.

Actual routing of set up data for the first four output channels (addresses 0-3) would be
handled by the fixed input demultiplexor, a typical stage of which is shown in figure 4. A
series of 16 of these typical stages comprise the full circuit, one stage for each set up bus
bit. The DMUX circuit shown in figure 4 is identical to the INSTRB DMUX of the control
circuit described in the previous paragraph. The fixed input demultiplexor is active when
ENB is low (logic 0).



Routing of set up data to the next four output channels (addresses 4-7) would be handled
by the selectable input demultiplexor, a typical stage of which is shown in figure 5. This
circuit is similar to that shown in figure 4 except for additional gating on the highest
addressed output line. The added circuitry, two 7408 AND gates and one 7432 OR gate,
would allow either normal set up, or an alternate data form (C DATA), to be output on that
line based on the enabling signals SET or DAT. Since SET and DAT are complements of
each other the selection would be mutually exclusive. As in the previous section, 16 typical
stages comprise the full selectable input demultiplexor which is active when ENB is high
(logic 1). Hopefully, the operation of this rather briefly described circuitry, especially with
respect to its proposed capability, will be clarified for the reader in the following final
portions of this study.

GSS OPERATION

Operation of the GSS will be examined by tracing through the various events that take
place during a typical set up sequence. First, an operator at the PDP 11/44 console would
invoke a general set up program. This program would present a menu to the operator from
which he could select the group of devices he wished to set up, and the instruction file he
wished transferred. These selections would initiate the setting and transmission of the
proper DL bits to the GSS where they would be latched and looped back to the computer
as status bits. Verification of a correctly latched address would start that transfer of the
instruction file to the selected group of equipment. When operating with addresses 0 - 6,
the input enable signals SET and DAT are set low and high respectively. This allows
normal set up transfers on output channels 0 - 6 simultaneously with transfer of alternate
data through channel 7. In effect, channel 7 is connected to the alternate input source by
default and is not affected by the normal operation of channels 0 - 6. If normal set up data
is required for input to channel 7 then the address ‘7’ (all 1’s on the DL bits) must be
received by the GSS. This would cause DAT to go low SET to go high and the normal
demultiplexor output for address 7 to be activated. The ‘C DATA’ input would be locked
out and normal set up would be transferred through channel 7. Presumably, the dedicated
operation of channel 7 would be reserved for output to a group of 713’s from either the
PDP 11/44 or a 715 preprocessor, while channels 0 - 6 could be used with any other
TMCS devices needing computer set up as shown in figure 2.

CONCLUSION

An operational GSS device is currently in everyday use in the TMCS and although the
fully augmented system has not yet been assembled, the GSS has increased the set up
capability of the present system by at least an order of magnitude. Manual set up is no
longer required for any TMCS devices and lengthy set up sequences that may have taken
hours previously, can now be executed in seconds by a single operator. The GSS was also



quite cost effective since it was assembled entirely from locally available components, and
its integration into the TMCS required no significant modifications to existing hardware or
software. A full scale test of the GSS’ capability will not be possible, however, until all
proposed TMCS equipment additions and integrations are complete (presently, the GSS is
operating at half its design capability, awaiting the acquisition of a 715 and other telemetry
processing devices). If current levels of success with the GSS are any indication of its total
integrity, and there is every reason to believe that they are, then it should prove to be a key
component in the Telemetry Controller System at White Sands Missile Range well into the
coming years.

Up to this point, the GSS has certainly met those design requirements outlined in this
study, and should continue to provide a firm foundation for system growth. Its circuitry
was intentionally overdesigned so as to have reserve capability even after the fully
augmented TMCS is in place. However, should the need for further expansion be
necessary, the ‘typical stage’ design of the GSS lends itself to easy modification. The
simple operation and minimal control requirements of the GSS are such that its usefulness
may not be confined to its current application in the TMCS. The possibilities for alternate
applications of a GSS type device in a similar environment are certainly present, and such
devices may one day be a working part of many WSMR systems as the effort continues to
provide highest quality test and evaluation facilities and support.
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ABSTRACT

In today’s world, the fixed telemetry ground station is giving way to the mobile telemetry
ground station. More and more systems are being developed to take advantage of mobility,
allowing the ground station to be deployed to the testing area. To accomplish this, the
Physical Science Laboratory (PSL) has developed methods to design mobile facilities to
house modern, computerized telemetry stations that not only ensure equipment
survivability, but also take into account the ergonomic considerations that are vital to
operator performance.

INTRODUCTION

This paper addresses the design of mobile shelters that house equipment not specifically
intended for mobile environments. Such shelters must provide heating, cooling, power, and
lighting; i.e., all the functions of a normal computer room must be contained within the
shelter.

SHELTER DESIGN

Equipment that is not designed for the mobile environment must be protected when
installed into a mobile shelter. To provide this protection, either the equipment racks or the
shelter itself must be shock-mounted for travel. PSL has discovered that the “cleanest” and
most simple way to accomplish this is to shock-mount the complete trailer. For dry-freight
type vans, “shock-mounting the trailer” is as simple as ordering the trailer with air-ride
suspension. Air-ride suspension provides protection not only for the equipment mounted in
the racks but also for all other equipment and systems mounted within the shelter; storage
cabinets, air conditioners, lighting, and power control equipment survive the mobile 



environment much better in an air-ride trailer. Of course, an air-ride tractor must be used to
properly protect the equipment.

The exterior view of a typical PSL-designed shelter is shown in Figure 1. Tie downs on the
external surface of the shelter are used for shipping the shelter by air, rail, or boat. Large
storage boxes attached to the underside of the shelter hold spare parts, tools, and other
items that do not require a conditioned environment. Steps and entrance platforms store
beneath the shelter during travel . Landing gears at the rear of the shelter are used for
leveling or stabilizing the shelter. Weatherproof signal interconnection panels are recessed
into the shelter wall for external lines that must enter or exit the shelter. Other
arrangements for cabling, such as tubes through the bottom of the van, have been included
in some shelter designs.

All shelters tend to be custom-designed; hence, there is no “typical” interior floor plan.
Figures 2 through 4 illustrate the layout for a mobile, computerized telemetry station
designed and constructed by PSL. All the cabinets are custom-designed to make the best
use of the space available. Dual air conditioners provide back-up environmental control in
the event of the failure of one of the units. Air registers are located over each equipment
rack and in the operations area. Dimmer-controlled, fluorescent lighting allows the lighting
to be adjusted to the work conditions.

Because small spaces are a necessary evil of the mobile shelter, extra consideration must
be given to operator comfort. Colors are selected to reduce fatigue and tension. Sound
proofing, within mechanical and economic constraints, is high on the list of ergonomic
requirements. PSL accomplishes sound-proofing in its shelters by constructing the interior
walls with a commercial-grade, tight-loop carpet installed over a thick plywood backing.
This technique significantly reduces noise levels while at the same time giving a glarefree,
appealing, long-wearing, low-maintenance finish.

The interiors of PSL-designed shelters can be easily reconfigured because of the use of
unistrut channel. Unistrut, a material commonly used in the construction industry, is
installed at various heights along the interior walls to mount equipment and cabinets while
allowing flexibility in their placement. Because the unistrut is riveted directly to the wall
support structure, it provides structural strength to the shelter as well as a convenient and
rugged mounting device. When the shelter is being prepared for travel, hooks can be
screwed into the unistrut to secure various pieces of equipment that are not mounted into
the racks or the cabinets. PSL normally paints the unistrut satin black, thus creating a
distinct delineation between two tones of carpet on the walls.



Figure 1 Exterior View

Figure 2 Floor Plan



Figure 3 Curbside Interior

Figure 4 Streetside Interior



The construction of the floor in PSL-designed shelters is similar to that used in computer
room floors. Support beams under the floor run the length of the shelter and effectively
divide the underfloor area into five areas for electronic and power cables. Two narrow
areas near the outside walls are used for power cables. Two larger areas just inside those
used for power cables, and under what will normally be the equipment racks, contain
signal cables. The signal cables drop into these “cable ways” from the racks above and
then run into the center cable way through precut holes in the beams. It is desireable to
keep all power cables separate from signal cables; keeping the power cables near the walls
effectively does this.

A false floor constructed of thick plywood with tile covering and metal edging is laid over
the floor beams that support the equipment. It is usually impossible to use standard tile
sizes in all areas of the floor because of support beams for the equipment racks, cabinets,
and the layout of the support beams; however, PSL usually manages to cover the center
aisle of the floor with standard, two-foot square tiles. The center aisle in a typical
PSL-designed shelter provides access to the electronic cable ways.

The Laboratory has discovered that carpeting on the floor of a mobile shelter does not
maintain its appearance nearly as well as commercial-grade floor tile. The floor of a
mobile shelter with direct access to the outside environment is subject to conditions that
tile is better suited for than carpet. Besides being more durable than carpet, tile is also
easier to clean than carpet and eliminates static that is usually associated with carpet and
hard sole shoes. The tile is protected from static problems with an anti-static wax.

The majority of PSL-designed shelters include a utility room separate from the operations
area of the shelter. The utility room is sized according to the space required for the power
equipment and the air conditioning system. This applies only to shelters large enough for a
separate utility room area. Smaller shelters must have air conditioning equipment mounted
externally to the enclosure. Mounting the air conditioning equipment in a utility room
removes the equipment from the harsh external environment and reduces maintenance
costs and time. The utility room also provides a convenient area for equipment that is not
desirable to have in the operations area. Power conditioning equipment, motor generators,
or equipment that is too large to be stored beneath the shelter can be placed out of the way
in the utility room. Placing such equipment in the utility room isolates any associated
equipment noise from the operations area.

POWER SYSTEM

The power system in a PSL-designed mobile shelter is very similar to the wiring in a
commercial building. All power wiring is run in metal conduit. All interior shelter circuits
run to a power control panel that is conveniently located inside the shelter. Separate



circuits are provided for each equipment rack or major piece of equipment, such as
computers or tape drives. Each electrical outlet is labeled with a circuit breaker number
and voltage and frequency information. Each circuit breaker in the power control panel is
numbered. Attached to the inside of the panel door is a description of what each circuit
breaker powers. This circuit identification allows operators and maintenance people to
shut down equipment at the source for operation or safety reasons. All interior power
panels are color-coordinated to match the equipment racks or other trim.

The main input power and distribution panels are installed in the utility room at the rear of
the van (Ref. Figure 2). To avoid confusion and to prevent safety hazards, these panels,
like the power control panel inside the shelter, are clearly labeled according to their
function. The utility room power panels also provide power to the air conditioning,
heating, and power conversion equipment. Because these rear panels are surface-mounted
with all conduit exposed, any necessary modifications or expansion can be easily
accommodated.

Input power to the shelter can come from motor-generators that are integral to the shelter
or through power cables that connect to external sources. Power cables, when used, can be
stored either in boxes beneath the shelter or on cable reels. One satisfactory arrangement
from an operator standpoint, is to use a cable reel with slip rings. Such a configuration
alleviates the operators having to unreel the entire cable and plug a connector into the
shelter; only the required amount of cable is unreeled when using the slip ring
arrangement. This is especially important on shelters that have 200-amp service and
require a 100-foot cable that weighs approximately 500 pounds.

ELECTRONIC CABLING

Cabling for electronic equipment in a mobile environment has more than the normal
constraints placed upon it. Cables, because they must be placed in tight areas, must be
rugged without being cumbersome. The cables must be reliable, yet not cost-prohibitive.
Also, vibration is a problem in mobile environments. There is a higher probability of cable
failure in a mobile environment than in a fixed installation, regardless of the configuration
selected; therefore, when cable failures do occur they must be easy to troubleshoot and to
repair quickly.

PSL has responded to these constraints by using various forms of ribbon cable for the
digital signal lines. The impedance of the ribbon cable is close to the impedance that most
line drivers use in digital circuits. By carefully observing impedances of cables and
minimizing transitions to cables of different impedances, a designer can maintain signal
quality while at the same time minimizing errors that are caused by reflections at the cable
connection points.



In many cases, a piece of equipment will use some form of “twisted pair” cable to get to
the rear panel connector, thus making it possible to use a form of ribbon cable that uses
individual twisted pairs. This is ideal in those situations where signals and grounds are
twisted together.

Ribbon cable has specific advantages. The quick, simple termination that is possible with
ribbon cable dramatically reduces construction time and troubleshooting time that can be
attributable to technician errors in building the cables. Ribbon cables also are much easier
to verify. When ribbon cables are damaged, they can be repaired very quickly in the field.
In situations where a system needs to be reconfigured or expanded, cables that use mass
termination style connectors on both ends can be rebuilt simply and cheaply.

Although it may seem a small part of the whole, cabling can be the most frustrating of all
situations in a large mobile system. Poor cable design can lead to intermittent cable failures
that are nearly impossible to locate and correct. If a system is not reliable, its value can be
seriously questioned. In areas under the shelter floor, or in any areas where cables might
be subject to chafing when the shelter is in motion, the cables are protected by either using
a cable with a thick jacket or installing a protective jacket over the cable. This jacket is
available in a number of sizes, shapes, thicknesses, and styles (including shielded and
unshielded), and can be “zipped” over the cables after they are fabricated and tested.

Typically, the cables under the floor enter and exit the equipment racks through a
connector manifold. The manifold provides a convenient place to break into a cable for
troubleshooting and allows the cable to be replaced without extensive unlacing and
relacing of cables in the rack itself. A connector manifold also allows another very
important thing to take place: the equipment bays can be built up, wired, and completely
tested while shelter construction is taking place. In a matter of hours, the underfloor
cabling can be removed from the build-up site, the equipment racks installed in the shelter,
the cabling re-installed, and the system “up and running.”

EQUIPMENT MOUNTING

The majority of the equipment in PSL-designed shelters is slide-mounted into heavy-duty
equipment racks. Mobile environments tend to require the heavy-duty racks offered by
most manufacturers. Cable refractors are used in the racks to keep the wiring neat and in
place. This combination of slide mounts and cable refractors allows the equipment to be
pulled out from the equipment rack and opened for adjustments and repairs, without
having to remove it from the rack or obtain access to the rear of the rack. If the equipment
does have to be removed, the slides make that operation easier, also.



All wiring in equipment racks is tightly laced to the cable refractors to alleviate stress on
the rear panel connectors and cables. The transition from cable to connector is a weak
point and special care should be taken to protect this junction in mobile installations.

For heavy equipment, extra reinforcement should be installed. This might entail installing
extra rails in the racks so that loads will be placed directly on the rails rather than through
extenders that may weaken and collapse under severe road conditions. Very heavy items,
such as large tape drives, may require extensive bracing, depending on the quality of the
equipment rack in which they are mounted. Extra fasteners are often necessary to prevent
heavy items from sliding out of the rack during transit. These precautions apply especially
to tape drives that are normally held in place with 10-32 screws.

EMI CONSIDERATIONS

Electromagnetic interference (EMI) is a growing concern for many projects, especially
those projects that involve any reasonable kind of security. A mobile shelter can be as
“Secure” as a fixed installaion, as far as RF leakage is concerned. Essentially, to make a
mobile shelter EMI-proof involves plugging all holes where RF can leave or enter the
shelter. To what extent this “plugging” needs to be done depends upon what RF
frequencies need to be blocked.

For EMI-resistant shelters, PSL rivets in a heavy-gauge metal floor pan and tapes all
seams with a commercial EMI tape. If very high frequencies must be blocked, the wall
seams are also taped. All power and control lines into and out of the equipment go through
RFI filters that prevent the passage of noise into or out of the shelter. Doors are specially
designed and use stainless frames to maintain a low-resistance surface. All air conditioning
air ducts have RFI filters installed and any windows designed into the shelter use a
commercially manufactured filter to prevent RF leaks.

SUMMARY

The integration of a mobile electronics shelter requires a carefully thought-out plan of
action to ensure that all facets of the shelter operate properly. The result is a shelter that is
satisfying to work in, simple to move, and easy to maintain.

The mobile shelter solves a number of problems associated with disperse test sites. It
eliminates the need to ship data back and forth across the country, dramatically reducing
turnaround time. This capability obviously reduces testing costs by cutting the amount of
“dead” time operators normally would spend waiting for test results.

Mobile computerized telemetry systems will continue to be an effective way to minimize
testing costs and maximize equipment use.
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CONVOLUTIONAL CODING/VITERBI DECODING OF PCM/FM

T. F. Cox and M. H. Nichols
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SUMMARY

Tests were run with a binary PCM/FM transmission channel using limiter/discriminator
detection and (7, 1/2) convolutional coding with Viterbi decoding. In all cases, soft
decision decoding showed little or no improvement relative to hard decision, evidently
because of the pops in the FM demodulator. Under optimum PCM/FM conditions, namely
p-p deviation = 0.7 fs and IFBW = fs, the coding improvement at BER = 10-6 was about
2.2 dB. The binary symbol rate in the transmission channel is fs. In the course of the test, it
was discovered that with PCM/FM under optimum conditions, channel errors frequently
occurred in pairs. This severely reduces the value of parity bit when used with uncoded
PCM/FM and also degrades the Viterbi decoder performance by about 1 dB.

INTRODUCTION

Bit error rate (BER) tests were run with a PCM/FM transmission channel in order to
determine the gain using convolutional coding with Viterbi decoding. Figure 1 is a block
diagram of the test setup. To establish a reference and to verify the performance of the
Linkabit hardware, a BER characteristic was run using PCM/PM with ±90 deg deviation.
No premodulation filtering was used and the IF bandwidth (IFBW) was four times the
binary symbol rate. Good agreement with published data on coder/decoder (CODEC) was
obtained.

BER TEST WITH CODED PCM/FM

The tests were repeated with binary PCM/FM with no premodulation filtering using the
block diagram of Figure 1 and operating at a symbol rate fs = 106/sec. The p-p carrier
deviation was 0.7 fs. Figure 2 shows the test results using IFBW = fs. The abscissa is
Eb/No, where Eb is the energy per data bit and No is the one-sided spectral noise density in
the IF, in order to give a direct indication of the CODEC gain relative to the equivalent
PCM/FM link operating at the data bit rate.



Note first that the improvement of soft decision over hard decision is very small. This is
evidently due to pop noise in the discriminator. A pop occurs when s(t) + n(t) vector
encircles the origin.(1) This causes a “step function” increase (or decrease) in the phase
that, when differentiated by the discriminator, produces a large pulse (pop) causing a bit
error when of opposite polarity. Since the pops are mostly large (not Gaussian distributed),
the soft decision is not effective. Also, note that the improvement for hard decision is less
by about 1 dB (see Table 1) than predicted from published CODEC data where the bit
errors are assumed to be random, i.e., not correlated.

Table 1. Degradation of Hard Decision Performance
for Different IFBW Expressed in dB.

CODEC
Pe

IFBW

fs 1.5 fs 2.4 fs

10-3

10-4

10-5

10-6

-0.6
-0.8
-0.9
-1.0
-1.1

. . .
-0.1
-0.2
-0.25
-0.3

. . .
0.1
-0.2
-0.2
-0.2

It was suggested by T. Cox that with narrow band PCM/FM bit errors are correlated.
Figure 3a shows an oscillogram of PCM/FM error strobes from the BER tester with sweep
synchronized on the error strobes. Note comparative brightness of the first two error
strobes. Figure 3b shows the corresponding oscillograms for PCM/PM ±90 deg, with
4 MHz IF bandwidth, in which all error strobes except the first are of equal intensity. To
test the bandwidth hypothesis, PCM/FM test data for IFBW = fs, 1.5 fs, and 2.4 fs were
obtained; and CODEC degradation is summarized in Table 1 for hard decision, there being
little difference between hard and soft decision in all cases. Note that at IFBW = 2.4 fs, the
degradation is negligible and at 1.5 fs, nearly so.

To quantify the phenomenon in Figure 3, a circuit for detecting double errors was
constructed and the frequency of double errors was counted to determine the probability,
Pde, of occurrence of double errors. Table 2 gives some preliminary results for PCM/FM.
The Pe2 column gives the probability of occurrence of double errors if the errors are
uncorrelated. Note that at IFBW = 4 MHz = 4 fb, Pde – Pe

2. Thus, at this IFBW and greater,
the errors are uncorrelated.



Table 2. Double Error Probability for PCM/FM Versus IFBW.
The Bit detection was F/S, bit rate fb = 106/sec.

IFBW, MHz Pe Pde Pe
2

1.0
1.0
1.0
1.5
2.4
4.0

1.05 x 10-3

2.25 x 10-3

5.04 x 10-3

1.07 x 10-3

1.10 x 10-3

1.10 x 10-3

5.13 x 10-5

1.47 x 10-4

4.55 x 10-4

9.52 x 10-6

2.22 x 10-6

1.12 x 10-6

1.10 x 10-6

5.06 x 10-6

2.54 x 10-5

1.14 x 10-6

1.21 x 10-6

1.21 x 10-6

Preliminary double error tests were also run with PCM/PM format with phase modulation
set for carrier disappearance. The results are summarized in Table 3. Note that for IFBW
less than 6 MHz, i.e., less than 6 fb, - Pe

2 > Pde. Also note that with IFBW = 2.4 MHz, the
inequality is stronger for I/D detection than for F/S. The results in Table 3 are in contrast
with those in Table 2 where Pde > Pe

2 for IFBW < 4 MHz = 4 fb.

Table 3. Double Error Probability for PCM/PM Versus
IFBW. The PM modulation level was set for carrier
disappearance with fb = 106/sec. The Costas loop
bandwidth was 300 Hz and the Costas data bandwidth was
2 MHz.

IFBW, MHz Pe Pde Pe
2 Mode

1.0
1.5
2.4
2.4
6.0

1.10 x 10-3

1.04 x 10-3

1.10 x 10-3

1.07 x 10-3

1.07 x 10-3

1.00 x 10-7

4.30 x 10-7

6.50 x 10-7

1.62 x 10-7

9.50 x 10-7

1.21 x 10-6

1.08 x 10-6

1.21 x 10-6

1.15 x 10-6

1.15 x 10-6

F/s
F/s
F/s
I/D
I/D

PARITY BIT USED IN CONNECTION WITH UNCODED PCM/FM

By adding a parity bit to the data words, odd numbers of errors per word can be detected.
Even numbers of errors cannot be detected. Let the word length including parity bit be N
and assume that the errors are random, i.e., not correlated. Then the probability of a single
error per word, Pw(1), is

Pw(1) = NPe (1 - Pe)
N-1 (1)

where Pe = bit error probability



Likewise

(2)

(3)

etc.

Suppose that N = 8 and Pe = 10-3. Then

Pw(1) – 8 x 10-3 (4)

Pw(2) – 2.8 x 10-5 (5)

Pw(3) – 5.6 x 10-8 (6)

Thus a parity failure most likely (by a considerable margin) indicates a single error in the
word. If a word passes parity, the probability of an undetected even number of errors is
approximately 2.8 x 10-5 for this example. Note that this result depends on the assumption
that the errors are independent, i.e., not correlated. Thus, in this case, it can be said that
with parity, the probability of undetected word error is approximately 2.8 x 10-5. These
numbers illustrate how parity can be used as a data quality indicator and also to flag words
in error for attention in the data reduction process.

In order to illustrate the effect of the error correlation found for narrow band PCM/FM,
tests were run in which, by a special circuit, using 8-bit words, the number of single,
double, and triple bit errors per word were logged and the corresponding probabilities
calculated. The results are summarized in Table 4 and compared with the probabilities
calculated for uncorrelated errors. It is evident that the correlation results in decreased
effectiveness of the parity bit in detecting word errors. For example, when the IFBW = fb,
the probability of undetected word error increases from 1.1 x 10-4 to 1.2 x 10-3, a factor
of 10. With IFBW = 1.5 fb, the increase is a factor of 4 and with IFBW = 2.4 fb, the factor
is 1.4.

Thus, to use parity effectively with uncoded PCM/FM, the IFBW should be greater than
about 2.4 fb. However, the penalty relative to optimum conditions, i.e., IFBW = fb, is about
2.5 dB.(2)



If the probability of double errors is known, the probability of two errors per word, Pw(2),
can be calculated from the equation:

(7)

Note from Table 2 that Pde is a function of Pe as well as of IFBW.

Table 4. Measured and Calculated Probabilities for One,
Two, and Three Errors Per 8-Bit Word.

Probability of (.)/Word

Modulation Pe IFBW One error Two errors Three errors Mode

PCM/FM

PCM/FM

PCM/FM

PCM/FM

BPSK

2 x 10-3

2.30 x 10-5

1.98 x 10-3

2.01 x 10-3

2.05 x 10-3

1 MHz

1 MHz

1.5 MHz

2.4 MHz

4 MHz

1.30 x 10-2

1.59 x 10-2

1.80 x 10-4

1.84 x 10-4

1.43 x 10-2

1.56 x 10-2

1.59 x 10-2

1.59 x 10-2

1.61 x 10-2

1.62 x 10-2

1.20 x 10-3

1.12 x 10-4

3.90 x 10-6

1.48 x 10-8

4.55 x 10-4

1.10 x 10-4

1.58 x 10-4

1.12 x 10-4

1.11 x 10-4

1.16 x 10-4

2.20 x 10-5

4.50 x 10-7

1.40 x 10-5

4.40 x 10-7

1.02 x 10-6

4.50 x 10-7

Measured
Calculated

Measured
Calculated

Measured
Calculated

Measured
Calculated

Measured
Calculated

Note:   Filter/Sample bit detection was used for all measurements.

DISCUSSION

The improvement of hard decision (7, 1/2) convolutional coding/Viterbi decoding using
PCM/FM with IFBW = fb is about 2 dB at 10-5 BER. This compares with 5 dB(3) for BPSK
for soft decision (which is not effective for PCM/FM).

Under optimum PCM/FM conditions, correlation between bit errors in PCM/FM causes
about 1 dB degradation of the Viterbi hard decision performance relative to that for
uncorrelated errors. This degradation is nearly removed when IFBW = 2.4 fb, but this
wider IFBW degrades the PCM/FM channel performance by about 2.5 dB.(2) Interleaving
can be used to reduce the effects of correlated errors so that in the limit, 3 dB CODEC
improvement could be obtained with optimum PCM/FM.(3) However, with rate 1/2 coding,
spectrum occupancy would be doubled.



The correlation between adjacent bit errors increases the probability of undetected word
errors when using the parity bit relative to the probability of undetected word errors using
the parity bit with uncorrelated bit errors. The IFBW = 2.4 fb nearly removes the
correlation but costs about 2.5 dB on BER performance relative to IFBW = fb.

(2) These
remarks about parity bit are relative to uncoded PCM/FM.

The causes for the correlation of adjacent errors in PCM/FM and PCM/PM reported in
Tables 2 and 3 were not investigated in this work.

EQUIPMENT LIST FOR FIGURE 1

Linkabit CODEC, Model LV 7017A
Microdyne Signal Generator Model 7100SL-(A)
Microdyne Receiver Model 1200MR
EMR BER Test Set Model 721
DSI BSSC Model 7700
DSI BER Test Set Model 7191
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Figure 1. Block Diagram of Test Setup Including Convolutional Coding and
Viterbi Decoding Function Blocks.

Figure 2. CODEC Performance Relative to Equivalent Uncoded
PCM/FM Data Channel.



Figure 3a.   Oscillogram of Bit Errors for PCM/FM With
IFBW = fb and fb = 1 Mb/s.

Figure 3b.   Oscillogram of Bit Errors for PCM/FM ±90EE
With IFBW = 4fb and fb = 1 Mb/s.



EHF COMMAND TECHNOLOGY

Louis H. Sacks
MTS

Communications Department
Electronics and Optics Division

The Aerospace Corporation
El Segundo, California

ABSTRACT

The Air Force Satellite Control Facility is considering performing the command and
telemetry functions at the EHF/SHF frequency bands (44 GHz uplink/21 GHz downlink).
Among the factors affecting performance at the higher frequencies are the satellite and
ground station antenna characteristics, receiver and power amplifier availability and
weather effects. Of these factors weather effects, particularly rain, is the most severe and
can result in temporary outages in the command and telemetry operation. It is
recommended therefore that S-band operation be retained if greater than 99% link
availability is required. TT&C operation at the EHF/SHF frequency bands could be
achieved only if periodic weather outage and variable data rate transmission becomes
acceptable.

INTRODUCTION

Because of certain advantages such as higher data rates, lower probability of intercept and
antijam features, spacecraft systems are moving to higher frequencies to perform the
communications functions. It would also be advantageous to perform the command and
telemetry functions at the same higher frequencies. For this reason the AFSCF is
considering utilizing the EHF/SHF frequency bands for the command and telemetry
functions for certain spacecraft programs.

Among the factors affecting the command and telemetry functions at the higher frequencies
are the satellite and ground station antenna characteristics, weather effects and receiver
and power amplifier availability. These factors and their effect on the command and
telemetry link performance will be discussed in the following sections.



SATELLITE ANTENNA PERFORMANCE

Omni antennas are used on satellites to provide the telemetry and command control
functions. The omnidirectional coverage is necessary because the telemetry and command
functions are often required while the satellite is in periods of rapid directional change, i.e.,
during launch ascent, injection, maneuvering or unstablized (uncontrolled) rotation. Some
of the command functions are needed to despin or align the spacecraft and to point the
main antennas. The omni antennas must therefore provide a link between the satellite and
ground stations which is fairly constant regardless of the satellite orientation. Because of
the omnidirectional coverage requirement, it is unlikely that future technology or higher
frequencies will result in a replacement of the basic omni antenna.

The free-space transmission equation between a fixed size ground station and an omni
antenna is WR = WTAT /4BR2 where WT is the input power to the ground station antenna,
WR is the power received by the omni antenna, AT is the effective area of the ground
station antenna and R is the distance between the two antennas. Since the transmission
equation is frequency independent, there is no advantage - - or disadvantage - - from a
strictly ground station antenna size criteria, in going to a higher operating frequency.

It is anticipated that omni antennas can be built at the higher 44 and 21 GHz frequency
bands and that their performance and cost will be comparable to the S-band omni antennas
presently used on spacecraft. Because of spacecraft blockage, two omni’s are usually
employed on opposite sides of the spacecraft to provide the required omnidirectional
coverage. Since the blockage is basically a line-of-sight phenomenon, the higher frequency
operation should provide the same net coverage as for the S-band case. The primary
difference would be a higher frequency ripple in the antenna pattern intereference region at
the 44 and 21 GHz frequencies due to diffraction and phase cancellation effects.

GROUND STATION ANTENNA PERFORMANCE

In the previous discussion of satellite antenna performance it was shown that for a fixed
size ground station antenna the net free space transmission link is frequency independent.
For typical ground station antennas, mechanical considerations such as surface accuracy,
tracking accuracy and radome losses will determine the achievable performance at the
higher frequencies.

The major factor determining the achievable antenna gain at the EHF frequencies is the
reflector surface accuracy. For up to 40 ft diameter ground station antennas, present
commercial technology can achieve 0.024 in. (24 mils) surface accuracy which would
result in a 5.5 dB gain loss at 44 GHz (1). Improved technology exists which can achieve
12 mil surface accuracy (1.8 dB loss at 44 GHz) although at an additional cost of about



$200K per antenna. California Institute of Technology has built a 34 foot diameter radio
telescope (2) with 1 mil surface accuracy but it has not been determined whether its
tracking capability or maintainability of surface accuracy (during all tracking maneuvers
and over long periods of time) is suitable for SCF type missions.

Tracking loss at 44 GHz can be kept to within 1.5 dB (1) with advanced tracking systems
(3) for reflector antennas up to 40 feet in diameter. Radomes can improve the tracking
accuracy by reducing wind loading but result in additional losses; the radome transmission
loss for a 68 foot diameter metal space frame radome is about 1.0 dB at 21 GHz and
1.8 dB at 44 GHz (4). Rain produces additional losses due to creation of a water film on
the radome surface. Newly developed hydrophobic coatings are claimed to provide
radomes with a non-filming surface which lasts for the life of the radome. The use of these
non-filming radomes should significally reduce the wet radome attenuation, i.e., at 44 GHz
for an elevation angle of 5E and a rain rate of 50 MM/hr the predicted wet radome
attenuation is 3.5 dB for the hydrophobic coating vs 9.0 dB for the non-hydrophobic case
(5).

WEATHER EFFECTS

“Clear Sky” atmospheric attenuation due to oxygen and water vapor is negligible for
frequencies below 7 GHz but becomes appreciable for the EHF frequencies particularly at
the low elevation angles; i.e., at 45 GHz and a 10E elevation angle the oxygen plus water
vapor attenuation is 3.5 dB. Table I shows the atmospheric plus rain attenuation as a
function of frequency, availability and elevation angle for several climate regions (6) in the
United States. The table illustrates the large attenuation values at the EHF frequencies,
particularly at the lower elevation angles. Rain attenuation can be mitigated through
“diversity gain” by using two separate ground stations (6), (7). Diversity gain is based on
the hypothesis that intense rain cells that cause the most severe fading are limited in spatial
extent; therefore, as two ground stations are placed further apart the likelihood of a single
rain cell interfering with both stations simultaneously becomes more remote.

RECEIVER AND POWER AMPLIFIER AVAILABILITY

The low noise receiver and transmit power availability at 21 GHz should be fairly close to
what is presently available a S-band (1). At 44 GHz however, the respective receiver and
power availabilities are likely to be about 2 dB and 10 dB below existing S-band values
resulting in a net loss of at least 12 dB to the command link performance.



LINK CALCULATIONS

Table II illustrates a S-and SHF-band downlink calculation for TT&C omni antenna
operation assuming a 33 ft diameter ground station antenna. A specific ground station
location (Colorado Springs), weather availability (99%) and orbit (synchronous, 10E
elevation angle) were assumed in order to obtain some representative link margin values.
As shown in the table the SHF-band downlink margins are about 6 dB below those at
S-band. For both frequency bands (for the specific site, weather and orbit parameters
chosen) the margin is sufficient to close the link for all the specified data rates.

Table III illustrates a S-band and EHF uplink calculation for the same parameters as used
for the downlink. As shown in the table the S-band link margin is sufficient for all the
specified data rates. At 44 GHz however the link can be closed only at the lowest(75 bps)
data rate. For clear weather conditions however, i. e., no rain, the link could be closed at
44 GHz for all the specified data rates. Therefore, any shift to the EHF frequency bands
would make the TT&C operation weather dependent and would preclude greater than 99%
link availability.

SUMMARY AND CONCLUSIONS

Moving to the EHF/SHF frequency bands (44 GHz uplink/21 GHz downlink) from its
present S-band frequency will result in lower link margins for the command and telemetry
functions. Among the factors causing the degradation to link performance are antenna
characteristics, receiver and power amplifier availability and weather effects. The last
factor, particularly rain, is the most severe and can result in temporary outages in the
command and telemetry operation. It is recommended therefore that S-band operation be
retained if greater than 99% link availability is required. TT&C operation at the EHF/SHF
frequency bands could be achieved only if periodic weather outage and variable data rate
transmission becomes acceptable.
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TABLE I ESTIMATES OF ATMOSPHERIC PLUS RAIN ATTENUATION



TABLE II DOWNLINK CALCULATIONS FOR OMNI ANTENNA OPERATIONS



TABLE III UPLINK CALCULATIONS FOR OMNI ANTENNA OPERATION



HYBRID INTERLEAVER

Dan Olsen
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A new communication system bit interleaver should allow 100 percent rated throughput
for digital channels time-multiplexed among several user terminals.

This technique called a hybrid interleaver, would be especially beneficial for time-
multiplexed defense communication systems which operate in hostile environments where
purposeful attempts may be made to interrupt vital messages.

Military channels are often hindered by amplitude fading and other multiply contiguous
error generating anomalies. Multiple bit per symbol waveforms, encoded bit interleaving
and error correction coding can enhance the robustness of signals when these conditions
occur. For example, a decoder’s effectiveness is aided by interleaving the encoded bits to
make the error distribution it sees more uniform.

Classical interleaving is based on the block and convolutional approaches. Each type
has inherent advantages and disadvantages. Block interleaving permits 100 percent rated
time-multiplexed channel throughput but requires four times more memory and twice as
much delay as the convolutional approach. On the other hand, convolutional interleaving
impairs multiplexing.

Hybrid interleaving capitalizes on the advantages of both these interleavers while
avoiding their respective drawbacks. It offers the 100 percent multiplexing efficiency of
the block, yet, like the convolutional interleaver, operates with 75 percent less memory
capacity and creates half the delay.

A block interleaver consists of two rectangular arrays of memory with two
commutators, one for loading the data and the other for reading it. Data is loaded by the
input commutator into one plane using a raster scan, while being read from the second
plane by the other commutator. The second plane’s raster scan is orthogonal to the first
plane’s. At the end of each pair of scans, the data is transferred from the input to the
output plane.

The memory array of a convolutional interleaver is organized in a right triangle with the
input commutator on one of the sides and the output commutator on the hypotenuse. Data



is shifted one memory cell per commutation cycle along rows perpendicular to the input
until it arrives at the output.

When two or more terminal users employ a multi-bit per symbol waveform, the
beginning and end of the first person’s transmissions will contain many partially used
symbols. As a result, the next terminal user on the multiplexed channel must wait til the
first’s interleaver is emptied before starting to transmit. Moreover, a span of partially used
channel time is created during this transition between users.

Hybrid interleaving fully utilizes all bits of a terminal’s channel symbols throughout its
transmission time. Such efficient packing permits multiple terminals to transmit
contiguously on a channel.

This new concept combines the organizational features of both block and convolutional
forms. Two planes and commutators of a block interleaver provide the input and output.
These input-output structures are connected by a set of convolutional interleavers.

While one block’s worth of data is being loaded by the input, another is being read by
the output commutator. Once this input-output commutator cycle is completed, each bit is
shifted one memory cell dowm the rows of the convolutional interleavers connecting the
two blocks.

Two design constraints are imposed on the size of the input and output planes to avoid
the multiplexing inefficiency of the classical convolutional interleaver. Each plane must be
an integer submultiple of the encoded data block size. Also, the length of the output
commutator raster scan must be an integer multiple of the number of bits per channel
symbol.

The interleaver’s time span is the ratio of the total bits in the hybrid structure to the
uncoded data rate. By selecting the length of the longest row of the interconnection
between the two blocks, a user can determine the desired span of interleaving.

Among its commercial applications, this intervention could provide efficient
multiplexing for heavily time-shared M-ary modulated telephone voice circuits, especailly
those on high throughput channels hampered by amplitude fading.
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ABSTRACT

The Department of Defense will be moving their essential space resources into the EHF
spectrum which, together with new signal structures, will counter the impacts of jamming,
nuclear effects, and electronic intelligence intercept. The Air Force Satellite Control
Facility (AFSCF) project for incorporating the new Satellite Data Link Standards (SDLS)
into its existing antenna and communication network is described. Also, the signal
structure concepts, system architecture, EHF user programs, interoperability factors, and
finally, implementation plans. Taken together, these factors will implement a new SDLS
Military Standard for space links.

WHY MOVE TO EHF?

Satellite communication at EHF provides the bandwidth necessary to accommodate wide
band users. EHF will also support effective spread spectrum and coding techniques for
narrow band users, which will assure jam resistance and transmission through a nuclear-
disturbed medium.

Future threats will consist of jamming attacks; nuclear effects such as EMP and
scintillation from exoatmospheric nuclear bursts; and, electronic intelligence emitted by
communication links being utilized by aircraft, spacecraft, and other platforms to localize,
exploit and destroy radiating sources.

SURVIVABILITY/INTEROPERABILITY CONCEPT

Threats other than the above include sabotage, natural disasters, civil disorders, political
instability, and diplomatic changes. Figure 1 illustrates that redundant nodes such as the
Consolidated Operation Center (CSOC) and the Satellite Test Center (STC) negate the
effect of many threats. Common Mobile Control System (CMCS) provides the ultimate in
survivability. Frequent moves and concealed halts lower other contributions to the the



probability of detection. Finally, host spacecraft relay packages to CONUS resources
reduce the dependency on overseas ground stations.

S-BAND SCINTILLATION

Exoatmospheric nuclear explosions radically disturb the upper atmosphere and ionosphere
for many hours. These disturbances cause serious phase and amplitude distortions of
spacecraft data links as illustrated in Figure 2.

PROJECT DEFINITION

The Advanced TT&C (ATT&C) project is being utilized to implement Satellite Data Link
Standards requirements. The primary objective is to provide survivable TT&C linkage
with future spacecraft. The SDLS will be the link used by all future DOD spacecraft and
ground support systems requiring wartime survivability. Physical implementation will EHF
use up link/down link frequencies, as well as laser and RF cross links.

STANDARD ATT&C FUNCTIONS

Figure 3 illustrates a typical functional flow of data through an ATT&C uplink. Data is
formated by multiplexing access control information with commands or communication
data. Authentication words are added as needed. The data stream is encrypted to provide
data privacy. Authentication prevents spoofing or unauthorized clear playback of recorded
commands. The same unit, using a different crypto key controls the frequency hopping
sequence for transmission security and crypto access control cover. Interleaving reduces
problems with nuclear scintillation and pulse jammers. The data stream is multiplexed with
other users as necessary, frequency hopped, and transmitted by a 250 watt transmitter.
Planned antennas range between 2 and 33 feet. The larger sized antennas (up to 33 feet)
are being considered for fixed installations.

GENERIC INTERNET LINKS

Figure 4 illustrates interoperable nodes and cross links. These are made possible using
standardized networks and spacecraft.

SIGNAL STRUCTURE CONCEPTS

The SDLS uses frequency hopping, forward error correction, and interleaving to improve
survivability against jamming and nuclear effects. The charts in this section conceptually
illustrate techniques that improve SDLS robustness. The concept descriptions are intended
to be informative rather than rigorous.



CHIP GENERATION OF SIGNAL FREQUENCY PERMUTATION AND
FREQUENCY HOPPING

Figure 5 illustrates how frequency slots are assigned by cypher key to assure future hop
path frequencies cannot be a priori determined by an enemy. These steps provide
transmission security (TRANSEC) antijam resistance, and low probability of intercept.
Low probability of intercept is achieved by using a narrow beam as well as the previously
described unpredictable spectrum location. Other transmission security is achieved by real
time computation of antijam functions such as spread spectrum, time, and frequency
permutations.

Information is convolutionally coded for error correction, interleaved to avoid burst errors
and uses redundant chip generation and combining for AJ robustness. The resulting signal
structure is directed towards negating nuclear scintillation effects and pulse jamming.
Further improvement is provided by repeating the information in several frequency slots.

FORWARD ERROR CORRECTION ENCODING CONCEPTS

Figure 6 illustrates with an analogy how convolutional coding and soft decisions are used
to correct errors. The written language is highly redundant and uses a system similar to the
binary convolutional coding scheme implemented in SDLS. The language uses many more
symbols and words than are needed to represent the message and ideas. If we change a
letter, we receive a mutilitated but recognizable message, rather than one with errors.
Similarly, convolutional coding introduces redundant binary information. The redundant
information contains sufficient information to support error correction.

VITERBI DECODER PERFORMANCE

The performance of various constraint lengths and possible bit error rate improvements is
shown in Figure 7. It can be seen that a 3 dB improvement from coding is equal to
reducing transmitted power requirements by 1/2. Such improvements are attractive for use
in space links based on power limited spacecraft. The Viterbi convolutional decoder is
easier to implement, and requires less hardware than a sequential block code, and is
superior for links with good margins. Tripling redundancy instead of doubling produces a
slight improvement, but the use of a soft decision in place of a hard decision is more
significant A soft decision technique examines the probability of data flowing through each
possible path of the trellis, and selects the most probable one. This produces a 2 dB
improvement over evaluating the correctness of each pair of bits as they occur.



INTERLEAVING

Interleaving data prevents an error burst from propagating when used with the previously
described convolutional coding error correction technique. Presume seven words of seven
bits each. Interleaving systematically rearranges the entire group of bits so that the first
interleaved word consists of the first bit from each raw word, the second interleaved word
consists of the second bit from each raw word, and so on. Figure 8 illustrates this process
and the result.

RAIN ATTENUATION

Outages from rain interference rapidly increase when using frequencies above 10 Ghz.
Figure 9 portrays rainfall effects in the D2 region1. For example, the east coast of the USA
has such attributes. EHF rainfall induced outages are undesirable. However, the bandwidth
provided defeats jamming and assure a low probability of intercept. Availability of these
features in wartime is a satisfactory tradeoff benefit against the penalty of occasional
severe weather attenuation.

THE AFSCF WITH ADVANCED TT&C CIRCA 1990

As indicated in Figure 10, Two key ATT&C items are being implemented within the
overall AFSCF. They are: (1) crosslinks between host satellites, and (2) the retrofiting of
an EHF capability into the Common Mobile Control Systems. Both elements are directed
towards achieving a high AJ capability and a low probability of intercept. Together with
these modifications, the entire AFSCF system is balanced towards achieving operational
reliability by use of fixed (as well as mobile) sites to provide greater link margins. Fixed
sites also can provide in depth satellite engineering support operations at low cost. Fixed
site vulnerabilities are balanced by mobile resources, which support survivability. Finally,
cross links for CONUS connectivity provide reduced overseas site dependency.

SPACECRAFT CROSS-LINK CHARACTERISTICS

The AFSCF plans to use the standard RF cross link for TT&C relay to CONUS ground
terminals. A proposed system is illustrated in Figure 11. Descriptions are provided of
antenna size, weight, power, and data rates for deployment aboard host relay satellites
(and mission spacecraft).

THE AFSCF ISSUES AND STUDY TASKS

The AFSCF is studying the following design problems, which are directly related to
satisfying ATT&C requirements. The first two are rapid low angle acquisition and



precision ranging. Study subjects within the EHF frequency region are: an omni antenna
system, an increased precision ranging system with increased distance and rate capabilities
over those available today, and a system proof of concept evaluation. This last study will
use aircraft flybys to validate unique performance characteristics of ATT&C systems.
Another design problem is posed by the requirement for an unstabilized spacecraft omni
antenna. Such spacecraft cannot point a transmitting antenna at a receiving antenna or
orient a receiving antenna to receive commands from a distant transmitter. Omni antennas
can provide an economical method of communicating with an earth terminal when
compared to use of precision pointed directive arrays, even though two significant
difficulties are present. These are: (1) extremely high attenuation of over 40 dB in certain
instances caused by weather seen at low elevation angles, and (2) the reduced capture area
of the omni antenna, which drastically reduces EHF link margins when compared to those
available in the S-band region.

Within constraints established by such problems, the basic system implementation
approach is to avoid expensive R & D by use of cost effective adaptations of existing
designs.

Note 1:  R. Kaul, R. Wallace and G. Kinal (1980), “A propagation Effect Handbook for
Satellite System Design”, p. 3 - 22.

CONCLUSION

Standardized EHF ATT&C links are necessary to support high priority space resources
that require a robustness in a jamming and nuclear environment. Narrow beams and
frequency hopping provide for a low probability of intercept. Joint operation of coding and
internetting are essential for negating nuclear scintillation effects. The standardized signal
structure and cross links for a CONUS relay increase connectivity flexibility and provide
interoperability. Real time data relay and increased contact time improve operational
effictivity. The AFSCF is the largest U.S. ground TT&C network. It is global in
deployment. As it increases its quantity of survivable mobile resources and implements
EHF ATT&C, the AFSCF will play a key role in support of National and DoD space
programs.



FIGURE 1 SURVIVABILITY/INTEROPERABILITY CONCEPTS. The threats to
space resources and their ground support elements are illustrated. The alleviation of the
threats by cross links to CONUS, improved signal structure, mobile resources, and
elimination of single nodes are indicated.



FIGURE 2 SCINTILLATION-S BAND. Exoatmospheric nuclear explosions radically
disturb the upper atmosphere and ionosphere for many hours causing serious phase and
amplitude distortions of spacecraft data links.

 FIGURE 3 STANDARD AND ATT&C FUNCTIONS. A typical functional flow of
data through an ATT&C station uplink.



FIGURE 4 GENERIC INTERNET LINKS. Interoperable nodes and cross links are
made possible using standardized networks and spacecraft.

FIGURE 5 CHIP GENERATION, PERMUTATION AND FREQUENCY
HOPPING. Frequency slots, assigned by a cypher key are used to assure future hops
cannot be determined by an enemy thus providing transmission security (TRANSEC)
antijam resistance, and low probability of intercept.



FIGURE 6 FORWARD ERROR CORRECTION ENCODING CONCEPT. An
analogy on how convolutional coding and soft decisions are used to correct errors.

FIGURE 7 VITERBI DECODER PERFORMANCE RATE 1/2 vs RATE 1/3. A
chart indicating the performance of various constraint lengths and possible rates of bit
error Improvements.



FIGURE 8 INTERLEAVING. Interleaving data prevents the error burst from
propagating when used with the previously described convolutional coding error correction
technique.

FIGURE 9 RAIN ATTENUATION. The outage from rain interference rapidly increases
with frequencies above 10 GHz.



FIGURE 10 AFSCN WITH ADVANCED TT&C CIRCA 1990. The key items being
implemented are the crosslinks to a host satellite and the retrofiting of an ATT&C EHF
system into the common mobile control systems for high AJ capability and low probability
of intercept.

Technology assumptions for 60 GHz TTC access link (200 kbps). As a cross-orbit trunk,
the network node package can handle 12 TTC channels (2.4 Mbps) bi-directionally.

Source Lincoln Labs

FIGURE 11 SPACECRAFT CROSS-LINK SYSTEM PARAMETERS. Antenna
size, weights, power, and data rates for deployment aboard host relay satellites and
mission spacecraft are estimated for a proposed cross link system.
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ABSTRACT

The current proliteration of microcomputers and software provides the system engineer
and program manager a useful set of tools that can be adapted to support and enhance the
program management effort. The functions that can be implemented effectively include
scheduling, word processing, budgeting, limited data base applications, requirements
tracing, document control, electronic mail/bulletin boards, and the tracking of contractual
details. This paper describes strategies and architectures useful fo r implementing
microcomputers into the program office environment. Also discussed is a software
development methodology specifically tailored for the use at microcomputer applications
software.
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INTEGRATED REALTIME SOFTWARE FOR BOTH
AIRBORNE FLIGHT TEST SYSTEMS AND

PCM GROUND STATIONS

By: W. F. Trover
Associate Director of Advanced Systems
Teledyne Controls

ABSTRACT

Flight test activities can be completed quicker if the test engineers can evaluate test data in
realtime on-board the aircraft or at the PCM ground station. Teledyne Controls is
developing a software package for several customers that provides realtime EU data in
several formats. Data presented to the test engineer includes: stacked or overlayed
scrolling EU curves, limit exceedance tests and alarm generation, tabular EU data
presentations and operator requested hardcopy of CRT presentations supplemented by the
classical raw data strip chart recordings. Incorporated into this software are facilities
permitting semi-automatic calibration of sensors installed in the aircraft during preflight
operations as well as generation of tape headers for automatic PCM tape reading by the
ground station. Other features include semi-automatic processing of sensor calibration data
gathered in the calibration laboratory for entry into the ground station’s data base, and a
software/hardware link coupling the data reduction software in the PCM ground station to
the generation, loading and test of the data cycle map in the airborne PCM system.

INTRODUCTION

Several major aircraft manufacturers such as Aerospatiale, Boeing and Douglas have
shown that flight certification schedules for a new aircraft can be significantly reduced if
realtime data can be presented in engineering units to pilots and/or test engineers on-board
the aircraft. The same is true for realtime data presentations to test engineers in the PCM
ground station when a telemetry link is used with smaller aircraft, such as fighters, where
the flight test engineer cannot be on-board the aircraft. Similar savings in time apply to
research and test aircraft used for navaids certification, aerial topography mapping and
aircraft component or subsystem flight testing. To provide solutions to these requirements
Teledyne is developing a realtime data processing software package that can be used on-
board an aircraft and/or in a PCM ground station. The realtime data processing hardware
and software allows the test engineer select up to 24 channels of data (or multiples thereof)
from any time slot location in an IRIG PCM data cycle map containing supercommutation,



commutation and subcommutation. The data can be used directly or compressed, limit
exceedance tested and converted to engineering units for display in tabular, bar graph or
scrolling graphics format.

Graphic data is presented as from one to six stacked or overlaid moving EU curves on a
color graphics CRT terminal with tabular EU data simultaneously presented on one or
more B&W CRT terminals. Hardcopy records of the realtime data presentations are
operator selectable. The same realtime man-machine interface software is used on-board
the aircraft as is used in the PCM ground station. This permits the test engineer to operate
the system in the aircraft or at the ground station using the same procedures.

For pre- and post-flight test support, special software permits semi-automatic calibration of
pressure, temperature and/or position sensors in the aircraft. Another program generates
PCM tape headers which permit the ground station to automatically setup and read PCM
data tapes with any size data cycle map. A format generation program automatically links
the data reduction software to the generation of the airborne data cycle map and loads it
into a pluggable program load module (PLM) in the ground station which can be carried to
the aircraft and plugged in for downloading and checkout of the on-board PCM system.
Finally a sensor calibration program permits semi-automatic generation of sensor
calibration files from a multiplexer and CRT terminal located in the sensor calibration
laboratory and connected to the ground station. Entry of these data into the systems data
base is initiated by the operator with calibration file data being retrievable by aircraft serial
number, flight number and flight date.

Software support functions, useable primarily in the PCM ground station include:
automatic time or event tape search for processing or for PCM to 9-track tape conversions
of selected channels (or all channels) from operator defined time periods. Additional
support functions include tabular and plot hardcopy of sensor calibration data, generation
of PCM backup tapes on the ground during realtime processing through the telemetry link,
conversion of FM/FM data tapes to PCM or 9-track tapes, and the re-running of PCM
flight data tape from any test flown during the past five years.

FUNCTIONAL REQUIREMENTS

The functional requirements were developed jointly between Teledyne and our cutomers
as a part of technical negotiations. A key operational requirement of this integrated system
concept is to provide the same man-machine interface for both the aircraft computer
system and the ground station computer so that the same software and operating
procedures may be used in either environment. Thus the same test engineer can operate
both the airborne system and the ground station.



The on-board computer requirements are divided into two categories; (1) limited EU
alphanumeric displays for the pilot’s use when no test engineer accompanies the flight and
(2) full realtime capabilities equivalent to the ground station for the on-board test
engineers), plus the limited A-N displays for the pilot. The pilot display is generated by a
powerful microcomputer system while the test engineer’s display are generated from a
minicomputer system which is essentially a subset of the PCM ground station’s computer.
Thus the pilot and test engineer(s) can access different data. The primary application of the
on-board minicomputer system is for use in transport aircraft of business jet size or larger
to present realtime EU data to the test engineer in the aircraft. This is especially important
on research or test flights where it is not practical to use a telemetry link. Test flights of
this type include aerial mapping, civil airways route certification, navigation system tests
and general flight tests where line of sight telemetry links are difficult or impractical to
maintain. For test flights such as range, endurance or route certification, where of necessity
the aircraft must land at or operate out of an airport away from the base where the PCM
ground station is located, it is possible to use the on-board minicomputer system to process
key test data not monitored during the flight in order to validate the test objectives. The
pilot’s microcomputer/display system can be applied to test flights in any size aircraft from
a fighter plane to a large transport. The software must support either or both types of on-
board computer plus the ground station computer. The pilots display unit must serve a
multifunction purpose of interface to the PCM system for realtime decommutation,
program load and test during pre/post-flight operations, a portable test set, a laboratory test
set and a peripheral of the PCM ground station.

A major new requirement of an integrated air/ground system not generally used in present
flight test applications is to provide a software/hardware link between the data reduction
software in the PCM ground station and the data acquisition hardware system in the
aircraft. This link couples the data reduction software’s data cycle map to a program that
generates the binaries of the data cycle map to be used in the on-board data acquisition
system. The requirement is to provide a small, light, nonvolatile storage media to permit
easy transfer of the sampling program between the ground station and the test aircraft. The
storage media is a pluggable E2ROM memory card that is unplugged from a pilot’s
control/display unit located in the ground station, carried to the aircraft, and plugged into
an identical unit which downloads and tests the sampling program in the airborne
multiplexer system. The control/display unit which provides this link between the ground
station and the on-board data acquisition system is packaged in a compact, avionics
control panel size case, which can be mounted in the cockpit for use as the pilot’s data
display during the flight. The requirments for the pilot display are to provide up to six
parameters of EU data in the cockpit updated twice a second. EU data for the flight test
engineer(s) in the cabin of the aircraft are the same as these provided in realtime at the
PCM ground station when the telemetry link is used.



Another key software requirement is to be able to semiautomatically generate sensor
calibration data for pressure, temperature or position sensors that must be calibrated after
they are installed in the aircraft. These data must then be able to be transferred either via
PCM tape or the telemetry link from the aircraft for entry into the ground station’s sensor
calibration file data base. The only operator interaction on the aircraft is to tell the system
what the calibration point is and when it should take the calibration data and process it for
entry into the files. At the ground station an operator looks at the data to ensure it’s
accuracy before permitting it to be entered into the calibration file data base. This same
procedure is to be used for the calibration of sensors in the test facility’s sensor calibration
laboratory. Data entry in to the ground station’s calibration file data base is achieved via
operator interaction with a CRT terminal at the ground station or in the sensor calibration
laboratory. The calibration file data base is designed to permit rerunning of any flight test
PCM data tape with the proper calibration data for up to 5 years after the test. The data
base is to be maintained by aircraft serial number, flight number and date of the flight. This
will permit the proper calibration data is used for each sensor, irrespective of the number
of different recalibrations that sensor has had during its useful lifetime.
 
To reduce data processing time, an important feature being automated is the setup of the
PCM decomm hardware for reading flight tapes. This includes selection of the appropriate
sensor calibration files and other support functions necessary to read and process test data
from any PCM tape irrespective of the data cycle characteristics recorded on that tape.
This function is presently accomplished by the operator reading the data cycle map
characteristics logged on a label attached to the tape reel and then manually entering the
hardware setup commands into the computer through the system terminal. Automating this
feature will save significant time and effort in the recreation of flights from a PCM data
tape. This will be especially important when different size data cycle maps are used on
different aircraft, or on subsequent tests of the same aircraft, so as to restrict PCM data
bandwidths to those necessary to achieving a given flight’s test objectives.

All of the classical requirements of a modern PCM ground station are also provided. These
include; dubbing copies of PCM flight tapes, conversion of PCM flight tapes to industry
standard computer compatible 9-track tapes, generation of backup PCM tapes on the
ground from the telemetry link, reading and digitizing of FM/FM data tapes, reading of
operator selectable time slices of PCM or FM/FM flight tapes, decommutation of data into
files by parameter number for use by the data reduction software, recording of EU data on
9-track tapes, hardcopy printouts of tabular or graphical EU data presentations and,
support of software development for future test programs.



AIRBORNE SYSTEM HARDWARE

Before describing the software functions in detail it is necessary to review the typical
hardware complements possible in the airborne system which the software must support.
The airborne system is composed of two subsystems; (1) the Data Acquisition and
Recording System [DARS] including the pilot’s data display and the telemetry transmitter
when used and, (2) the Computer/Display System [CDS]. The DARS is composed of the
PCM system and it’s signal conditioners, the IRIG time code generator the PCM tape
recorder, the pilot’s data display unit and the telemetry transmitter and antennae when
used. An optional element of the DARS is the crash recorder system and underwater
locator beacon used on critical test flights such as flutter tests or exploration of the
periphery of the safe flight envelope. The CDS is composed of a PCM decomm system
and a mini- computer system using the same man-machine interface hardware as is used in
the PCM ground station. A small aircraft DARS is shown in block diagram form on
Figure 1 while Figure 2 is a block diagram of a DARS with a larger channel capacity and
the CDS added.

Figure 1.  Typical Small Airborne Data Acquisition/Recording System



Figure 2.  Airborne DARS and CDS

The Computer Controlled Display Unit [CCDU] of the DARS is mounted in the cockpit to
give the test pilot up to six parameters of data displayed in alphanumeric EU format in
realtime during the flight. It is used during pre- and post-flight tests to download, test,
inspect and/or modify the PCM data cycle map stored in the Multiplexer [RMDU]. The
CCDUs pluggable Program Load Module [PLM] is programmed from another CCDU
connected to a serial RS422 port of the ground station computer. The PLM storage media
is non-volatile E2ROM. Once the airborne system is loaded and tested the PLM used for
system setup is removed and an applications PLM is installed. The applications PLM
contains the appropriate sensor cal data and the realtime application program to provide
the pilot’s presentation during the test flight. This PLM has a user definable mix of
E2ROM and RAM to augment the basic memory of the CCDU microcomputer.

The airborne CDS is a DEC VAX-11/730 computer system with the standard DEC
backplane and pluggable PC cards mounted into an aluminum chassis with cooling fans
and an airborne 115 Vac 400 Hz power supply. A Miltope ruggedized Winchester disk is
used so that DEC’s standard VMS operating system can be used. At the same time, the
11/730 CPU was selected as the on-board computer because its large memory addressing
capability permits it to use the same key peripherals in the aircraft that are used in the 



ground station. These include the color graphics terminal, the B & W A-N terminal and the
printer/plotter.

The program transfer media between the ground station computer and the CDS is a
ruggedized floppy disk, a portable disk or a cassette tape. The man-machine interface for
the CDS is composed of two CRT terminals; (1) DEC’s VS-11 color graphics CRT for the
realtime graphics display, and (2) DEC’s VT-100 or VT-125 B&W CRT for the tabular
data and bar graph displays. The airborne hardcopy device is a Miltope TP3000
printer/plotter.

The realtime data source for the airborne CDS is a standard Decomm Systems Inc [DSI]
bit synchronizer, frame synchronzier and 24 channel PCM word selector. All CDS
hardware is installed in shock mounted 19" rack cabinets. A mechanical installation
showing the ADARS and CDS configured for installation in a Cessna Citation II is
presented in Figure 3 and Figure 4.

Because the same PCM decomm hardware and CRT terminals are used in the aircraft as
are used in the PCM ground station, the same software and operating procedures are used
in both systems for setup and dynamic control of the system. The full decomm system
permits the CDS to read PCM flight tapes when the aircraft is on the ground at a remote
airport. Time-tape search however in the airborne system must be limited to reading IRIG
time imbedded in the data stream as there is no tape search controller in the airborne
system. Also because there is no 9-track tape transport, it is not possible to make tape to
tape conversions in the aircraft. All other features of the PCM ground station realtime
software however are available to the test engineer in the aircraft.

PCM GROUND STATION HARDWARE

The PCM ground station is a DEC VAX-based PDP-11/780 or a 11/750 32-bit computer
system using the same PCM decomm and man-machine interface hardware used in the
airborne DCS. Figure 5 is a top level functional block diagram of an 11/750 based PCM
ground station. Different users of this ground station have minor differences in the number
of Unibuses and Massbuses and the sizes and quantities of disk and 9-track tape transports
connected to the computer. All systems, however, have the same hardware for the
decomm, sensor calibration (laboratory multiplexer) color graphics and bar graph/tabular
CRT displays so that the same software works on all systems.

A Datum time code generator/reader provides the IRIG time base for the ground station
and it is configured mechanically so the airborne TCG can be temporarily connected to it
for the jambing of time to synchronize the airborne TCG with the ground station. The
airborne TCG has a 24 hr battery to permit it to be carried to, and installed in the aircraft,



Figure 3.  CDS Configured for Installation in Cessna

without resynchronization. A Datum time/tape search controller and two CPU interfaces
complete the PCM tape search system which provides for time search from either IRIG
time imbedded in the PCM data stream, or from time recorded on a dedicated IRIG B time
track.

As depicted in Figure 6, a functional block diagram of the ground station pre-processor
system, a signal patch panel interconnects all preprocessing hardware such as the telemetry
receiver system, the PCM tape recorders, the crash recorder, the FM discriminators, the
multiplexer/ADC, the PCM decomm units and the strip chart recorder. All systems will be
delivered initially with provisions for FM/FM tape processing and two will have a L-Band 



Figure 4.  CDS Main Console Equipment Configuration

Figure 5.  PCM Ground Station Top Level Functional Block Diagram

telemetry link while the other two have provisions for future installation of the telemetry
link. Provisions are also being made for the future addition of a second PCM decomm
system that will double as a portable quick-look system for remote site tests and as a
second PCM link to perform tape-to-tape conversions of previous flight tapes while the
telemetry link and realtime software are supporting a live flight test.



Figure 6.  PCM Ground Station Preprocessor System



Other minor differences in CPU peripherals between systems are in the numbers of those
peripherals. One ground station has two VS-11 color graphics terminals and one Versatec
printer-plotter for all realtime hardcopy. Another has two Versatec printer/plotters and one
VS-11 graphics terminal. Each system has a different number of VT-100 or VT-125 B&W
CRT terminals which are used for various functions, from that of the computer’s system
terminal to realtime display of tabular EU data, bar graphs and alarms. One VT-100
terminal is dedicated to the man-machine interface for the facility sensor calibration
laboratory along with an airborne multiplexer.

The multiplexer for the sensor calibration laboratory can also double as the multiplexer to
sample and digitize the analog outputs of the discriminator system when FM/FM tapes are
used to process extremely wideband test data such as acoustic surveys. By using the
programmable airborne multiplexer in these ground applications the ground station has
more flexibility. Dedicated hardware is not required for functions that only occur
periodically such as sensor calibration and processing FM/FM tapes. The use of the
airborne multiplexer also provides a serial PCM data stream, in addition to the path
directly into the computer, so that during quick-look processing FM/FM tapes can be
converted to high density PCM tapes for more efficient data storage.

The airborne Computer Controlled Display Unit [CCDU] connected as a computer
peripheral provides the ground station with the facilities for programming, testing and
running of the multiplexer time-shared between the sensor calibration laboratory and FM
tape processing. It also serves as the hardware interface for program transfers between the
ground station and the airborne data acquisition and recording system. PCM tape header
programs, flight test sampling formats, on-board sensor calibration formats and CCDU
application programs are all developed in Fortran on the ground station computer and then
loaded via the CCDU’s microcomputer into the pluggable PLM which is transferred to the
aircraft.

By having an airborne multiplexer and CCDU in the ground station, the PCM tape headers
which permit automatic reading of PCM flight tapes can be recorded either on the airplane
using the airborne recorder or at the ground station using it’s multiplexer and PCM
recorder with the tape reel carried to the airborne recorder after the tape header is
recorded.

The ground station multiplexer and CCDU are not needed to support realtime processing
so they can serve as backup spare units for the airborne DARS. Conversely spare cards
and modules for support of the airborne system can also serve as spares for the ground
station units. This increases both air and ground availability figures for these units and
reduces the facility’s overall spares requirements.



As depicted in Figure 7, a block diagram of the PCM ground station computer system, it is
divided into two separate functions; (1) the test engineers control/display system and (2)
the computer system and its peripherals. The control/display system is composed primarily
of man-machine interface hardware such as the raw data strip chart recorder(s), the VS-11
color graphics terminal(s), the B&W tabular data display CRTs and the Versatec printer-
plotter(s). These units are located in a separate room adjacent to the computer system but
isolated from the noise and high ambient light levels required in a computer laboratory.
The test engineer’s consoles also contain the ground station intercomm system and
controls for the VHF/UHF voice links with the test aircraft (provided by the customers).
The test engineer’s room has provisions for controllable ambient light levels so as to
minimize operator eye strain.

The computer room is a conventional raised floor air conditioned area with high intensity
ambient light levels. It contains the VAX computer and its peripherals not located in the
test engineer’s room. These include the tape recorders (PCM and 9-track), the disks, the
system terminal, the time code hardware, the PCM decomm hardware, the discriminator
subsystem, the CCDU and multiplexer, the input signal patch panel and the telemetry
receiver subsystem. The single axis autotrack antenna system when added will be installed
on the roof of the buildings where the ground stations are located.

Serial cable links between the ground station and the remote multiplexer and CRT terminal
permit the sensor calibration laboratory to be located up to 400 ft from the computer room.
Optional fiber optical cable links could extend these remote hardware elements up to
several kilometers from the computer room should future facility requirements dictate such
a link. A floor plan of the computer and test engineers rooms are presented in Figure 8.

SENSOR CALIBRATION

Sensor calibration software provides a data base that is sorted by aircraft serial number,
flight number and flight date for a minimum period of five years. The calibration file data
base has three sources for it’s data; (1) the airborne multiplexer/thumbwheel switch
feeding the PCM tape or telemetry link for sensors calibrated in the aircraft, (2) the
calibration laboratory multiplexer/CRT for sensors calibrated in the laboratory and, (3) a
computer room CRT terminal input for lookup tables. Data kept for each sensor includes;
the sensor mnemonic, sensor class, sensor type, sensor serial number, log number, range,
calibration date, full scale voltages, EU conversion coefficients or lookup table.

Data from sensors calibrated in the aircraft are received from the airborne multiplexer
system via the telemetry link or from a PCM test tape generated in the aircraft. Each
calibration point requires the monitoring of four channels of data; (1) the sensor being
calibrated, (2) a manually set indicator identifying the channel of the sensor being 



Figure 7.  PCM Ground Station Computer System



Figure 8.  Computer and Test Engineers Rooms Floor Plan

calibrated, (3) a manually set indicator channel defining the physical value of that
calibration point, and (4) a discrete defining when the desired calibration point is achieved.
The data becomes valid when the discrete switch input is energized by an operator on the
aircraft (operator defines these channels) indicating the point of calibration has been
reached. The decomm software monitors the discrete as a limit exceedance.

The operator from a CRT terminal can cause automatic entry and display of the planned
and actual physical quantities of each calibration point. The transducer output versus the
input is obtained when the operator initiates the sampling, wild point discarding and



averaging of 100 data samples for each operator defined calibration point of a sensor being
manually calibrated. The raw data values and the averaged value to be stored in the sensor
calibration file are displayed first on a CRT for operator assessment. The operator makes a
selection of the calibration polynomial based on visual analysis of the tabular and hardcopy
plot of the sensor calibration data. The calibration files are kept by sensor type, serial
number and calibration date.

An example of an aileron position sensor calibrated in the aircraft showing position to
counts calibration is shown in Figure 9.

Figure 9.  Tabular/Plot Presentation of Position Sensor Degrees to Counts



Calibration data taken from sensors in the calibration laboratory is entered into the data
base in the same manner as that of aircraft sensors with it first displayed on a CRT
terminal so the operator can determine if it is acceptable. Data from the calibration
laboratory multiplexer uses the same wild point discard, 100 sample averaging algorithm
as is used for aircraft sensor calibration. The operator visually analyzes the calibration
data, selects the appropriate polynomial to be used for EU conversion (first through fifth
order) and enters the calibration data into the sensor data base.

If lookup tables are to be used for EU conversions of non-linear sensors such as some
types of thermocouples, the operator manually selects the table data and enters it through
the CRT as if all calibration points had been manually recorded. The calibration data can
be displayed in both tabular and graphic format and also provided in hard copy format as
depicted in Figure 10 a tabular/plot presentation of sensor calibration in physical quantity
of G’s to mv.

DATA CYCLE DEFINITION

The starting point for both data acquisition and realtime data processing is the data cycle
map which defines the sampling sequence of each parameter in the test aircraft. The run
time reference for all sensors is the parameter number and name such as; rudder position,
no. 1 EGT, no. 2 Fuel Flow, etc. Each parameter in a data cycle map is defined by the
following:

- Parameter Number
- Parameter Name
- Parameter Description
- Sensor Mnemonic
- EU Conversion Coefficients (analog only)
- Upper Limit in EU
- Lower Limit in EU
- EU Measurand (PSI, degrees C, etc)
- PCM Word Identifiers (MF wrd/SF)
- Data Bandwidth

Sensors requiring more than one PCM word such as N1/N2 rpm, total fuel consumed, INS
computer words, MIL-STD-1553B avionics bus words, etc. have more than one PCM
word identifier. The parameter name is used to define parameters destined for realtime
processing and display.



Figure 10.  Tabular/Plot Presentation of Sensor Calibration Data (G’s to millivolts)

The PCM word definition table is used to define the physical characteristics of data in
each time slot (PCM word identifier) in the data cycle map. Each entry in the PCM word
definition table contains the following information:

- PCM Word Identifier
- Sampling Rate
- RMDU Number
- RMDU Card Slot
- RMDU Card Channel
- Presample Filter Gain (if applicable)



- Presample Filter Cutoff Frequency (if applicable)
- R-Cal (if applicable)
- GPA Gain (analog)
- GPA Offset (analog)
- Valid Bit Positions
- Associated Parameters

The identifier for a PCM word of discrete data has all parameters in the word identified by
bit position. The relationship between parameter name and PCM word identifier is thus
classed as; one to many, one to one or many to one.

The format generation program for the airborne multiplexer takes the data from the PCM
word definition table and converts it to the 16 bit words representing each RMDU time
slot address in the PCM data cycle map and downloads it to the CCDU for storage in the
PLM and subsequent transfer to the airborne data system. Both tabular listings and plots
may be made of each time slot in a data cycle map. The data sequence listing contains all
the data of the PCM word definition table with the addition of:

- Mainframe Word Number
- Subframe Number
- Sensor Class
- Sensor Type
- Sensor Serial Number(s)
- Sensor Calibration Date
- Lookahead (MF or SF next)

A short form tabular listing for testing of the airborne system may be printed out containing
only; associated parameter numbers, PCM word identifiers, associated parameter names,
RMDU/card/channel. The graphical plot of the data cycle map contains only the parameter
number in each time slot.

REALTIME PROCESSING

For realtime processing the operator may select up to 24 PCM data words from the
complete data cycle for strip chart (raw data) recording and/or for DMA transfer via ping-
pong buffer files in the CPU memory for EU conversion and display. Each file to be
limited to from one to n data cycles of the 24 words is operator selectable. The functions
that are associated with the control and management of the data link that transfers these 24
words of continuous data, or n number of complete frames of the telemetered or playback
data to computer memory is performed by a collection of software services referred to as 



the Data Acquisition software. Specifically, it consists of three basic services. These are
the Decom Manager, Buffer Manager and the Device Driver.

 The Decom Manager controls the mode of operation of the bit synchronizer/
decommutator equipment. It supports three modes of operation; single scan, multiple scan
and continuous modes.

The Buffer Manager service is responsible for the setup and control of the data flow to the
CPU memory. In the course of this process the Buffer Manager controls the allocation of
dual buffer areas utilized in a ping-pong fashion 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.

Raw Data Strip Chart Recording

Up to sixteen analog channels of the 24 PCM words selected for realtime processing
(depending on the recorder configuration) may be applied to the DACs of the PCM word
selector unit for raw data strip chart recording. Any of the five selectable slow-codes from
the time code generator can be applied to the strip chart recorder to provide a hardcopy
time base. The DACs can be calibrated under software control.

Alarm (Limit Exceedance) Tests

The operator may select up to ten of the analog or discrete parameters processed in the
realtime group of 24 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 offline test configuration procedure. When an input value is
found to be outside the range defined by the upper and lower limits, the content of the
exceedance counter is incremented and tested. If the counter exceeds its operator set limit,
an alarm condition message is dispatched to the operator. 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.

Any limit exceedance is 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 the IRIG time when the exceedance occurs. The alarm will flash in red on the VS-11
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.

Graphics EU Displays

The realtime graphics software will permit the operator 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. Vertical scale physical limits will be scaled to the number of
stacked curves simultaneously presented on the screen,e.i., 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.

For overlaid curves, the vertical scale(s) will use all the available screen space reserved for
plotting with the abscissas 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; i.e., if full scale for the parameter “Altitude” is sea level to 50,000
ft and cruise data is taken for some time at a cruise altitude of 30,000 ft, the altitude scale
factor could be selected to show 25,000 ft as the bottom altitude with 35,000 ft as the top
altitude mark. If the data goes off scale the scale factor would automatically be doubled
until the full scale limits of that channel were reached (assuming the curve went off scale
more than once in the same direction) or the operator manually selected another upper and
lower limit for the abscissa values.

An overhead space is reserved at the bottom of the screen for display of test unique data
such as aircraft number, flight number, pilot, date of flight, 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 presentation is shown in Figure 11. 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
the time base for the curve(s).



Figure 11.  Time History Display of 6 Stacked EU Curves

The plotting software will use 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. Up to six different events of the 10 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 IRIG flight time with predefined IRIG time(s). When a time mark is
automatically displayed (or manually selected by operator) it causes a dump to the printer
in tabular EU form of all 24 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.

Another method of generating a vertical time mark line is by joystick positioning of the
cursor to an operator selected location on the time base followed by the keystroke
activation of the line.

Whenever a vertical time mark line is drawn on the CRT the IRIG time of the line in
hrs: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: A landing gear “sqwat” switch might trigger the time
line. At the bottom of the presentation would be the time the switch was actuated; at the
top it would display “touchdown” as shown in Figure 12.

Horizontal scale factors for the graphics display may be operator selectable with values of
1 sec, 10 sec, 30 sec, 1 min and 3 min on the horizontal time base. When cross-plots 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.

Tabular and Bar Chart EU Display

In addition to the realtime display of graphics data and alarm limit exceedance tests, up to
10 channels of the 24 PCM words processed in realtime may be displayed in tabular form
as a horizontal tabular display on one of the VT100 or VT125 black and white CRT
terminals. The RH side of the horizontal tabular display is reserved for operator entered
remarks when the CRT is frozen for transfer of the data to hardcopy. In addition to the
horizontal tabular display up to six parameters may be simultaneously displayed in EU on
a vertical display format.

Tabular EU data displays can be updated 2 times per second in realtime or up to 10 times
per second in non-realtime (offline at reduced tape speed or online from a time snapshot
displayed in non-realtime).

In addition to either vertical or horizontal tabular displays a 10 channel horizontal bar
graph display may be presented on one of the B & W CRT terminals. The bar chart
presentation may be either raw data or EU scaled 0 to 100% F.S.



Figure 12.  Stacked/Overlaid Plot with Discrete Triggered Vertical Time Line

The intervals for presentation of tabular data are operator selectable from 0.1 sec
(10 times/sec for non-realtime) upward. The longer time intervals will be 0.5 sec, 1.0 sec,
10 sec, 1 min and 3 min.

Graphics/Tabular Display Hardcopy

It is possible for the operator to freeze the graphics or tabular displays at any time via a
keystroke. When the picture is frozen, the operator with a second keystroke can request a
hard copy of the graphics presentation to be plotted on the Versatec or the color printer/
plotter. The tabular presentations may be hardcopied on either the Versatec or the system
line printer.



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 the 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 hardcopy 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 re-acquired after 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.

It is possible to request 8 1/2" x 11" or 11" x 14" hardcopy of graphics presentations.
Hardcopy size is operator selectable.

Plotted data points can be composed of more than one PCM word as is the case for INS
data (24 bits), 1553B data (16 bits) and PTM data (20 bits). The number of PCM words
per data word (when more than one per parameter) proportionally reduces the number of
channels subjected to realtime processing except in the case of discrete data where 12
channels are packed in one PCM word. In order to process more than 24 PCM words a
second 24 channel PCM word selector must be added to the systems hardware
complement.

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. Nine-track tape recording of plot data is
made via operator command to start and stop the recording. EU tabular data presentations
can also under operator command, be recorded on 9-track tapes.

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.
An example of the tabular hardcopy printout of EU data presentations on the VT100/125 is
presented in Figure 13. In addition to vertical and horizontal tabular hardcopy, within the
bandwidth limitation of the Versatec, up to 6 channels can be plotted continuously in
realtime but presented as sequential 8 1/2" x 11" completed graphs on fan-fold paper. In
this manner continuous strip chart EU recordings are made but in a continous page by page
format for convenient filing in notebooks.



Figure 13.  Time Correlated Tabular Display of Five Parameters in EU

PCM Decommutator Health Test

The realtime software reports to the operator the occurrences of a fault in the PCM
decommutator and the IRIG time of the fault. The PCM decommutator hardware generates
a health test word that is stored in a register in the CPU Interface Module. When a fault
which would result in the loss of good data occurs in any decommutator channel, an
interrupt is generated. A flashing alarm message is displayed on the CRT when this
interrupt occurs to notify the operator of a loss of synchronized data from the PCM
decommutator system. The alarm message and the IRIG time is also logged on the printer.



OFFLINE PROCESSING

Test Setup Support

Software to setup and control the configuration of the FTDAS hardware and to process
realtime data from the telemetry link and/or the PCM tapes is accomplished via an
interactive fill-in-the-blanks menu selection process from the system CRT terminal. Front
end hardware controlled via the setup and control software includes; the bit synchronizer,
the frame synchronizer, the 24 channel word selector, the PCM tape recorders, the
time/tape search unit, the time code generator/translator, the CCDU and the Cal lab
RMDU.

PCM Tape Search

Time slices of data from a PCM tape are selectable for processing under software control.
The start/stop times of the portions of PCM tape to be read can be selected from either,
IRIG time, Discrete event or, a Limit exceedance. An IRIG time may be specified as the
start time of data processing with the operations continuing until stopped by an operator
command or another IRIG time. Discretes imbedded in the PCM stream may also define
the interval for data transfer. A specific discrete event may be designated as the start of
recording and a second specific discrete event may be designated as the stop of recording.
Finally, limit exceedance may be used to select the portion of data to be transferred in one
of two ways. The limit exceedance of one parameter may start the transfer and the limit
exceedance of another parameter may stop the transfer. The parameter selected to stop the
transfer is not limit checked until the start of the transfer has begun. The transfer period
may also be defined as occurring while the limit exceedance condition exists for a single
parameter.

PCM Tape Header Generation

Software is provided to generate a PCM tape header which permits any PCM flight tape,
regardless of the data cycle map configuration, to be automatically read by the ground
station. The PCM tape header is a pre-recorded constant format data cycle which contains
the test system’s data cycle map and the associated sensor data, parameter data and PCM
word description data for that particular test flight. Specific flight information such as
aircraft serial number, flight number and the date of the flight are also included in the
header along with documentary data such as PCM code, PCM word rate, parity, word
length and recorder speed needed to setup the ground station hardware to read the flight
data tape.



A tape header is downloaded to the RMDU so the RMDU system and the PCM tape
recorder can run for a few seconds with the header information PCM format being
recorded on the tape. The on-board recorder footage indicator is used to ensure an
adequate blank tape gap is achieved between the system setup header and the start of the
flight’s PCM data when the tape reel is mounted on the airborne recorder.

UTILITIES

Offline software tasks which perform the physical movement of all telemetry data between
physical storage devices, include: the copying of PCM tapes to 9-track tapes, conversion
of FM/FM tapes to PCM tapes and decommutated disk files, as well as the EU conversion
and transfer of the raw data contained in the disk files to 9-track tape.

PCM to 9-Track Tape Copy

The PCM tape to 9-track tape copy task reads a PCM tape or time slice sections of the
tape and transfers the raw data in multiplexed format to a 9-track tape. The header of the
9-track tape contains the data cycle map, the channel data and the sensor data associated
with the raw data.

PCM Tape to Disk

The PCM tape to disk task reads the operator selected time slice of a PCM tape. The raw
data is decommutated and written to the disk in DEC’s Files-11 format with one file for
each PCM word identifier. The tape interval to be transferred may be defined by any of the
time/tape search methods.

FM/FM to PCM or 9-Track Tape

Software is provided to allow for the future addition of reading and digitizing FM/FM
tapes and storing the raw data on PCM or 9-track tapes when defined and requested by the
operator. This function includes the setup and calibration of the discriminator subsystem
and the setup and operation of the RMDU which digitizes the analog outputs from the
discriminators and inserts them into a PCM data stream.

Disk to 9-Track Tape

The decommutated raw PCM data residing on the disk in DEC’s Files-11 format can be
converted to engineering units and written to 9-track tape. The converted data is operator
specified by PCM word identifiers and start/stop times.



PCM Tape Copying

Two ground station customers are in a consortium building and testing the same aircraft
but with each one conducting different tests. Thus provisions are made to copy PCM tapes
for test data interchange.

CONCLUSION

By linking the data reduction software to the generation of PCM sampling maps for the
airborne system it is ensured that the realtime data processing should be error-free as far as
parameter identification. By configuring the airborne computer system with the same PCM
decomm and man-machine interface hardware as are used on the ground station, a subset
of the ground station software can be used for realtime processing in the aircraft so that the
same test engineer can operate either system using the same procedures. The use of fixed
format PCM tape headers will speedup the reading of PCM tapes in the recreation of a test
flight offline at the ground station. Software for semi-automatic calibration of sensors in
the aircraft, and the use of an airborne multiplexer is the sensor calibration laboratory with
this same software for laboratory calibration of sensors, should speedup the creation and
maintenance of sensor calibration files. Finally, the availability of realtime EU data to the
test engineer (or pilot) in the aircraft and/or at the ground station will shorten the
certification period of new aircraft.
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ABSTRACT

The Physical Science Laboratory (PSL) has developed processes for digitizing high-speed
analog data using state-of-the-art equipment and software techniques. The Laboratory has
resolved the problems encountered by integrating off-the-shelf equipment, PSL-designed
interface units, and system application software to meet the specific needs of individual
data collection and reduction systems.

INTRODUCTION

Raw data comes from many different sources and may be encoded in many different
manners. These methods are exercised to achieve better data quality over the transmission
medium. The goal is to gather the information contained in the data stream and shape it
into an understandable quantity. Data streams are ever increasing in speed and must be
dealt with effectively. As more information is processed, the work is doubled and
redoubled. To improve the quality of processed data, a way must be found to better access
this information, to reduce the operator intervention, and to increase the system’s effective
throughput. It is to this end that the pursuit and effort to attain a viable solution is mounted
against the obstacles of data acquisition.

If high-speed data is to be digitized successfully, time must be carefully accounted for in
the data storage and retrieval process. System components must be chosen carefully to
assure their functional ability and achieve an effective cost for the data collection system.
To effect these benefits, a means must be found to include the definition of time with the
data when it is stored. This inclusion of time may be accomplished by incorporating time
into the data frame itself while the data is being collected. To incorporate the time into the
data frame requires the introduction of the real time at event and storage of the time
element within the data records. Time is stored in the same format as the data but is still
distinguishable from the data structure.



This method of time-merging allows the data to be retrieved at a later date with little
manipulation of equipment except for the computer system that the operator uses to
retrieve the data. Time correlation is present and available to any system that is capable of
reading the data and producing results for analysis, thus locking time and data together for
reduced effort in storage, retrieval , and reduction of data.

SYSTEM COMPONENTS

An effective method exists to digitize analog signals derived from frequency-modulated
data and store it on a computer disk system. The method uses many readily available, off-
the-shelf system components. The solution includes a system interface unit that
coordinates the subsystem components into an integrated package. The subsystem
components include:

• A Time Code Generator/Translator that produces a digital time output from a serial
IRIG time input;

• An Analog-to-Digital Converter that digitizes the raw data;
• A host computer with DMA interface components to execute the applications and

set-up software;
• A digital disk system for storage of the data; and
• A System Interface Unit that interfaces the subsystem components.

The System Interface Unit provides for protocol translation of the input/output signals
from all subsystem devices into a common language for system operation. The system is
managed by a software system that coordinates the components during system set-up and
operation. (Refer to Figure 1)

The operational speed of the system components must be examined when digitization rates
are being determined. Overall throughput will depend on each operational component in
the system and will consist of contributions from all system elements. The digitization rate
may be mandated by the frequency of the data and the level of data quality required.
Performance criteria must be established and each system component evaluated to
determine its adherence to the specified limits. (Refer to the “Nomenclature” section for
definitions of the terms used in this paper.)

Time Code Generator/Translator

The Time Code Generator/Translator provides a digital time source for the system, but
requires no special input or output buffers to interface, store, or format the time words. All
that is required is a parallel time output port with resolution to the degree required for
system timing accuracy. Such timing accuracy as milliseconds may be derived from 



Figure 1  Analog Data Digitization System

IRIG-B and is satisfactory for many systems. If more precise time correlation is required,
IRIG-A can provide time increments of 100 microseconds. Time formatting and buffering
is accomplished by the System Interface Unit, which provides protocol formatting to
correspond with the DMA computer interface requirements.

The only cables required for the time system are for IRIG serial time input and digital
parallel time output. Additional features of the time code unit may be employed if the unit
is so equipped and if the features are required for system operation.



Analog-to-Digital Convertor

The Analog-to-Digital Converter (A/D) can be a single-channel or multi-channel unit that
operates over a broad range of digitization rates. The internal configuration may include a
single sample-and-hold unit or it may be equipped with several sample-and-hold units to
support simultaneous data sampling for several channels.

To achieve data quality, the A/D must operate at higher rates than the data frequency being
sampled. The rate must be at least two times the data frequency, as specified by the
sampling theorem, and often up to five times the base data frequency or more to prevent
signal aliasing. For example, a 50 KHz signal sampled at a multiple of five times its base
frequency would require the digitizer to operate at a frequency of 250 KHz. The
conversion time, the inverse of the 250 KHz digitization rate, would be four microseconds.

The aperture time required to digitize the raw data signal must be evaluated and compared
against the period of the input signal. If the aperture time is a significant portion of the
signal period, the digitization process will not accurately represent the input quantity. The
aperture time should be short enough to prevent the input signal from changing more than
the quantum value at the signal’s fastest slew rate. A formula for determining the aperture
time required for a given sine wave frequency is presented in the “Nomenclature” section
of this paper. The formula will aid the system designer in evaluating the system A/D
converter to determine if it will meet the minimum aperture time requirements.

During the conversion process the A/D must accomplish many tasks, including:

• Receipt of the conversion request signal that starts the digitization process of the
converter by switching its multiplexers to the designated channel;

• Acquisition of the input signal by the sample-and-hold;
• Digitization of the analog data by the A/D converter;
• Buffering of the output conversion word; and
• Issuance of the “conversion complete” flag to the system.

The A/D converter requires an interface that provides conversion-start and end-of-
conversion handshake signals, channel designation, and parallel data output lines. Two of
the most common output codes are offset binary and two’s complement; the code types are
compatible with computer system programs. Performance specifications must be
considered for the A/D and its components with respect to the other system elements to
determine the actual digitization rate that may be realized at the system level.



Computer

The host computer communicates with the system through a DMA interface that
communicates with other system components under handshake control. A transfer request
signal is sent and acknowledged each time a data word is transferred. The handshake
sequence is repeated for each data word. Data is formatted and transferred as 16-bit
words. The computer DMA interface provides for set-up functions that aid the operator in
automating the pre-mission equipment settings. This portion of the DMA interface outputs
digital information in a 16-bit format to the devices connected to its output bus. This
information is composed in word format with the address of the device composing one
byte and the set-up information composing the other. Communications between the DMA
interface and the System Interface Unit follow these parameters.

Operational parameters must be considered for the host computer and its DMA interface to
determine the aggregate throughput rate possible for the computer subsystem. The
operational speed of the computer bus and the transfer rate of the DMA interface are of
prime consideration. The computer bus must support the data transferred from the System
Interface Unit to the computer memory in frame buffers, then transfer the data from
memory to the disk drive in blocks for storage. It handles each digitized data word twice
and, in effect, reduces the aggregate rate to one half of that specified. If the computer bus
and the DMA interface cannot support the rate of operation required, the process will not
be successful.

System Interface Unit

The System Interface Unit performs many tasks that allow the system components to
interface properly. Among these tasks is the buffering and translation of time from the
Time Code Generator/Translator. The time value is input buffered, stabilized, translated,
coordinated into the data stream, and output buffered to the computer DMA interface.

The System Interface Unit also acts as the coordinator for the Analog-to-Digital Converter
by specifying the A/D’s mode of operation, the digitization rate, and the channels to be
digitized; and by buffering the A/D output data values. Input data from the A/D is buffered
in FIFO memory to achieve steady and continuous buffering that will not impede the
conversion time base. The System Interface Unit further controls the number of words in
the frame and the insertion of digitized data and time words in their proper sequence. The
coordination of the data and time words into a cognizant stream is performed under
specification of the operator through the host computer and its DMA set-up interface. This
is performed under the control of set-up files for increased speed of operation. The System
Interface Unit permits the integration of standard, off-the-shelf components into a
functioning data conversion system.



Software

Software programs allow an orderly set-up of the data collection equipment, thus saving
the time and effort usually spent in preparing the equipment for operation through standard
formats that are repeated on a regular basis. The set-up program routes data through the
system by specifying channel, digitization rate, and frame size to the System Interface
Unit. This is accomplished through a data base file that is maintained for this purpose.
Output from the file is sent to the computer DMA interface for distribution to the System
Interface Unit.

The software driver maintains the efficient operation of the digitization process by
controlling the computer and its DMA interface. System parameters, such as the rate of
digitization, channel selection, and frame size, are responsive to the computer DMA
interface. Data frames are sized to obtain the highest data throughput for the individual test
circumstances. Frames are organized into efficiently sized blocks within the computer
memory to enhance the speed of transfer to the disk drive.

CONCLUSION

DEM product specifications can be used to evaluate system components to determine their
suitability for integration into the data digitization process. The equipment parameters may
be used to satisfy the commonly asked questions concerning speed, accuracy, resolution,
expansion, comparability, and system costs. Many of the system components are available
“off-the-shelf” and may be readily procured and implemented. Each device must be
evaluated for suitability and interaction with the other system units before the total system
can be analyzed for adequate performance to meet the digitization and throughput
specifications required. Analog data may be effectively digitized while retaining the time
element of the data within the data structure. The method has been tried and has been
proven to meet the design criteria imposed in differing test environments and
circumstances.
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NOMENCLATURE

Several commonly used terms are explained in the following definitions.

Absolute Accuracy - The worst-case input-to-output error of a data converter,
referred to the NBS standard volt.

Acquisition Time - For a sample-and-hold, the time required, after the sample
command is given, for the hold capacity to charge to a
full-scale voltage change and then remain within a
specified error band around final value.

Analog Multiplexer - An array of switches with a common output connection
for selecting one of a number of analog inputs. The output
signal follows the selected input signal within a small
error.

Aperture Delay Time - In a sample-and-hold, the time elapsed from the hold
command to the actual opening of the sampling switch.

Aperture Time - The time window, or time uncertainty, in making a
measurement. For an A/D converter it is the conversion
time; for a sample-and-hold it is the signal averaging time
during the sample-to-hold transition. The aperture time
required for a sine wave signal is related by:

where n equals the number of A/D bits.

Aperture Uncertainty Time - In a sample-and-hold, the time variation, or time jitter, in
the opening of the sampling switch; also, the variation in
aperture delay time from sample to sample.

Conversion Time - The time required for an A/D converter to complete a
single conversion to specified resolution and linearity for a
full-scale analog input change.

Conversion Rate - The number of repetitive A/D conversions per second for
a full-scale change to specified resolution and linearity.



Data Acquisition System - A system consisting of analog multiplexers, sample-and-
hold, A/D converters, and circuits needed to process one
or more analog signals and convert them into digital
signals for use by a computer.

E.O.C. - End Of Conversion.

Error Budget - A systematic listing of errors in a circuit of a system to
determine worst-case total or statistical error.

Full-Scale Range - The difference between maximum and minimum analog
values for an A/D converter input.

Offset Binary - Natural binary code in which the code word 000...000 is
displaced by one-half analog full scale to represent - F.S.
The code 100...000 represents analog zero and 111...111
represents +F.S.

Quantitizing Error - The inherent uncertainty in digitizing an analog value due
to the finite resolution of the conversion process. The
quantitized value is uncertain by up to ± Q/2, where Q is
the quantum size. This error can be reduced only by
increasing the resolution of the converter.

Quantum -                                  Full Scale Range
    A/D (2 )n

where n represents the number of A/D bits.

Resolution - The smallest change that can be distinguished by an A/D
Converter or produced by a D/A Converter. Resolution
may be stated in percentage of full-scale, but it is
commonly expressed as the number of bits (n) where the
converter has 2n possible states.

Sample-and-Hold - A circuit that accurately acquires and stores an analog
voltage on a capacitor for a specific period of time.



Sampling Theorem - A theorem due to Nyquist that says if a continuous
bandwidth limited signal contains no frequency
components higher than fc, then the original signal can be
recovered without distortion if it is sampled at a rate of at
least 2 fc samples per second.

Start-Convert - The input pulse to an A/D converter that initiates
conversion.

Throughput Rate - The maximum repetitive rate at which a data conversion
system can operate to give specified output accuracy. It is
determined by adding the various times required for
multiplexer settling, sample-and-hold acquisition, and A/D
conversion, and then taking the inverse of the total time.

Two’s Complement - A bipolar binary code in which positive and negative
codes of the same magnitude sum to all zeros plus a carry.
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INTRODUCTION

Telemetry for aircraft and missiles has been in use by the military and its suppliers since
the 1950’s, using a variety of frequencies and formats. The relative availability and
versatility of digital electronics obviates use of pulse-code modulation (PCM) schemes,
rather than analog-based formats used more commonly in the past. The digital-input
transmitter described accepts binary format directly from a TTL source and has
applicability in both standard telemetry and encrypted systems.

TELEMETRY MODULATION SYSTEMS

Airborne telemetry has been used since the 1950’s when the transmitters used frequencies
between 215 and 265 MHz and sometimes lower were used. Multiplexing was at that time
done by mechanical switches and tube-type voltage-controlled oscillators (VCO’s). In
1967, most airborne telemetry activity was relocated to the UHF bands of 1435-1535 and
2200-2300 MHz. Along with the increase in frequncy, telemetry channel bandwidths were
increased, with normal spacings of one MHz versus the 300 KHz or so available with VHF
assignments. Electronic commutators replaced the mechanical devices of the past, and
segment rates attainable with electronic commutators allowed use of the commutator
directly on the transmitter baseband rather than on one of the VCO channels where
commutators looked only at slowly-varying signals (i.e., filament voltage, etc.) To allow
direct baseband modulation of the transmitter with a commutator, the transmitter and
receiver were required to have true DC response, and linearity of the modulator and
demodulator directly affected the accuracy obtainable. Linearity of the transmitter was less
of an issue on FM subcarrier systems, for example, because IRIG specifications for
subcarrier frequencies were such that resulting intermodulation products fell in
unimportant spectral locations. As a consequence, modulator characteristics were more
tightly specified for direct baseband systems. Many Navy systems designed between 1967
and the present used an analog commutator exclusively (with a segment rate between



15 KHz and 250 KHz), or used the commutator on the baseband with one or two
subcarriers for the extremely wideband signals that result from the fuze receiver, seeker
video, or certain transducers. Digital signals in such a scheme are accomodated either by
treating them as analog signals for transmission (i.e., each binary bit gets a single segment
of an analog commutation scheme), or a serial digital stream is placed on an FM
subcarrier.

Use of digital pulse-code modulation instead of the analog time-sampled pulse-amplitude
modulatiopn (PAM) produced by an analog commutator has advantages in noise
performance in instances where the telemetry link is performing near the threshold of
noise--which can occur if the receiving antennas are not as sensitive as might be required
for the mission. As data capacity and accuracy requirements increase due to testing of
more sophisticated weapons, the problem is further exacerbated. A digitized version of a
PAM signal takes a wider bandwidth to transmit and receive, but operates better at lower
signal levels than the more compact analog form. Moreover, the received signal is more
robust, capable thus of being recorded and re-recorded without significant degradation. If a
PCM binary signal is fed to a transmitter characterized for use with PAM and FM
subcarriers as well, the transmitter is somewhat overspecified for the actual use.

When a transmitter’s modulation input is optimized for flat sinusoldal frequency response,
its performance with pulse-like signals is still random unless square-wave responses are
also specified. The output of a PAM commutator is offset to provide symmetrical deviation
of the transmitter and filtered somewhat to round off the leading edges of the pulses; a
PCM signal is handled similarly but also needs voltage buffering, since digital systems
don’t always provide the same output voltages for ONE and ZERO under all conditions.

The signal produced by a PCM multiplexer is generally a signal resulting from some logic
family, typically transistor-transistor logic (TTL). An intermediate box called a
premodulation filter is used to stabilize the two voltges that represent the two logic levels,
offset those voltages for symmetrical deviation of the transmitter carrier, and filter the
rough edges, glitches, and ringing from the signal. In a typical system, the premodulation
filter functions are provided within the multiplexer, and the transmitter modulaton input
characterized for analog inputs, which is what the buffered, offset, and filtered binary
signal basically is.

DATA ENCRYPTION REQUIREMENTS

A telemetry signal, whatever format may be used, is fairly easily read by anyone who can
intercept it. Since most telemetry signals are transmitted by omnidirectional antennas to
allow pickup at the receiving station(s) no matter what the test item’s position, this
omnidirectionality likewise allows reception by receivers other than the ones intended, be



it from portable receivers outside the range fences, fishing boats in the open seas, or
satellites. Even without channel assignments and scale factors, such data can be quite
useful in determination of a system’s performance and the likely countermoves necessary
to avoid or decoy it. For these reasons, and admittedly because it is now more posible than
before, some telemetry systems employ a system which scrambles the binary PCM signal
into one which is sufficiently random in appearance that the signal is for all practical
purposes undecipherable. Under such conditions, the only data that is provided by the
telemetry signal is that it exists in the first place (“traffic flow”), and an indication of
where in space the test item is (if a tracking antenna or two are used). To eliminate these
last two factors, a recoverable recorder would have to be used on board the test item
instead of a transmitter, which isn’t always possible and prevents any analysis of “real
time” data.

Telemetry data encryptors presently supplied operate on the signal produced by the PCM
multiplexer prior to premodulation filtering, while still in TTL voltage form. Consequently,
the data encryptor must be inserted between the multplexer and the premodulation filter. If
the premodulation filter were part of the multiplexer in such circumstances, the encrypted
data would have to be retrurned to the multiplexer for preparation for the transmitter, thus
physically mixing the regimes of the unencrypted sensitive data (“RED”) and the
encrypted and thus transmittable (“BLACK”) data streams.

When an encryptor is used in a system, the possibility exists that the RED signal can in
some way contaminate the BLACK signal. Since the whole intent of encryption of the data
stream to produce the BLACK signal is to allow the BLACK signal to be radiated, it must
be free of any such contamination. Such contamination is part of the phenomena known as
TEMPEST, a name which has no particular meaning except by definition. Analog
transmitter specifications do no normally treat TEMPEST considerations, so performance
of such transmitters in such service is random. A TEMPEST-hardened transmitter can be
produced to spcification MIL-T-85138(AS), but transmitters so far produced to this
specifiction are at roughly double the cost of “standard” transmitters, and stil require an
outboard premodulation filter. Present TEMPEST-hardened digital-input transmittes are
preiced competitively with analog-input models built to the older specifications. The extra
parts costs are balanced by reduced testing made possible by the simpler type of input
signal. It is expected that the price of digital-input transmitters will decline further with
manufacturing experience and competition. Some TEMPEST problems might still exist
with cabling between an outboard premodulation filter and a TEMPEST-qualified
transmitter even if a differential input transmtter is used; such problems are eliminated
entirely with the digital-input transmitter.

The premodulation filter, if separate from the multiplexer, requires its own power supply.
For use with encrypted systems, a requirement for the premodulation filter to run on



BLACK power prohibits its use with the same power used for the multiplexer, but could
be common to the transmitter’s power source, since both filter and transmitter are BLACK
circuits. Having the transmitter and premodulation filter in separate boxes is not required,
however, so combining the functions to provide a transmitter which can be directy
modulated with a TTL signal should be considered.

MODULATION INTERFACE

Because a transmitter is specified for analog inputs which can involve FM subcarriers,
complex video signals, and PAM signals as well as preconditioned, scaled PCM signals,
the specifications that the transmitter is built to provide for somewhat more than is
required for the binary signal. Thus while transmitters qualified to AS-1990 or AS-1401
(typical Navy specifications for telemetry transmitters) will certainly perform properly, the
requirements for sine-wave performance, linearity, and frequency stability are tighter than
they need be--which translates into dollars spent that needn’t be, both to make transmitters
that meet those specifications, and for testing at the manufacturer and/or user’s facility to
verify that they do. A transmitter characterized for operation with a TTL input, for
example, doesn’t even have a center frequency, since it goes to one deviation limit with
one of the two binary levels and to the other limit with the other level. Thus the possibility
exists that a transmitter with a binary input will be no larger and possibly less costly than
an analog-input unit.

A digital transmitter could be constructed which presents a single unit load to a TTL
signal. Such a transmitter would produce a pair of frequencies symmetrial about a
theoretical center frequency, and would make a controlled glide between those two
frequencies when the status of the input changes above or below a threshold voltage. Since
the threshold voltage could be specified, compatibility with other logic families would also
be possible. Limiting the dicussion to a TTL interface with a threshold of 2.1 volts or so
would still allow use with 5-volt CMOS systems. Instead of a differential input sometimes
required for analog input systems, an opto-isolator could be used for complete ground
isolation and performance down to DC, with common-mode voltages up to several
kilovolts. While it’s true that optoisolators aren’t particularly linear in their transfer
function, that simply isn’t a problem with a digital signal.

TRANSMITTER CHARACTERISTICS

A digital transmitter could theoretically consist of two oscillators, set at the upper and
lower deviation limits with the input directing which oscillator is to be presented to the
transmitter output. Such a system would provide very abrupt transitions between the levels
and would thus occupy significant spectral space. It has been shown in the literature that
filtering a non-return to zero (NRZ) data stream at about 0.7 times the bit rate and



deviating the transmitter at a rate of 0.35 to 0.40 times the bit rate is close to optimum for
bit-error performance and minimum spectrum occupancy. Hence transmitters specified to
Naval Air Systems Command specification MIL-T-85375(AS) requires specification only
of transmitter center frequency and bit rate. No lowpass filter rolloff characteristics are
specified. Units produced thus far produce acceptable results from a single-pole filter at
0.7 times the bit rate. More elaborate internal filtering could be provided in instances
where spectral occupancy problems require it. A transmitter purchased to that specification
can be used at data rates below and even slightly above that intended with not too much
degradation. Testing of such a transmitter involves verifying power output and spectral
purity, and the upper and lower deviation limits. These limits can be attained by opening
and shorting the transmitter input leads--no precision power supplies or generators are
required.

MIL-T-85375(AS) provides also for a few options, including transmitter output power and
size; also a lead can be provided for powering of an active optoisolator if such use is
contemplated. (Most high-speed optoisolators require operation from a 5-volt supply
which would be provided by the transmitter.) An on/off lead which can be used to turn the
transmitter on and off by grounding a separate terminal is also provided, which allows
turning the transmitter off when crypto key is being loaded. Transmitters to this
specification have been provided in various configurations by two manufacturers thus far:
Aydin-Vector and Microcom, in P-, L-, and S-band frequencies and various deviations.
Others will no doubt follow. It is our hope to obtain national service test range certification
based upon the specification rather than manufacturer’s number as a “generic” system
whose characteristics are fully described by the specification and ordering options.

ILLUSTRATIONS

A photo of the larger configuration of the transmitter per MIL-T-85375(AS) is shown in
Figure 1. A smaller version is available from at least two manufacturers in accordance with
an alternate figure in the specification. The smaller unit is of higher cost due to the
difficulty in packaging. Both configuations are mechanically interchangeable with typical
analog telemetry units from the same and other manufacturers, since de facto transmitter
sizes and mounting configurations exist in the industry. A typical eyeball pattern of a
transmitter operating as specified is shown in Figure 2; spectral output under these
conditions is shown in Figure 3.

CONCLUSIONS

The advantages of a digital-input transmitter include simplicity of hookup, somewhat lower
unit cost, lower overall system cost, efficient use of space, and--when an encryptor is
used--eliminating the need for at least one black box and hence reducing TEMPEST



problems. Since the transmitter has factory-fixed deviation and premodulation filtering, no
adjustments on these characteristics can be made in the field--which is generally
advantageous. It is expected that digital-input transmitters will find considerable use in
airborne telemetry systems in the future.





A PORTABLE JAMMING SYSTEM TO EVALUATE THE
PERFORMANCE OF L BAND RADIO SYSTEMS

IN AN EW ENVIRONMENT

DR. RICHARD D. POSNER, MICHAEL SCHIFF JAMES N. O’LEARY
3dbm SYSTEMS, INC. THE AEROSPACE COMPANY
WESTLAKE VILLAGE, CALIFORNIA EL SEGUNDO, CALIFORNIA

ABSTRACT

This paper describes a system which has been developed to simulate a number of potential
EW environments. The system consists of a net of portable jammers remotely controlled
from a single command and control center. Each portable jammer can be adapted for
ground or air utilization and each unit includes various types of noise sources, a power
amplifier and an integral transmit antenna.

The paper provides a detailed description of the jammer hardware. The antenna is a
specially developed conical horn back helix. An 80 Watt nominal solid state power
amplifier is described along with the control system which allows precisely controlling and
monitoring the RF Output power level. Circuitry to develop noise modulation is explained
as well as the AC/DC Power System which allows the jammer to be used with a variety of
Power Sources.

Control of the jammer via a centrally located RF transmitter addressing individual remote
receivers is discussed. Overall system performance in terms of Noise Power Spectral
Density, level variations and control of spectrum are described.

Finally, a description is given of the use of the portable jammer system to emulate possible
jamming environments which could be encountered in tactical GPS applications.

INTRODUCTION

This paper discusses the 3dbm Model 1002 Portable L Band Jammer. The system provides
a capability to simulate spot jamming at exact operating frequencies. In doing so, it
provides a cost effective way to test typical communications and/or receiver operations in
the presence of spot noise, barrage jamming, or set-on jammers. The mechanical
configuration of this system allows the jammers to be easily transported between sites and 



be quickly set up. The system is rugged enough to operate in an open environment under
direct sun and with normal wind loadings.

In a simulation of an EW environment, an effective technique to replicate a tactical
situation is to have a number of interference sources in a coordinated jamming network.
This is accomplished by having a number of jammers controlled from a central point and
carefully sequenced. To implement this kind of operation, remote control has been added
to the unit.

From these general situation requirements, the portable jammer described in this paper has
been configured, which allows for a realistic simulation in actual field use.

OVERALL SYSTEM DESCRIPTION

Figure 3.1-1 is a block diagram of the overall system. A portable transmitter is capable of
addressing each remotely located jammer and turning it on or off. Each portable jammer
contains an addressable receiver which controls the DC power to the RF driver stages of
the transmitter. Within the transmitter, an internal VCXO frequency source can be
modulated by an internal noise source, an external baseband signal, or operated CW. For
maximum flexibility, an internal VCXO based L band source or an externally supplied RF
input can be selected to drive the nominal 80 Watt amplifier.

External power adjustment and monitoring allow for precision control of the RF power
delivered to the antenna. Additional flexibility is available in selection of the system prime
power allowing AC or DC inputs.

Finally, the RF is radiated out through a manually steerable helicone antenna which has a
gain of 14.5 dbi with a 3db beam width of 35E.

Figure 3.1-2 shows the portable jammer. The jammer is contained within a cabinet 30"
high by 22" wide by 22" deep with the L Band Helicone antenna mounted on top. The
electronics are contained within drawers mounted in the cabinet.

Table 5.1.1 provides the overall system specifications.

ANTENNA

An optimal portable jammer has an antenna with controlled gain and beamwidth, low side
lobes and convenient positioning. For this application, EMP, Inc. developed a Helicone
antenna, a combination of a helical beam and a conical horn antenna as shown in
Figure 4.0.1.



The resulting combination has superior gain and sidelobe characteristics compared to a
simple helix of the same length while retaining the helix characteristic of a circularly
symmetric, circularly polarized beam. The sidelobes of this unique antenna are lower than
a conical horn excited by a circularly polarized waveguide at the throat or a conical horn
excited by a short helix at the throat.

The antenna used for the present application was designed to cover the L Band frequency
range of 1.2 to 1.6 GHz with a beamwidth of 35 degrees nominal and gain of 14.5 dbi
nominal for the 17-inch long antenna. Sidelobes are more than 30 db down from the peak
of the beam. Gain is 14.0 dbi minimum, beamwidth across the frequency range, varies
from 30E to 38E and the axial ratio from 0.9 db to 1.7 db. Figure 4.0-2 shows a typical
pattern.

TRANSMITTER SYSTEM OVERVIEW

The Model 1002 Transmitter is an all solid state chassis containing a solid state RF Power
Amplifier, a multifunction power conversion system, and an internal modulation source
which allows the unit to be operated entirely internally or from external modulation. In
addition, an external signal source can be used with the system.

Table 5.1.1 provides electrical specifications for the unit. The system has been designed to
provide spot jamming to exactly the IF bandwidth of the receiver being tested. Broader
bandwidths, while available, dilute the power spectral density.

The transmitter is contained within a 5 1/4" high transmitter drawer. Cooling of the system
is achieved by forced air and convection. The efficient switching power supply dissipates
heat by rear mounted cooling fins. Internal components are cooled via a fan mounted
directly on the front panel, which pulls the air through a dust filter. The air is conducted
over fins mounted directly on the final stage of the power amplifier. The air then passes
over the cooling fins of the high current series voltage regulators.

SYSTEM BLOCK DIAGRAM

Figure 5.2-1 is a block diagram of the system. The RF path consists of a VCXO which
drives a X16 Phase Lock Loop Multiplier to the L Band frequency. This RF signal passes
through a front panel mounted “U” section of cable which can be removed to allow an
external RF signal source to drive the output amplifier chain.

Modulation for the VCXO is developed by amplifying and filtering one of three front panel
switch selectable inputs. A front panel adjustment controls the deviation signal. An 



external modulation signal, internal Guassian noise, or a shorting position resulting in CW
operation of the source may be selected.

An L Band driver amplifier increases the 10 milliwatt nominal input drive up to 5 watts
nominal. External pulse modulation can be applied on the input stages of the drive amp at
rates up to 100 KHz. Because following amplification stages are Class C, the final on/off
ratio is in excess of 50 db.

The output power amplifier is a 2-stage design providing a minimum of 80 watts of RF
power which drives a protective isolator followed by power monitoring directional
couplers. RF output power is controlled by varying the collector voltage on the last stage
of amplification. RF output power is monitored by use of a thermoelectric power meter,
assuring an accurate measurement over a 25 db dynamic range.

Power for the system can be either AC or DC. A 115 VAC, 47-440 Hz Power Supply
allows driving the system from line or generator power. Alternatively, a back panel
terminal strip allows the user to directly patch for external DC power. Because the power
passes through a low pass filter with transient suppressor and is series regulated, the
system is able to directly accept aircraft power.

RF ASSEMBLY INTERNAL FREQUENCY GENERATOR

The transmitter has the capability of generating a CW signal or providing FM with an
internally or externally generated baseband. The internal baseband signal is generated by
amplifying the output of a true Guassian solid state noise source and passing it through low
pass filter. A front panel selector switch selects either this output, an external input, or zero
volts (corresponding to a CW signal) and passes it through a front panel mounted
potentiometer which regulates the deviation.

The internal frequency source consists of a VCXO followed by a X16 multiplier. This unit
is capable of generating 10 milliwatts of RF power with a center frequency stability of
±5 KHz and a deviation of up to ±100 KHz at a DC to 20KHz baseband rate.

RF POWER AMPLIFIERS

The RF Power amplification chain consists of a driver and a final amplifier. The driver
amplifier is a 3 stage design consisting of two cascaded Class A stages driving a Class C
output stage. The amplifier can be pulse modulated by controlling the bias on the first
Class A stage.



An external TTL input pulse drives the first stage via a front panel mounted pulse
modulation input jack.

Figure 5.3.2-1 is a photograph of the output stage. The input signal is split two ways to the
input of the two driver stages. The output of each driver stage then drives 2-way power
splatters to drive four output devices in parallel. The outputs are recombined to a single
output capable of RF output powers in excess of 80 watts.

The output power is varied by controlling the collector voltage on the 4 parallel output
stages. By varying this voltage from 3 to 22 volts, the RF output power varies from 1.5 to
80 watts. Protection of the RF output stage from load VSWR is assured by use of an
output isolator capable of withstanding output reflected power of 100 watts.

SYSTEM POWER

Figure 3.1-1 shows the power distribution circuits. The system has been designed to be
compatible with a variety of available power sources. AC power at line frequencies of 47
to 440 Hz can be accommodated by the efficient switching regulated power supply. By
removing rear panel jumpers, an external DC power source of nominal 23 to 32 volts, can
be inputed to the system. The output directly drives the system cooling fan as well as two
series regulators. One of the series regulators provides a constant 22 volts throughout the
system. The other series regulator is used to control the collector voltage on the output
transistors of the final amplifier. The regulator consists of a series regulator which is
controlled via a reference IC with an external control of the reference voltage. The series
regulator is a high power PNP transistor mounted on an individual heat sink to convect
away the high dissipation.

TRANSMITTER PERFORMANCE

Figure 5.5-1 shows the plotted spectrum of the jamming at deviations of ±50 MHz and
CW. This corresponds to the calculated RF power spectrum occuring with modulation by
use of a band limited baseband Guassian Noise signal. The spectrum is independent of the
RF output power level which varies from 1 to 80 watts.

REMOTE CONTROL

In order to facilitate remote operation of the portable jammer, a Communitronics Inc.
matched Transmitter-Encoder/Receiver-Decoder System has been incorporated. In this
system, the portable transmitter can be located up to 50 miles away. Any jammer within
line of sight can be addressed and the RF turned On or Off. The individual receivers can 



be set for individual or group addressing. Tables 6.1, 6.2 and 6.3 provide specifications on
the transmitter, receiver and antenna respectively.

OPERATIONAL DEPLOYMENT

The Navstar Global Positioning System (GPS) has utilized 3dbm equipment for jamming
tests conducted at Yuma Proving Ground and SOCAL Range at San Clemente, California.
Special requirements for remotely powered high temperature environments made 3dbm
off-the-shelf designs a cost effective solution to the Yuma testing special needs.

Testing to date has been highly successful with equipment being rapidly deployed to
remote areas. Radio control links are used to activate jammer performance provided
emulation of tactical type scenarios. Special emphasis placed by the program office on low
maintenance and survivability in the severe Yuma environment has been proven to be an
important factor in mission success rate. No equipment malfunctions have been recorded
to date, although temperature shutdown has occurred in extreme thermal conditions. It is
concluded that equipment operability and survivability are key factors in the execution of a
successful test and evaluation program.

TABLE 3.1.1 SYSTEM SPECIFICATIONS

Electrical Specifications

RF Output Center Frequency: 0.9 to 1.8 GHz
Bandwidth: 100 MHz Minimum
Peak Output Frequency Stability: ±10 PPM Maximum
EIRP 1500 Watts Minimum
RF Load VSWR: Infinite at any Phase Angle (Isolator

  Protected)
Harmonics: -50 dBc Maximum
EIRP Dynamic Range: 50-1500 Watts Minimum, Front Panel

  Screwdriver Adjust
RF Output Power On/Off Power Control: TTL 0 is ON

Pulse Modulation
Control: TTL “1” is ON
Rise/Fall Time: 1 Microsecond Maximum
On/Off Ratio: 50 dB Minimum

External Drive Input: 10 dBm ±2 dB
Drive Input VSWR: 1.3:1 Maximum



Modulation: FM
Peak Deviation: ±50 KHz, ±5 Volts
Baseband: DC-20,000 Hz
Baseband Load Impedance: 10K Unbalanced
Baseband Source (Switch Selectable): Internal Guassian Noise, CW, External
RF Output VSWR: 1.3:1 Maximum
AC Input: 115 VAC, 10/, 47-440 Hz, 7 Amps

  Maximum
DC Input Power: 24-32 Volts at 20 Amps Maximum
Power Meter Accuracy: ±2%
Operating Temperature Range: 0-50EC
Remote Control: Addressable via FSK Carrier 416.6 MHz

Mechanical Specifications

Cabinet Size: 30x22x22"
Antenna: (Per Figure 4.0-1)
Overall System Weight: 130 lbs.

TABLE 6-1
TRANSMITTER - ENCODER (50939-02-02)

SPECIFICATIONS

Frequency: 416.600 MHz, Crystal Select
Frequency Stability: +/-.001%, -30E to 60E C Ref. To 25E C
RF Power Output: 2 Watts, minimum, at 12 Volts
Emission Type 15F2
Tone Frequencies: Mark:  1070 Hz, Space 1270 Hz
Data Rate: 60 Baud
Spurious and Harmonics: Greater than 43 dB +10Log Pout
Output Impedance: 50 OHMS
Load Mismatch: Up to 5:1 with no damage
Temperature Range: -30 to +60 C
Operating Voltage 9.5 - 13 Volts (reduced RF Output below 11.5V)
Address Selection: 2 Decade bidirectional pushbutton code switches
Address Range: 00 to 99 Decimal (100 Codes)
Power Source: 12V 1.4AH Gel Cell
Operations/Charge: >10,000 (1 Command/5 Seconds, Temp. between

50 and 75 F)



Charger Type: Float/Constant Current
Keying Command: Three position momentry rocker switch
Modulation Type PM
Audio Distortion Less than 1.5% THD
Hum and Noise: Greater than 40 dB

TABLE 6-2
RECEIVER - DECODE (50939-02-01)

SPECIFICATIONS

Frequency: 416.600 MHz, Crystal Select
Frequency Stability: +/-.001%, -30E to +60E C refer to 25E C
Sensitivity: .35uv Max for 12 dB Sinad

.50uv Max for 20 dB Quieting
Selectivity: Greater than 70 dB @ ±30 KHz
Spurious Rejection: Greater than 60 dB
Image Rejection: Greater than 70 dB
Modulation Acceptance ±7 KHz Minimum
Input Impedance: 50 OHMS
Audio Output: Greater than 1.5V P-P into 10K Load
Audio Distortion: Less than 3% THD
DC Input Range: 24VDC ±10%
Address Selection: 8 User Programmed Straps
Address Range: 00 to 99 Decimal (100 Codes)

00 to FF Binary (256 Codes)
Temperature Range: -30 to +60 C
Data Rate: 60 Baud
Command Output: TTL Compatible (open collector)

Logic 0: -0.3 to +0.4VDC
Logic 1: +2.4V Max

Size: 3-1/2"Hx9-1/4"Wx12"D

TABLE 6-3
ANTENNA - AV-1 (50939-02-03)

SPECIFICATIONS

Frequency: 416.600 MHz
VSWR: Less than 1.5:1
Impedance: 60 OHMS, Nominal
Power: 100 W Max
Gain: 2 dB Per RS-329



Length: Approx. 36"
Rated Wind: 100 MPH
Radials 4 ea. Stainless Steel
Weight: Less than 2 pounds
Cable Length: 25 ft., nominal
Connectors: PL-259 (1) and Type N (1)

Figure 3.1-2 Figure 5.3.2-1
Model 1002 Portable Photograph of Power
L Band Jammer System Amplifier Stage



Figure 3.3-1
Block Diagram of Remotely Controlled Portable L Band Jammer



Figure 4.0-1
Outline of EMP Helicone Antenna

Figure 5.2-1
Block Diagram of Transmitter





A SOLID-STATE C-BAND POWER AMPLIFIER
FOR COMMUNICATIONS SATELLITES

J. Nicholas LaPrade
RCA Astro-Electronics
Princeton, New Jersey

ABSTRACT

A solid-state power amplifier now routinely replaces the traveling-wave tube amplifier in
C-band communications satellites. The immediate benefit of superior performance is
realized by increased transponder capacity. Long-term benefits of higher reliability and
reduced production costs are also projected.

This paper describes salient features of the first solid-state power amplifier to fully replace
the traveling-wave tube amplifier in spaceborne transponders. The 8.5-watt, 60-dB gain
amplifier employs a chain of gallium-arsenide field-effect transistors to provide a
160-MHz usable bandwidth within the 3.7- to 4.2-GHz downlink band. Data typical for
this amplifier are presented. The key parameters of efficiency, intermodulation distortion,
and phase effects are described in detail.

The amplifier is being manufactured for numerous communications satellite programs.
Aspects of reproducibility and automated testing at the various stages of amplifier
production are addressed. Forty-eight amplifiers are now operational at geosynchronous
altitude with several times that number scheduled for launch within the next few years.

INTRODUCTION

The solid-state power amplifier (SSPA) described herein is the result of a joint
development effort between RCA Laboratories and RCA Astro-Electronics. The SSPA
was designed specifically to replace an 8.5-watt traveling-wave tube amplifier (TWTA) in
C-band satellite transponders. Comparison of the TWTA and SSPA shows the SSPA to be
lighter in weight and more linear at all points of the amplitude and phase characteristics.
These advantages, coupled with greater reliability inherent for solid-state technology, far
outweigh the slightly lower saturated dc-to-rf efficiency of the SSPA.

The SSPA has proven to be quite manufacturable. Over 100 units have been assembled
and tested with a very high degree of reproducibility. Data for seven amplifiers



demonstrated efficiencies from 32% to 35% with typical gain above 62 dB and average
C/IM3 at operating point of -13 dBc for the two-tone measurement.(1)

SSPA DESIGN

The amplifier is a six-stage design. A block diagram is given in Figure 1. The first four
single-ended stages comprise the high-gain driver section. The last two stages are balanced
amplifiers configured using the power devices between interdigitated quadrature hybrids.
The driver section is capable of 0.5 watt output across the full 500-MHz band with typical
small-signal gain in excess of 47 dB. The power section has a saturated power output
capability in excess of 10 watts and typical operating point gain greater than 15 dB over a
160-MHz bandwidth.

The four paralleled output stages use a Fujitsu FLC30 device selected for high efficiency.
The nominal input of 0.5 watt results in at least a 2.5-watt power output with typical
power-added efficiency of 40%. Device thermal resistance is typically 11EC/W with
additional resistance of 3EC/W in the heat sinking.

Assuming a nominal spacecraft panel temperature of 45EC results in a calculated channel
temperature of

TCH = 45EC + (11EC/W + 3EC/W)3W = 87EC

Channel temperatures below 110EC are essential to a 10-year operational life. The FLC30
device, as for all other GaAs FET devices in this design, is impedance matched to 50 ohms
using microstrip techniques on alumina substrate. Because the device is operated primarily
into gain compression, the small-signal S-parameters are insufficient to achieve an
optimum circuit design. The output circuit was designed using a novel load-pull technique
that characterizes the trade-off between power output and linearity.(2) Once output
microstrip circuit geometry is realized using load-pull data with a CAD optimization
routine, the small-signal S-parameter data are used in conjunction with the established
output circuit to redesign the final input matching network. Careful implementation of this
design approach minimizes the number of iterations required for optimum matching.

The driver amplifier section provides high gain to the 0.5-watt level for the SSPA power
section. The first three GaAs FET amplifier stages are nested between isolators to permit
alignment for maximum gain flatness and minimum gain slope. Uncompensated, the entire
SSPA gain can vary as much as 5 dB p-p over a 40EC temperature range. Unique
compensation circuitry within the driver section is employed to reduce this variation to
1.3 dB p-p, maximum. Measured GaAs FET gain versus gate voltage characteristics are
used in a computer program along with standard amplifier and thermistor thermal



characteristics to select the correct bias compensation points. Correlation between
predicted and actual results has been quite consistent.

AMPLIFIER TESTING

Each amplifier is flight acceptance tested prior to delivery to the spacecraft. Acceptance
testing consists of a full first functional test to characterize power transfer, frequency
response, linearity, phase shift, VSWR, stability, spurious emissions, group delay, and
harmonic output. Next a passive (unpowered) 3-axis random vibration test is performed to
levels in excess of those experienced during launch. After an abbreviated functional test
verifies no change in performance resulting from vibration testing, each amplifier is
subjected to a thermal vacuum environment to simulate the spacecraft’s operating
environment. Data are taken to verify gain stability, power output, and power consumption
at all temperature plateaus. Figure 2 shows a representative set of thermal vacuum data for
frequency response and gain variation with temperature. Maximum peak-to-peak gain
variation across the band at 23EC is 0.25 dB with a maximum associated gain slope of
0.01 dB/MHz. Maximum peak-to-peak gain variation over temperature at any single
frequency is shown to be 1 .03 dB over a 23EC range. DC bias and rf drive levels are also
recorded. Following successful completion of thermal vacuum testing, final functional tests
identical to the first functional tests are performed.

Beyond standard acceptance testing and more extreme qualification testing, a large effort
in amplifier characterization has been made.(2) Several key areas of evaluation are reported
here as also reported in reference (1).

The SSPA has a greater amplitude and phase linearity than the TWTA. The amplifier is
typically operated two to three dB into gain compression. A nominal associated level for
the C/IM3 ratio as measured by a two-tone test is -13 dBc. The power output and relative
phase shift as a function of input power are shown in Figure 3. Intermodulation
performance over the drive range is also shown. Noteworthy is the saturation of the
intermodulation characteristic. A typical SSPA driven into hard saturation will have C/IM3

performance that never exceeds a worst-case value. The derivation of the phase shift
versus drive characteristic will give a static approximation to the dynamic AM-to-PM
conversion performance of the SSPA. Amplitude modulation to phase modulation
conversion on a single carrier and transfer between carriers are important to consider
because transmission impairments such as crosstalk and increased bit error rate arise in
part from these effects. A dynamic measurement of these AM-to-PM effects was made at a
modulation frequency of 1 MHz. The three cases considered are depicted in Figure 4. Note
the AM-to-PM conversion coefficient Kp (degrees/dB) remains below the 1E/dB level until
the amplifier is completely saturated (reference Figure 3 for saturated drive level). AM-to-
PM transfer (KT) between two equal carriers is close in magnitude to Kp. The worst-case



consideration is the transfer of modulation between two unequal carriers, which, in this
case, differed by 20 dB.

The physics of a GaAs FET are such that increasing temperature results in decreasing gain
and power output capability. The power distribution within the SSPA betwen dc input, rf
output, and dissipated heat has been characterized from -5EC to +55EC. Results of this
measurement are presented in Figure 5. It is key to note that dissipated power always
decreases as the amplifier drive is increased; therefore an interesting trade-off is implied.
Namely, the reliability of a GaAs FET is inversely related to channel temperature and
related also, in a complex way, to voltage and current stresses incurred from increased
drive.(2) A point exists at which reliability enhancement from reduced channel temperature
is offset by stresses due to increased drive.

The power output and dc-to-rf efficiency are related to the high current drain bias. The
results from a measurement of this relationship are given in Figure 6. Note that a 10.5-watt
output is obtained for a 10V drain bias with a 2% penalty in efficiency.

The SSPA is powered by an electronic power conditioner that converts the variable
spacecraft bus voltage to a regulated set of bias voltages. A pulse-width-modulator-based
switching regulator of very high efficiency is employed to power the SSPA. Ripple is
inherent to switching supplies, and filtering has an associated weight penalty; therefore,
characterization of the SSPA ripple sensitivity is important. The relationships shown in
Figure 7 express the induced sideband level around a 4-GHz carrier as a function of
injected bias ripple for the three bias lines. As would be expected, the gate bias line shows
greatest sensitivity. Other performance parameters have also been related to changes in
bias voltage. Table 1 gives the sensitivities to bias variation of gain, power output, and
relative phase for each bias line. The output power is most sensitive to fluctuations in the
8.7V line, with the -3.7V gate bias variations having greatest effect on gain and relative
phase shift.

The data presented herein serve to characterize in detail the solid-state power amplifier.
While the amplifier is designated an 8.5-watt unit, clearly this power output level has been
selected to optimally trade off power output and linearity for increased efficiency.
Specifications representing worst-case acceptable amplifier performance are tabulated
along with those for a TWTA of equivalent saturated power output in Table 2.
Performance advantages for the SSPA are shown in areas of linearity, phase conversion,
phase shift, harmonic output, weight, and reliability. Other significant advantages of the
SSPA over the TWTA include no mechanism for cathode wear-out, no outgassing or
vacuum contamination leading to catastrophic failure, low voltage operation eliminating
potentials for arc-over failure, and no warm-up time as required for the TWT cathode
heater.



The many advantages of the SSPA have been touched upon. Further detail in this area can
be found.(1) In the final analysis, improved performance and reduced distortion means the
satellite that incorporates these amplifiers can handle greater traffic loading and can
therefore generate greater revenue.

CONCLUSION

The design and performance characteristics of the SSPA have been described. A
comparison of this amplifier to a traveling-wave tube amplifier of equivalent saturated
power output have shown superior performance and reliability for the SSPA. Efforts are
underway to increase the margin superiority of the SSPA by improving efficiency, power
output, and operational bandwidth. The next challenge is to extend the C-band SSPA
technology into the 12-GHz communications band.(3)
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Figure 1.   SSPA Block Diagram



Figure 2.   SSPA Frequency Response and Gain Variation with Temperature



Figure 3.   SSPA Power and Phase Transfer Characteristics for a Single-Tone Input
(Two-Tone C/IM3 Characteristic Also Shown)

Figure 4.   AM-PM Conversion Coefficient (Kp) and Transfer Coefficient (KT)



Figure 5.   SSPA Power Distribution as a Function of Input Power and Temperature

Figure 6.  SSPA Power Output and Efficiency as a Function of Drain Voltage



Figure 7.   SSPA Ripple Sensitivity

TABLE 1.   8.5-WATT SSPA DRAIN-BIAS SENSITIVITY



TABLE 2.   PERFORMANCE COMPARISON OF THE SSPA
VERSUS THE TWTA

SSPA TWT
RF power 8.5 W same

Frequency 3.7 to 4.2 GHz same

Bandwidth 160 MHz 100 MHz

Power gain >58 dB same

Gain compression ~2 dB 6dB
  (at high-level operating
  power)

Gain flatness 0.3 dB/10 MHz same

Amplitude linearity -1 2 dBc -8 dBc
  (3rd-order IMD)

Phase conversion (AM/PM) 2E/dB 5E/dB

Total phase shift 22E 45E
  (final 10-dB drive range)

Harmonics -35 dBc -12 dBc

Efficiency ~33% 38%

Maximum operating voltage 10V 2500 V

Thermal cathode-heater none required
  assembly

Weight - SSPA 13 oz. 25 oz.
Weight - EPC 18 oz. 36 oz.

Projected life 10 yrs. 7 yrs.

Failures in 109 hours <500 >2000



Imageless Mixer for Data Translation

James L. Rieger, PE/PTBW
and
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ABSTRACT

An imageless mixer is described for translation of a wideband data signal to an unoccupied
portion of a telemetry link spectrum. The translation produced is identical to translations
performed by existing double-sideband systems, but at a saving in hardware and with
reduced adjustment. A computer program provided allows evaluation of various phase-
shift filters for desired bandwidth and precision.

SINGLE-SIDEBAND SUBCARRIERS

Wideband data signals can be multiplexed onto a single telemetry RF carrier in several
ways, the most common of which is placing the signal on an FM subcarrier at a frequency
above the highest frequency of the signal fed to the transmitter baseband directly. Two
other methods are also possible—placing the data signal on a double-sideband AM
subcarrier (sometimes with suppressed or reduced carrier amplitude), or use of a single-
sideband AM carrier. Use of the upper sideband only is also called translation. FM and
DSB subcarriers occupy spectrum at least twice the bandwidth of the original, sometimes
greatly increasing the bandwidth required for the telemetry link. Since the single-sideband
translation approach uses least spectrum space, it merits consideration, especially if the
signal to be added has a large spectral span, or if more than one signal is to be translated.

A signal translation is an operation which adds a carrier frequency to all frequencies in the
original signal. Thus an original signal with a frequency range of 100 to 100,000 Hz
translated by 100 KHz occupies the range from 100,100 to 200,000 Hz. This corresponds
to transmission of the upper sideband resulting from multiplying the original signal by the
carrier frequency, since



The lower sideband produced by this multiplication process also contains the data,
subtracted from the carrier frequency and thus ranging in this case from DC to 99,900 Hz
and with the spectrum inverted. A translation can be implemented by multiplication
followed by filtering of the desired sideband. In the example above, however, such a filter
would be required to have a sharp characteristic to both pass the desired 100,100 Hz
component of the desired sideband while rejecting the undesired 99,900 Hz component of
the lower sideband, only 200 Hz away. An even sharper filter would be required if the
lower end of the original were 10 Hz instead of 100.

Clearly some problems exist in such a translation. While some of these problems can be
overcome by simply allowing part of the undesired sideband to be transmitted and
allowing increased spacing of translation frequencies such that spectral components do not
overlap, there is yet another way to produce an upper (or lower) sideband which does not
rely on filtering of the resultant.

The proposed implementation of such an imageless filter uses the trigonometric identity

to produce the desired results. Note that the translation carrier must be present in both sine
and cosine form (i.e., in original and quadrature form) and that a quadrature form of the
input data signal must also be supplied. To the extent that the original and quadrature
forms retain the required 90-degree shift and retain the same amplitudes, the desired
sideband is produced and the undesired one suppressed. Note also that, depending on the
relative phases and on the +/- terms, the same identity describes a detranslator. An upper-
sideband translator is shown in block diagram form in Figure 1.

Producing a 90-degree phase shift at a single frequency as is required for the carrier
presents no particular problem, and in fact producing the carrier with a quadrature
oscillator is the simplest solution. Producing a quadrature version of the wideband data is
more difficult, but as long as the data signal covers a countable number of octaves, a phase
shift of 90 degrees to any precision desired can be produced using two sets of cascaded
allpass sections. Such allpass sections can be implemented easily with RC networks
buffered by operational amplifiers.

BROADBAND PHASE SHIFTERS

An allpass filter is a filter whose voltage gain is unity at all frequencies (a result which is
desired in this use), but whose phase shift between input and output is a function of
frequency. At the “corner frequency” (a term not entirely applicable to anything which has
constant unity gain), the phase shift between input and output is 90 degrees; at zero



frequency the phase shift is zero, and at infinite frequency the phase shift is 180 degrees.
(The mathematical niceties of things like zero or infinite frequency aren’t critical here.)
The rate of change over the range from zero to 180 degrees is certainly not linear (see
Figure 2), but by splitting the incoming signal into two tracks of filters with staggered
critical frequencies, a consistent phase shift of 90 degrees plus or minus a controlled
amount can be obtained over a significant span of frequencies.

Two implementations of an allpass filter with active buffer exist, as shown in Figure 3. The
filter of Figure 3A is preferred because no peculiarity exists at zero frequency which might
otherwise cause a DC term to be present at the filter’s output. Such a DC term would
cause carrier leakthrough which might as well be avoided unless a small amount of carrier
energy is desired to exactly synchronize the detranslation oscillator at the receiving end.
The values of resistance and capacitance used are arbitrary since filter action depends only
on the ratio, but convenient resistor values are used as a starting point.

The circuit shown in Figure 4 produces a four-section phase shift in both signal paths. The
values shown cause a 90-degree phase shift over the range of 100 to 10,000 Hz with a
tolerance of +/- 6 degrees. A computer program in Appendix A calculates the phase shift
between two frequencies for eight user-specified breakpoints, and can be modified for
more or fewer. Test frequencies are specified in exponentially-increasing increments.
Values used in a real network are limited by standard component values and tolerances.

The mixers used to present the final translated carrier (or detranslated data at the receiving
end) are any type of four-quadrant multiplier, depending on the frequencies involved.
Choices include transformer-type double-balanced mixers and monolithic multipliers.
Monolithic multipliers as shown are preferable for frequencies within their ranges (i.e., up
to a few megahertz) since their gain characteristics are better controlled.

Carrier leakthrough and undesired sideband amplitude are functions of amplitude and
phase variations in the system. Filters can be added to further reduce the unwanted
sideband if required (a little lower sideband in a digital bitstream is of little practical
consequence, for example), hence accuracy of the 90-degree phase shift is of greatest
importance at lowest frequencies. Since amplitude responses can be fairly easly controlled,
image suppression is mainly influenced by how accurate the phase shift produced is.

CONCLUSIONS

Use of an easily-built, coilless phase-shift network with two balanced mixers can simplify
the task of translation of wideband signals for telemetry, and can be used individually or in
combination with a number of other techniques to simplify modern telemetry designs.



Figure 1: Upper-Sideband Translator

Figure 2: Phase Shift vs. Frequency, Single-Pole Filter



Figure 3: RC-type Active Allpass Filter Sections

Figure 4: Broadband 90EE Phase Shifter Using Cascaded Allpass Sections



Table A:   BASIC Computer Program for Phase-Shift Determination of
Circuits per Figure 4.

NOTE:  Copies of this program are available from the authors.



DATA COMPRESSION
-PROMISE AND PRACTICE-
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Data compression holds strong promise for use in any application in which analog signals
are to be transmitted in a digitized format. This is especially true in voice and video
communications systems. Whether voice or video signals are to be secured, made to be
interference resistant, or transmitted in a digital format they must be sampled and
quantized, and this produces a digital transmission rate that is usually far higher than the
original bandwidth. (3KHz-bandwidth voice is usually transmitted at 16Kbps or higher).

Fortunately, both voice and video signals contain redundant information that can be
selectively deleted from the original signal, which results in a reduction of the required
transmission rate. Various techniques have been developed for reduction of required data
rates with both voice and video signals. These, however, must be employed carefully, as
they may increase the signal’s vulnerability to noise and interference.

It must always be kept in mind that the inherent reason for data compression is to:

• Transmit more useful information in a given bandwidth,

or the companion goal:

• Reduce the bandwidth required to transmit a given amount of information.

At times we are willing to trade bandwidth, however, to achieve more robust signals.

Both security and anti-interference requirements have led to use of the spectrum spreading
techniques, and these add bandwidth. Nevertheless, data compression may be valuable
even in spectrum spreading systems, where one might not think that minimum information
rates are needed, because their process gain is an inverse function of the data transmission
rate used.



Spread spectrum systems, for example, rely on a bandwidth trade between their
information rate and their RF signalling bandwidth to provide “process gain”. This process
gain is employed to enhance signal to noise ratio in jamming environments. It is therefore
important that the information rate used (including coding) be the minimum rate possible.
Data compression offers a potential route to reduced transmission rates, but must be
considered in the context of the jamming environment.

Where robust signalling is required, it may be necessary to add redundancy, as opposed to
reducing it. This redundancy most often takes the form of error correction coding. The
question that must arise is “is it advantageous to remove one form of redundancy to
replace it by another”? That is, is there a net gain in performance available by data
compression and subsequent error correction coding?

One other question that also must be considered is that of the tradeoff between waveform
control for bandwidth reduction, and data compression. Which of the two techniques offers
better promise for reduced bandwidth together with noise resistance? Further, is there an
optimum combination of waveform control and data compression from the standpoint of
performance in interference and noise?

The format employed will be that of a tutorial, with an informal question and answer
period. Subjects will include techniques for digitization, encoding, and reduction of
transmission rates in encoded signals through both source encoding and transform
processing methods.

This session addresses the methods of data compression for voice and video signals, and
examines the capabilities of both. It also addresses the problem of when one should data
compress and considers tradeoffs between data compression, spectrum spreading, and
forward error correction techniques. The purpose is to provide the attendee with a feeling
for the advantages and disadvantages of data compression and related technques, together
with their effect on a system’s design.
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ABSTRACT

The Grumman Automated Telemetry System (ATS) was one of the first computer based
real-time flight test systems. It delivered real-time answers enabling Grumman to cost
effectively meet its aircraft test objectives since 1970.

Since then, aircraft systems have become more sophisticated with higher data rate
requirements and with more on-board processing. Analysts have become more involved
with defining man/machine interfaces and more sophisticated in their demand for real-time
test data processing system.

This paper provides an insight into the analyses and design trade-offs made when the first
major section (The Preprocessor Subsystem) of the ATS was to be replaced. It proceeds
from the requirements definition, through acceptance test results of the Advanced
Telemetry Preprocessor (ATP).

Emphasis is placed on the ATP hardware configuration, the subsystem software and the
design/build cycle. System test results and a look into the future regarding planned
applications and possible performance upgrades are summarized. The ATP is the first step
in a series of planned upgrades of the ATS which will enable it to meet the flight test
user’s demand for increased volume, sophistication and user-friendly interaction.

INTRODUCTION

The Grumman Automated Telemetry System was designed in the late 60’s and supported
the first F-14 flight on 12/21/70. Since then it has supported approximately 3,700 flights of
F-14, EA6B, EF-111, A-6A, E2C, Gulfstream and other aircraft as well as several
helicopter programs, and numerous ground test activities.



During ATS procurement a team of Grumman engineers generated the specification,
Control Data Corporation (CDC) was the prime contractor and Astrodata was the major
subcontractor. Since then changes in business directions of both CDC and Astrodata has
left the ATS custom subsystems essentially unsupported.

Figure 1 shows an overview of the ATS. Telemetered PCM data and converted analog
data are conditioned in the pre-processor section for entry into the central computer. This
data is further processed and sent on to the display section for output to the user. The ATS
concept, from the initial design, has been to provide “answer” type information to flight
engineers in real-time. An example of this is shown in Figure 2 where control stick force is
plotted versus aircraft load factor. This one cross plot graphically presents the aircraft
pitch transfer function to the engineer. A requisite to this type of plot is that the data points
be time aligned.

Another advance afforded by ATS was real-time flutter analysis. Central computer
processing involved a time domain least-squares parameter identification technique based
on a system difference equation model to determine the resonant frequencies and damping
coefficients of aircraft flutter modes. For this processing, it is important that sample time
variations, even between data parameters sampled at different rates, be kept to a minimum.
It was through techniques like this that the ATS allowed Grumman to cut the F-14
development test program to one-half of its originally planned duration.

THE PROBLEM

The problem was time correlation. In order to achieve real-time answers to the accuracy
required, the data parameters must be closely time aligned.

To keep time correlation between data samples, a rate group buffer scheme was
implemented to transfer data between the pre-processor section and the central computer.
In this process, up to 10 separate buffers are established (corresponding to up to 10 data
sample rates) with the length of each buffer chosen so that all buffers fill in 0.1 seconds
and transfer at the same time. Central processor software was designed around the rate
group technique so it has been necessary to continue with this scheme in the design of the
ATP.

Because of the rate group buffer requirements to fill each buffer as expected, data
compression was not utilized. Limit checking is done in the pre-processor with any Out-of-
Limits (O-O-L) data identifications sent to an O-O-L buffer, which is sent independently to
the central processor.



The pre-processor (Figure #3) was built by a CDC special systems division at La Jolla
which has since been disbanded. Custom hardware and software was designed and
produced for the CDC 1700 based pre-processor including a 1700/pre-processor operating
system. The hardware was composed of CDC “cord wood” circuits, a technology branch
that didn’t develop so replacements haven’t been available for years.

PCM data at rates up to 50,000 wds/sec were sent through a bit synchronizer and then to
the Telemetry Data Formatter (TDF) which was actually a software decommutator. Analog
data was sampled by an Analog-to-Digital Converter (ADC) that was completely
controlled by the Analog Data Formatter (ADF). Sample taking was commanded by the
ADF to accomplish requested sample rates to be merged with PCM data samples.

The Programmed Input/Output Channel (PIOC) accepted PCM data from the TDF, analog
data from the ADF and did Engineering Unit conversion as well as limit checking. Time
code words were input through another interface and were appended to each data buffer.
The External Storage Module (ESM) stored coefficient values for engineering unit
conversion and limits information. Digital parameters were sent to Digital-to-Analog
converters (DAC) for output to chart recorders.

The CDC 1700 computer communicated with the central processor, loaded the special
boxes, controlled the special boxes, monitored status and generated digital tape.

To derive the design for the ATP each function of the existing equipment was reviewed
regarding which to maintain and which to eliminate. For instance, PCM data would be
accepted at the bit synch outputs, analog data would need a complete new path. DAC data
and time both depended on obsolete equipment and would require complete new systems.
The central computer interface would have to be functionally identical to avoid software
changes.

REQUIREMENTS SUMMARY

Provide a throughput of at least 50,000 wds/sec for 512 parameters.
Accept PCM bit synchronizer outputs.
Engineering Units Conversion.
Out-Of-Limits checking and buffering.
Do rate group buffering.
No data compression.
Merge PCM and analog data.
Time tag data buffers.
Store EU coefficients.
Store limits information.



Provide DAC outputs.
Generate digital tape.
Run diagnostics on all elements.

REPLACEMENT CONSIDERATIONS

Replacement criteria for the preprocessor function included a baseline of the capabilities of
the current system and expansion capacity to meet future requirements based upon
predicted aircraft testing and instrumentation systems. Among the future requirements
were increased processing speed (from 50,000 to 100,000 samples/second), capability for
the preprocessor to be a standalone system, having both calculation and display abilities. A
critical goal for the ATP is the ability to handle formats from systems flight test aircraft
which in the future are seen to be the bulk of the test work at Grumman. The ATP must be
able to handle word lengths from 1 bit to 64 bits, intermixed word lengths within a format
and programmability of EU conversion algorithms. A further set of goals was added by the
design team over and above the required objectives of the Advanced Telemetry
Preprocessor (ATP). The most important of these were:

1. Provide as much excess machine power as possible (the design goal was 50%).
2. Strive for modularity in hardware and software for product growth purposes.
3. Develop the nucleus of a design which could be used to satisfy other needs.

With this background, a preliminary design was conceived including tradeoff analysis
between telemetry equipment and computer hardware and software. In a market search it
became apparent that there was no product on the market at that time which fully satisfied
Grumman’s needs. It was decided that for PCM inputs a unique ID rather than frame and
subframe addresses would facilitate a table lookup scheme for data elements. Thus an
Aydin - Monitor 1126B decommutator was chosen since it offered the ID tagging
capability in a single piece of equipment as well as the other necessary format handling
abilities.

The ability to process up to 50,000 5th order polynomials per second “on-the-fly” pointed
to a choice between streaming data through an array processor, building some special
purpose dedicated hardware or utilizing multiple mini-computers. Since it had been
decided to build hardware where it was felt to be necessary to meet the overall design
criteria rather than possibly sacrifice speed or cost to make use of off-the-shelf equipment,
that decision coupled with the functional requirements of the preprocessor pointed to a
blend of off-the-shelf and special purpose hardware to satisfy the architectural
requirements as well as the goals set by the design team.



HARDWARE OVERVIEW

A block diagram of the ATP is presented in Figure 4. To provide simultaneous testing of
two programs, there are two identical ATP’s which share common peripherals not utilized
in support of real-time tests. Only one complete ATP is depicted in the diagram with the
other understood to be an exact duplicate. Data flows in from the left and has already been
conditioned by an IRIG compatible front end which includes telemetry reception and
demodulation equipment, wideband tape recorders/reproducers, bit synchronizers, analog
discriminators, cross-connection facilities and various calibrators, simulators and
monitoring equipment for setup and checkout. The PCM and Analog 2 stage processors
differ in the first stage but have identical second stages. Stage I of the PCM receives
data/ID pairs from the decommutator which is programmed to pass only the data of
interest. Under software control as the ID is used as a vector into a list which points to the
addresses of previously linked lists of algorithms to be used for each measurement. Data
can then be converted to engineering units (up to a 5th degree polynomial), or passed raw,
then DAC’d out before passing to Stage II. The second stage performs limit checking and
stuffs various buffers (real-time, mag tape, out-of-limits, critical) using an external write
mechanism available with SEL’s HSD interface. Time is also tagged to each full buffer
through a special interface developed to a time generator/translator.

Analog data is treated much the same way with a 96 channel 12 bit MUX/ADC in place of
the decommutator interface card. Analog Stage I controls the sampling and first degree
polynomial conversion using a variation of decommutator programming rather than the
typical scan list. Data is passed to the second stage in an identical manner to the PCM
processor and the second stage data handling is identical.

The SEL 32/77 mini-computer receives interrupts from the Plessey microcomputers when
the various buffers are filled and after interrogating status words to determine which
buffers are ready, chains them together, performs format conversion and packing as
necessary, and writes data to the Network Systems Corporation HYPERchannel™ data
link in real-time mode or to the attached tape decks if in standalone mode. Buffers are
delivered to the central computer in the same format from the ATP as from the replaced
1700 system. This was accomplished by reformatting the data in the SEL computer before
transmission to minimize software changes in the central computer system.

The heart of the ATP is the Plessey microcomputers which make up the PCM and Analog
processors. The devices are general purpose 16 bit microcomputers chosen for their speed,
peripheral card capabilities and separate program/data memory architecture. The common
bus structure made an excellent vehicle for physically locating and developing the various
special interfaces built by Grumman. Executing all but two of its native instructions in 250
nanoseconds, including a 16 x 16 bit multiply using a hardware multiplier card, the Plessey



has the speed to support Grumman’s “processing on - the - fly” preprocessing concept
while allowing full programmability. Figures 5 and 6 present the PCM and Analog
Processor sections respectively. Each consists of two Plessey microcomputers in a pipeline
arrangement which effectively doubles the available processing bandwidth. A common
multidrop 16 bit parallel path connects to all PCM and Analog stages using a Grumman
developed Down Line Loader (DLL) card as well as to the Aydin Monitor 1126B
decommutator. The DLL has the capability of servicing up to 16 devices and provides a
two-way path for both loading and readback of status or data. Each DLL is capable of both
DMA and cycle stealing operation in both read and write modes providing both fast
loading (DMA) and the ability to change coefficients, DAC assignments and other
variables while the processor is running (cycle steal). All DLL’s are identical, requiring
only the setting of address switches to uniquely identify themselves to the multi-drop bus.

Replaceable PROM’s driving a microprogrammable engine on the DLL permit easy
modification of the DLL’s internal instruction set should the need arise. Full
programmability of both program and data memory allows easy changes to be made both
betwen and during flight tests. This allows for completely different algorithms to be used
at various times in a test.

Stage I of the PCM Processor contains processing lists of linked algorithms and
corresponding constants and coefficients for each measurement of interest. A
decommutator interface card receives both data and corresponding ID in a parallel format
and buffers it through a FIFO to smooth burst data rates. Using the ID to vector to the first
address of the processing list, an instruction word is sent to the decom interface which
provides code conversion, parity strip and up to 15 bit shifting in the next 250 nanosecond
machine cycle. Control is then returned to the next entry in the processing list which may
typically include up to a 5th order polynomial conversion, a raw data pass and/or output to
either a 12 bit DAC (EU or raw) or to a parallel register for event data. Other existing
algorithms support handling of multi-syllable data (for which the ID is imbedded in the
data word) and some data compression. Because of its programmability (supported by a
cross-assembler on the SEL computer) almost any conceivable algorithm could be
implemented. The input FIFO assures that long algorithms can be accommodated by
providing smoothing of the burst input data.

Eight channel Digital-to-Analog Convertor cards, also built by Grumman, provide a variety
of code conversions and voltage output ranges depending upon strapping options.
Requiring only one card slot per 8 DACs there are presently 48 DACs in the first PCM
stage.

Analog Stage I has a 96 channel multiplexer with 64 single ended and 32 differential
channels controlled by the Plessey microcomputer. A Grumman-built programmable



frequency divider card provides interrupts which start the microcomputer through pre-
programmed channel sequences downloaded to data memory. Overlapping between the
MUX/ADC and hardware multiplier card allow rates as high as 110 K samples per second
to be achieved, including linear conversion. PCM and Analog Stage I’s differ only in the
program and data downloaded to them.

A dual parallel interstage interface allows passing of both data and its corresponding ID to
the second stage with an interlock to the input FIFO to prevent more data from entering
Stage I until the outgoing data has been accepted by Stage II. The interstage interface also
allows bidirectional passing of data and status between stages, if desired. The second
stages of both the PCM and Analog Processors are identical, each having a DLL interface,
an interstage interface to communicate with Stage I and a Plessey/SEL Interface (PSI) to
send data to and from the SEL computer. Stage II builds series of double buffered rate
groups depending on sample rates and output locations. The buffers are built directly in
SEL memory through use of the external mode capability of the SEL High Speed Data
(HSD) interface. This device allows external, scattered, write and read capability from an
external device directly into the SEL’s memory. Once placed in external mode at the
initialization of a test (it also supports DMA mode) the HSD operates with no overhead of
the SEL’s CPU. The PSI and Plessey program keep track of all buffer locations and are
limited in address capability to safeguard the SEL’s operating software. Upon filling a
buffer, the Plessey/PSI immediately begins writing the corresponding half of the double
buffer, reads time from the time code device down to 100 microseconds and then posts the
status of the buffer and time when filled to the SEL. The PSI contains an output FIFO to
account for possible contention on the SEL’s internal bus, called the SEL bus, when
writing to or reading from memory. Utilizing a microprogrammed sequence directed by a
PROM the PSI is capable of reading data back from the SEL, modifying it within the
Plessey as desired. The unique capability allowing machines to be added to the SEL
minicomputer with no bandwidth loss of the SEL CPU has not as yet been fully exploited,
but surely will be in the future.

The SEL 32/77 minicomputer is a 32 bit 800 K instruction/sec. machine. It is especially
suited to high I/O rates with microcomputer based smart interface cards (such as the HSD
and the 26.67 M Byte SEL bus connecting them. This machine was chosen for its I/O
bandwidth and purposely under-exploited in the initial implementation of the ATP to have
as much excess power as possible for future growth. In the real-time mode, the SEL acts
as the traffic cop controlling all loads, transfers and processes all requests. All ATP
software resides on its disk which is then downline loaded to the Plesseys and decom and
upline loads to the central computer, via the HYPERchannel link. HYPERchannel mode
consists of two parts, a general network interface common to all modes, and a specific
machine interface to attach to the particular type machine at a mode. All network protocol
and transfers are handled in a common fashion while specific machine code is necessary to



fill the HYPERchannel’s internal buffers in the prescribed formats. Due to the intelligence
of the mode a low overhead is used in the host computer.

SOFTWARE OVERVIEW

An overview of the ATP software is presented in Figure 7. The software set is basically
divided into four areas:

1. Plessey programs.
2. Real-time Operating System supervisor in the SEL.
3. Modifications made to the existing Telescope™ 340 Software running on the central

computer.
4. DETAIL telemetry compiler/utilities.

All software with the exception of the modifications made to Telescope™ 340 was built to
run and be supported on the SEL computer to facilitate the standalone capacity of the
preprocessor and the move toward a new distributed architecture at the ATS.

Descriptive Telemetry Acquisition and Input Language (DETAIL) is a compiler which
interfaces to the system user in terms familiar to flight analysts and telemetry users. It
produces a set-up file which consists of groups of object codes to load each of the boxes
and computers with the format information, parameter lists, algorithms, coefficients and
data descriptors required for specific aircraft tests. Written in FORTRAN 77+ the compiler
accepts format descriptions and lists of active measurements from an Instrumentation file
as well as lists of desired outputs (real-time, mag tape, DAC, etc.). Using keyword
directed, free-format style, input is syntax checked and divided into intermediate tables.
Patching lists, decommutator programs, MUX/ADC sampling programs, measurement
algorithm processing lists, DAC assignments and data descriptions are all produced
automatically by DETAIL. Included is the capability to support concurrent analog and
digital processing, multi-syllable words, multiple asynchronous subcoms, super-
commutation, in support of most IRIG compatible data formats.

Several utilities are also included such as a translator which converts source statements
used for the old 1700 TELIN language to DETAIL source statements. The translator
permits all old flight tapes described via TELIN to be played through the ATP using only
those resources of DETAIL and the ATP which are pertinent.

The Real-time Operating System (RTOS) is an executive program which resides beneath
the SEL’s normal MPX Operating System RTOS and which directs the operation of the
preprocessor in the real time mode where directives are received from and data transferred
to the central computer. In standalone mode the same software is used except that



directives are input directly to the SEL and data is output to local computer compatible
tapes. Upon request, RTOS supervises peripheral connection, downloads the decom and
Plesseys with the specified Setup Files, and in real-time mode uploads the central
computer with descriptions of all parameters which are to be transferred. The present
command set allows such operations as loading boxes, dumping boxes, turning data on and
off, turning computer tapes on and off and changing the assignment of DAC’s and
coefficient values while data is being transferred.

Programming in the Plesseys is supported by a cross-assembler written for the SEL. All
supervisory programming, drivers and algorithms were developed by Grumman to
specifically support the ATP. The overriding consideration was speed of execution, thus
programming at the assembly level was indicated. Programs and algorithms are
modularized permitting changes and additions with very little trouble.

Modifications to the Telescope™ 340 (TS340) Operating System on the central computer
were necessary mainly to accommodate the HYPERchannel interface which was not used
on the 1700 system. Since the same buffering strategy was used as in the older system, the
changes required were at the I/O driver level and did not propogate very far upwards in the
system. Several other areas were also changed in the initialization of the system but these
were not time critical. Because of a difference in philosophy of the system where the
CYBER now requests loading from the ATP rather than downloading to the preprocessor,
changes were necessary in the commands given and ability to receive data descriptors
from another machine.

With the philosophical change of removing the central computer from the role of master in
its relationship with the ATP a further step was taken away from 1700 emulation.
Although the ATP still puts out data in formats compatible to the TS 340 system, the
command processor, file system and compiler were all moved to the preprocessor
machine.

ATP PERFORMANCE REPORT

Acceptance testing prior to full integrtion into ATS included rigorous testing at design goal
rates both on-line and standalone. The ATP achieved all performance goals and appears to
have a healthy margin for future growth. The ATP project spanned 2½ years, was accepted
into production status at the ATS in July, 1982 and has been successfully supporting all
flight tests since that date. As had been directed and planned, the switchover from the
1700’s to the ATP’s was physically accomplished over a weekend with software
compilation previously having been completed. The 1700’s were left in place for 3 months
until confidence in the ATP’s permitted their removal.



The growth, expendability and modularity of the ATP design has already been proven with
the addition of an aircraft fixed base flight simulator to the preprocessor. This project,
begun even as the ATP was undergoing acceptance, utilizes the I/O capabilities of the
Plesseys to accept analog data from cockpit controls and return analog data via DAC’s and
event registers. The simulator’s all digital aircraft dynamic model is implemented on the
SEL host computer.

Because of the ATP flexibility it has been possible to design, implement and test a Fixed
Base Simulator in 14 months. The system now is serving the Flight Test Community as
well as Engineering at Grumman and is available to be changed from either a preprocessor
to a simulator or vice versa simply by changing one patchpanel and several type-ins which
change the software loads.



 ATS OVERVIEW
FIGURE 1



TYPICAL CROSS PLOT
FIGURE 2



PRE-PROCESSOR
FIGURE 3



ATP BLOCK DIAGRAM
FIGURE 4



ANALOG SUBSYSTEM
FIGURE 6



SOFTWARE SUBSYSTEM
FIGURE 7
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ABSTRACT

White Sands Missile Range (WSMR) personnel have developed an intelligent, low cost,
dual-microprocessor based, Tracking System Interface to be implemented on each
telemetry tracking system at WSMR. This interface provides each telemetry tracking
system with the capability of acquiring targets based on pointing data from various
tracking radars on the Range. The presentation will begin with a historical overview of the
WSMR target acquisition system followed by a discussion of the telemetry target
acquisition system in particular. The newly developed intelligent interface will be
discussed including present attributes. The presentation will conclude with a discussion of
future enhancements.

INTRODUCTION

White Sands Missile Range is a large inland missile test range located in south central
New Mexico. An outline map is shown in Figure 1, White Sands Missile Range. Remote
launch facilities are also provided at Green River, Utah and other areas as shown in
Figure 2, Remote Launch Area. To collect missile performance data, WSMR provides
various types of mobile and fixed tracking instrumentation along the various missile flight
corridors.

To use on-board tracking systems of each instrument, some means must be provided to
either dynamically point the instrument at the object-to-be-tracked such the object appears
in the tracker field-of-view for acquisition; or to pre-position the tracking instrument at a
space point and wait until the object-to-be-tracked passes through the tracker field-of-view
and then attempt to establish track before the object leaves that field-of-view.



Until the early 1970’s only WSMR radar tracking systems had the capability to slave one
radar system to another for target acquisition purposes. Telemetry and optical tracking
systems were required to pre-position to a point-in-space for optical systems or sector for
telemetry systems with the expectancy that the object would pass through the field-of-
view. The pre-positioning was not based on precomputed values in most cases but instead,
was based on operator knowledge of past flight paths of the same object.

By the mid 1970’s, the first target acquisition system to be implemented on a large scale
was completed at WSMR for telemetry and optical tracking systems. A block diagram of
the system is shown in Figure 3, Target Acquisition System A. It was based on a new
instrument interfaced called the Instrument Data Converter (IDC). This interface was
implemented on each instrument and was built using small and medium scale integration
technology.

FIRST TARGET ACQUISITION SYSTEM

The IDC was implemented on all radar, telemetry and optical tracking instruments. With
this mass implementation a target acquisition system implementation was realized that
would allow any radar that was tracking an airborne vehicle to provide point-in-space
information at a rate of 20 samples-per-second to a central computer where this data was
converted to pointing data for other radars, telemetry tracking instruments and optical
tracking instruments. The resulting computed data was transmitted via modems, telephone
lines and microwave to the associated tracking instrumentation. The computed output data
rate to each instrument was at a 20 sample-per-second rate.

In the figure the radar is shown as the primary tracking system data source and tracks the
airborne vehicle using the on-board RF tracking system. Data from the radar range servo
system and the azimuth and elevation shaft angle encoders are formed into synchronous
serial 120 bit messages and converted to telephone circuit format by a Frequency-Shift-
Keyed modem. The computer receives the serial messages, from each of the radars-in-
support and synchronizes and strips the data from each message. All data is then converted
to point-in-space XYZ data referenced to earth center (geocentric transformation). From
this data the computer does a best signal selection to determine which radar data source
will be the primary source for target tracking data. The computer performs data smoothing
and prediction (of 375 milliseconds). The prediction compensates for the delays in data
transmission and data computation paths from the radar to the slave tracking instrument.

After prediction is applied, a coordinate transformation (consisting of translation and
rotation) is applied, followed by conversion to RAE data for each slave tracking
instrument. This data for each slave instrument is formed into synchronous serial 120 bit
messages for transmission to the tracking instrument IDC. A block diagram of the IDC is



shown in Figure 4, Instrument Data Converter. At the instrument the IDC synchronizes
and strips the data from the mount azimuth and elevation position data. Operator inserted
encoder offsets are added to the encoder data to correct for mechanical misalignment of
the shaft angle encoder zeros from True North. The corrected shaft angle data is subtracted
from the pointing data that was received and stripped by the IDC. The resulting differences
are then applied to digital-to-analog converters where an error signal for each axis is
derived to drive the respective servo systems of the tracking instrument. Analog filter
compensation is used external to the IDC to improve the servo system performance while
maintaining tracking system stability. A physical picture of the IDC is shown in Figure 5,
IDC Equipment.

THE TRACKING SYSTEM INTERFACE

In 1980 the Tracking System Interface (TSI) became a reality and implementation on
telemetry and optical tracking systems began; and is still in process. The unit is shown in
Figure 6, TSI Unit. The TSI is a single chassis and replaces three chassis in the IDC.
Chassis remaining of the original IDC are the Timing Unit and the FSK modem.

The basic TSI is composed of three S-100 cards contained in a fan ventilated, rack
mounted chassis. A block diagram of the unit is shown in Figure 7, TSI Block Diagram.
One card contains the master and slave microcomputers including the special arithmetic
processor chip controlled by the slave microcomputer. Another card provides the interface
between the front panel controls, thumbwheels, and display, and the master microcomputer
on the first card. A third card contains the interface between the master microcomputer and
the instrument, and modem. The microcomputers are based on the Zilog Z-80. The
arithmetic processor is the AM 9511A manufactured by Advance Microdevices, Inc. The
basic TS1 costs WSMR approximately $5,000.00 per unit. Design and software for the
TSI was and is being performed at WSMR by the Instrumentation Directorate. The
manufacturing of the units is contracted to commercial concerns.

SECOND TARGET ACQUISITION SYSTEM

A block diagram showing where the TSI resides in the target acquisition system is given in
Figure 8, Target Acquisition System B. Because the TSI was implemented using state-of-
the-art microcomputers, many more functions can now be performed at each tracking
instrument. First of all, the TSI performs the functions of the IDC. The block diagram
showing the present TSI functions is given in Figure 9, Present TSI Process. These are: the
synchronization to the incoming messages and the stripping of the data to form the pointing
commands; the periodic reading of the azimuth and elevation shaft angle data to correct for
mechanical misalignment of the encoder zeros relative to True North; the subtracting of 



corrected encoder data from the pointing commands to form the tracking errors which are
applied to digital-to-analog converters and output to the servo systems as drive signals.

The following functions have been implemented on the telemetry instruments:

a) coordinate conversion
b) static pointing
c) slewing

By accomplishing coordinate conversion at the instrument site, the distribution of pointing
data to the site is simplified. Rather than having to provide a unique data circuit to each
tracking instrument, XYZ pointing data for one target can be provided to multiple slave
tracking systems using a daisy chain distribution approach. This reduces the number of
data channels required to acquire or slave track any one target.

The ability to static point the slave tracking instrument with the TSI provides the site
operator with the capability to compensate for encoders misalignment and then to check
the operator thumbwheel inserted encoder offsets to insure that proper correction has been
made to encoder data such that the instrument points to the known landmark. Slewing
provisions of the TSI provides a dynamic check of all on-site slave tracking equipment.
Another use of the slew is in the determination of the antenna pattern. The telemetry
tracking instrument is slewed by the TSI, from +180 degrees to -180 degrees while
recording the signal strength of the TM receiving system; as the system looks at a
boresight RF source.

From an operational standpoint, the ability to perform static pointing and slewing from the
site reduces the amount of coordination between the slave tracking station operator and
personnel at the central computer during pre-mission setup. Consequently, the tracking
system can be setup faster. The hope is that operator on-site time prior to mission can be
reduced.

Additionally, several other functions can be performed at the TSI that were previously
performed at the central computer. These are:

a) data smoothing
b) prediction
c) digital servo compensation
d) diagnostics

On many of the optical instruments these functions have already been implemented.



The data smoothing feature provides for less pertibations in the pointing data being
provided to the slave tracking system. Prediction capability provides for on-site
incremental compensation of data transmission and data processing delays in the
acquisition system; thus further reducing the pointing errors due to data delays. Digital
compensation provides for replacing the analog servo compensation with digital
compensation within the TSI. Figure 10, Typical Servo System indicates where the
compensation is located in the servo loop. This replacement offers several advantages. Full
adaptive control of each servo system is available. Each servo loop is converted from a
Type 1 to a Type 2 servo loop. The equations governing the steady state tracking error
(2ess) changes from:

Type 1 - to - Type 2

(1)

Where: Kv is the velocity constant

Ka is the acceleration constant

 is the steady-state angular velocity constant

 is the steady-state angular acceleration constant

It should be noted that tracking error due to the angular velocity component is removed in
this transition of compensation approach.

The ability to do more complete diagnostics will be of significant advantage. By including
a video plotting capability into the TSI, the tracking system operator will be able to test the
tracking system for proper function by plotting such functions as transient response and
steady-state tracking error response for each servo loop. This video plotting capability has
been included in some optical tracking instruments already and will be included on the
telemetry tracking systems in late FY84.

SUMMARY

The incorporation of intelligent tracking system interface as part of the WSMR target
acquisition system, provides significant advantages in the areas of servo performance,
steady state tracking errors, data distribution, instrument setup and diagnostics. A
summary of the present capability of the TSI, an intelligent interface, is given in Figure 11,
Capability of the TSI. A more detailed capability summary is given in Table 1, Capability



Summary of the TSI. The TSI performs the basic pointing error computation. Coordination
conversion is performed reducing target data distribution complexity. Servo compensation
is performed digitally; creating a Type 2 servo system from and Type 1 and providing for
adaptive control based on the magnitude and behavior of the pointing error. All of this
contributes to better servo performance. Prediction and smoothing capability improves
slave system composite pointing error. Last, but not least is the pre-mission evaluation.
The ability to have local control over slave track static pointing and dynamic slew
contributes immeasurably to setup, evaluation and correction of deficiencies before actual
mission support. The video plot capability will further enhance the ability to perform pre-
mission evaluation.

The Tracking System Interface provides a state-of-the-art approach to improving the
performance of the WSMR target acquisition system. This interface is inexpensive for the
capability provided and represents a low complexity approach to tracking system interface
operations. This translates into simplified ability-to-maintain and higher reliability; and
since everything is controlled by software, the interface is highly adaptable to new and
changing requirements.

WSMR has expended considerable effort in the development of this intelligent interface;
and would like to share the result with other DoD ranges to get the most out of the
investment. The contributory value to WSMR is significant and can offer other ranges
similar benefits.
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FIGURE 7  TSI BLOCK DIAGRAM



FIGURE 8  TARGET ACQUISITION SYSTEM B



FIGURE 9  PRESENT TSI PROCESS



FIGURE 10  TYPICAL SERVO SYSTEM
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ABSTRACT

Generalized use of ECL in telemetry systems requires the reduction of transmission line
theory, power distribution, topology considerations, and device characteristics to an
implementation that is reproducible, permits rapid changes, and is cost effective. Bringing
high data rates (up to 150 Mb/s) to everyday status was one goal in the development of a
LANDSAT-D format synchronizer. The unit had to perform preamble and minor frame
synchronization followed by decoding, decommutation, and formatting at the Thermatic
Mapper real-time rate of 85 Mb/s. To additionally handle MSS and standard telemetry, as
well as stream simulation and bit error rate measurements, a generalized solution was
required. This is in opposition to a specially designed unit to fulfill only LANDSAT
mission requirements. To produce the unit best suited to telemetry disciplines where
formats change rapidly, the unit was implemented using wire wrapped modules with the
stated goals realized.

INTRODUCTION

This paper deals with the broad aspects of high-rate equipment design. To achieve general
purpose, reconfigurable equipment requires much more than careful attention to
propagation delays and transmission line theory. The work described herein was
accomplished during the design of the 150Mb/sHigh-Rate Frame Analyzer (HRFAS) and
LANDSAT-D Format Synchronizer units, both developed under an AYDIN MONITOR
Systems contract with NASA, GSFC. Although this paper is centered around these
equipments, the reasoning behind the approaches developed has been explained to permit
application to the general case.

The development of a family of high-rate equipment (up to 150 Mb/s) began with the
adoption of a modular, well-defined electrical and mechanical environment. Other options



were reviewed and dismissed. For example, while mission-specific unit design would
represent the smallest total chip count (important to these rates), it would also reduce
flexibility and incur zero-based nonrecurring engineering costs. Another approach is to
upgrade existing designs by using faster logic families. This would involve too many ICs to
be practical in terms of repeatability, reliability, and recurring manufacturing costs.

The modular approach permits a cascading of capabilities since the modules developed for
one unit may be applicable to another, reducing unit development costs. Simple interfaces
between modules are adopted to permit flexibility and promote high-rate operation by
reducing the amount of high-rate interboard connections. After a study of chips-per-
function was made in existing designs, a board size was chosen, approximately 180 TTL
or 95 ECL. A bus for setup and status collection was developed, to which every module
must interface. These two factors alone, board outline and control bus, establish the
electrical and mechanical environment. All functional modules developed are, therefore,
transportable between units, allowing unique combinations of cards and the addition of
specials to address mission specific requirements.

At the module level, each function was reviewed with respect to its performance
specification and possible alternate design approach. From the start, it was obvious that the
amount of logic actually operating at bit rate had to be minimized. An example of the
results this approach yields is the bit error rate tester. It incorporates only 28 ECL ICs.
Their operation is supported by approximately 70 TTL chips operating at a parallel word
rate of 7.5 Mw/s. Obviously, it is easier to attain 150 Mb/s with 28 ECL and 7.5 MW/s
with 70 TTL chips than to take the brute force approach and use 50 plus ECL chips
operating at bit rate.

REVIEW OF ECL CONCERNS

Bit Rate

The design of circuits to be employed directly in the data path began only after certain
design guidelines were established. These guidelines were derived from the interactive
process of correlating the operating bit rate to the logic families available, to the
functionally desired, and finally to the power/size/cost restrictions imposed by the real
world. Bit rate has implications for the system beyond limiting the propagation delays
acceptable between elements in a synchronous system. At speeds of the TM link, 85 Mb/s,
wiring propagation delay becomes a significant factor, as does the apparent delaying of
clock lines due to edge distortions. Thus, the selection of design techniques must
incorporate clear topological considerations. For example, placing two elements an entire
board’s width apart may add as much as 2 ns to the net and prevent operation at the 



desired data rate. Although this extreme example is obvious, it illustrates the general
principle which must be considered at every step of the design.

Another bit rate derived requirement is the adoption of a completely synchronous clocking
technique. In a system where IC complexity is likely to approach 100 ICs per function, the
recurring test aspects of the system do not advocate the use of ripple counters or matched
combinational network delays. These are accompanied by the requirement for variable or
select by test delays for alignment of subfunction signals. Despite its advantages,
synchronous clocking is difficult to achieve, since the response time of the ECL families
requires the clock skew throughout the system to be well controlled.

Logic Families

There are primarily two ECL logic families, 10k and 100k. The 100k family uses a 24-pin
DIP package and contains more functions-per-package than the 10k family. It also includes
temperature compensation superior to 10k. Thus, signals which span a length of board
with an appreciable temperature delta do not suffer loss of noise margin due to temperature
shifted VBBs. The 10k logic also offers a significant improvement in speed. This
consideration is important not only for the frame sync board common to the 150 Mb/s
HRFAS unit, but to the 85 Mb/s LANDSAT presync card. Faster devices mean more gate
levels between reclocking which reduces chip count and, therefore, the potential for high
rate problems. The 10k devices have the advantage of a similar package size to TTL which
may be needed for space considerations on mixed board layouts. The 10k family also
offers more device types, presenting greater design flexibility.

Construction Techniques

There are basically three wiring techniques available to the logic designers: wirewrap,
Multiwire, and multilayer. The choice of technique to be used to achieve a generalized
application of high-speed logic involves quite a few parameters. The minimum recurring
baseboard cost (multilayer) does not represent the best impedance environment when
trying to place a large number of ICs in a given area. The best impedance environment
technique (Multiwire) does not present the best total project cost (measured including
development time and money), a keen concern of the user. The best total project cost
approach (wirewrap, below 100 Mb/s) requires the best designers to juggle multiple, often
conflicting, design techniques and rules.

Table 1 highlights the factors involved in the choice of wiring techniques. The importance
of each factor was determined to be:



1.  Density of ICs

Given that all methods may be used with an appropriate set of design guidelines, the
highest density of ICs represents the lowest risk for the following reasons:

a. Close spacing of elements lessens the importance of transmission line effects. Less
propagation time permits ringing to settle quicker before the data is clocked into a
register. Less propagation delay also makes more time to settle available between
clocks.

b. More subfunctions may be placed on a board. With fewer boards, fewer high-
speed backplane problems are encountered in the system.

c. Shorter clock runs facilitates low skew, faster clock operation speeds.

2.  Ability to make changes

This concern appears in all aspects of a module’s life. During development, the ability to
implement a change rapidly represents cost savings. Likewise, the ability to manufacture a
board ‘JUST LIKE’ an XYZ-type ‘BUT’ with a few changes here and there requires the
ability to make changes to an existing board to keep development costs down.

The density concern rules out the use of a multilayer technique, since it does not represent
the highest available density. The ability to make changes does not at first seem to rule out
the Multiwire technique. However, changes are made by baseboard cuts and wire
additions, a practice viewed with concern by Quality Assurance functions of most users.
To eliminate the added wires, subsequent iterations of wire list updates, prototype checks,
and final production quantity releases all combine to add substantial delivery delays to
what are always demanding schedules. Thus, the wirewrap technique, where changes are
made in exactly the same manner as the original wiring was performed, represents the best
choice to a practical utilization of high-speed logic in the telemetry field.

3.  IC Thermal Consideration

In a high density system, where boards are placed very close together, the ability to
provide adequate cooling of the chips is also a high priority. Using wirewrap simplifies the
cooling by essentially placing a heat sink on each IC lead (the wiring pin). Large amounts
of air are then passed over the boards, top and bottom, to provide the cooling required,
especially in the area of the socket pins. No exotic board-based cooling techniques need
therefore be employed.



Table 1
Consideration Factors of Wiring Techniques

SUITABILITY TO HIGH-RATE OPERATION
- Propagation per unit length
- Controlled impedance
- Low impedance power planes
- IC thermal dissipation
- Density of ICs

SUITABILITY TO THE PRODUCTION
EFFORT
- Absence of wiring errors
- Material costs
- Manufacturing costs, less boards
- Correction of wired board errors

SUITABILITY TO DEVELOPMENT EFFORT
- Ability to make changes
- Ability to make high-speed scope observations
- Changes should match production
   performance

SUITABILITY TO TYPICAL USER LIFE
CYCLE
- New board cost (development costs)
- New board design to delivery schedule
- Ease of modifications

OTHER HIGH-RATE CONCERNS

Consideration must also be given to the baseboard on which the logic is to be placed.
Power distribution must account for the higher currents associated with ECL logic,
especially the termination voltage. All power runs must provide a low impedance path to
the power source and be well bypassed using capacitors with lead lengths approaching
zero. At the edge speeds involved, the leads of the capacitor represent series inductors
with the capacitor, which undermines the usefulness of the capacitor.

The ground plane should be on the wiring side of the board in order to serve a second
purpose beyond power return. It also provides the wiring transmission line reference. As
such, it is important that the ground etch include the area between the IC leads over which
wires will be placed.

REVIEW OF UNIT REQUIREMENTS

A brief review of the LANDSAT-D data formats at this point will aid understanding of the
design development.

One or both data types (TM or MSS) may be downlinked to ground stations using an
X-band link. Thermatic Mapper (TM) data is output at 84.903 Mb/s and Multispectral
Scanner (MSS) data is output at 15.0626 Mb/s. Both use formats composed of.

Preamble - a predictable string of data used to achieve synchronization with
the start of each minor scan.

Start of scan code - one unique data word which identifies the start of video data
minor frames.



Minor frame data - the video data with sync patterns. TM frames are encoded by a
PN sequence.

Postamble - data output at the end of the minor scan. This may include
calibration data.

The format synchronizer must therefore contain three elements: 1) a preamble/start of scan
detector function to synchronize the startup of the minor frame, 2) a minor frame sync to
establish video frame data synchronization, and 3) a decommutator to reconstruct the
parallel sensor data for input to the computer.

For TM, the preamble consists of an 816-bit PN code sequence. The presync must detect
this and lock an internal generator to it. The PN sequence terminates on the all ones code
(10 sequential 1s) to indicate scan start. By using a local generator, the start of scan time is
located, even though a noise burst might obscure the 1s sequence on the link itself, causing
the entire mirror scan to be lost. MSS preamble consists of a repeating 6-bit word followed
by its complement to define the scan start. By combining the 6-bit start code with the first
6-bit minor frame sync pattern, a 12-bit start code can be detected. Only the presync’s
ability to detect these bits corrupted with errors prevents the loss of an MSS line.

TM minor frame data utilizes a 32-bit sync code. A conventional approach to a frame
sync, but at higher, rates is adequate for this data. Therefore, the HRFAS frame
synchronizer board set was used. The frame sync function was too large to fit on one
board, so it had been divided at a point to minimize the board interconnects. One board
compares the incoming data bit-by-bit to the sync pattern and outputs the resulting number
of errors in binary. The second board correlates the errors to the expected frame rate,
polarity, and applies a programmable sync strategy to achieve minor frame
synchronization:

The MSS data uses a 6-bit code augmented by a 6-bit complement code located at
midframe. Rather than add a special synchronizer to handle this format, the system



architecture was developed to permit the already special preamble board to aid in minor
frame synchronization. By adding a second binary input port to the FSC module, the
presync could input the number of errors detected on the 12-bit MSS code generated by
the sync and its 1/2 frame delayed complement. This significantly reduces the probability
of falsely locking on a 6-bit data word which resembles the sync pattern and permits a
straightforward approach to MSS synchronization. The alternative was to establish
variable width windows in which to search for the sync pattern, requiring more logic to
implement.

The decommutator packs the data into multiple byte words 32 bits wide (4 each, 8-bit
words) in order to handle the real-time rate for TM. This could be input to the processing
computer (array processor or 32-bit computer) for storage at an acceptable rate (85/8/4 =
2.5 Mwd/s). The TM data also required synchronizing to the PN sequence for decoding
the data. This was also considered a special function and placed on the ‘LANDSAT’
decom card.

With the above system capabilities at a ground station, the unit would therefore be capable
of handling MSS data at four times the input rate (60+ Mb/s) via tape playback. This is an
important consideration for picture production processing.

The unit also provides a rapid indication of the data quality without requiring the operator
to examine the video data as it is received and recorded. This is accomplished using the
known format characteristics:

*  count the number of expected frames of data
*  count the number of frames transferred to the CPU
*  count the number of minor frame dropouts
*  count the number of presync dropouts
*  count the number of flywheel minor frames

From these numbers, data quality can be deduced and monitored in real time.

The system also provides built-in tests for itself and other equipment using simulated data.
The simulator needed to have the capability to simulate the link formats as an aid to the
back-end processing equipment checkout. This dictated the development of a high-rate
stored program simulator. The unit also supports tape recorder checkout using bit error
rate measurements. This is accomplished using the simulator for data generation and a high
bit error rate receiver.

Local control of these functions is required for maintenance operations and stand-alone
operation. Remote control is provided for automated picture production facilities.



SYSTEM APPROACH TO THE PROBLEM

The adoption of a standard size module for all functions and the use of a standard bus for
setup and control data distribution facilitates future expansion and system reconfiguration
as requirements change. But it also imposes a trade-off by restricting the amount of logic
available per function. Some functions must be divided into two modules, such as the
minor frame sync. It has been found that such divisions often become an advantage, as was
the case in AYDIN’s LANDSAT unit when the need for a second error detector input (for
MSS) was discovered to be the best approach to synchronization of a less than optimal
sync pattern.

It is by repetitively reviewing the partitioning of functions, their interfaces, and
architectures, that a synergism of modules can be accomplished. The holistic system
approach may even be more important in the realization of high-rate systems than at the
lower rates. The setup function is an example. The standard bus for control eliminates
banks of switches and indicators from being wired directly to the front panel. Instead, a
microprocessor is now between all operator inputs (local or remote) and the boards via the
bus. Local control now utilizes a formatted, menu-driven CRT terminal. Adding or
subtracting modules requires only the addition or deletion of PROM data on the processor
board rather than new front panel metalwork and wiring. The same is true for RS232
control interfaces which required only the interface driver software to be replaced for
operation with different host computers.

ECL TECHNIQUES DEVELOPED

Nothing encountered or developed during the high-rate projects was new. All the problems
found could eventually be traced to some fundamental precaution or design guideline
found in device manufacturers’ literature.1,2 It is the relative importance, or misdiagnosis
of a problem where large amounts of time can be spent if the design did not take into
account ALL of the rules.

Because everything is clocked and reclocked after every few gate levels, the clock is
heavily fanned out. To keep clock skew to a minimum, not only must the chip topology be
considered, but all the subtle effects on an ECL signal must be accounted for or the clock
will be distorted. Distorted edges wil have the same effect on operation as skewing or
incorrect propagation delays. For example, the power ground leads of an IC cannot handle
large, high-speed current changes, as happen when all 8 outputs of a 100112 clock driver
become a logic 1 state simultaneously. The result is a knee in the rising edge, almost
appearing on an oscilloscope as underterminated net operation. The solution: keep
constant current on the power ground pins by terminating all unused complementary
outputs corresponding to a used output.



Another substantial problem when using DIP packages is the difference in Cout on the pins
at the end of the package. These pins have as much as 7 pF each, compared to 3 pF on the
center pins. When used to input to the end pins of other chips, total net capacitance of
20-40 pF is possible. This distorts edges and can produce output signals that appear
stretched relative to the input. The rule of thumb was adopted to never use the
complementary output to clock drivers, since they are located at the ends of the DIP
package.

Another source of edge distortion is poor parallel terminator bypassing. All the LANDSAT
modules used SIP terminator packages which have Vtt input on one end of the network and
no bypass capacitor built in on the other. This leads to noise on the far end pins generated
by other pins’ operation, causing crosstalk noise on critical edges.

One reason edge distortion is so critical is the relatively low (3-5 X) gain of ECL devices.
Signals that undergo simple edge rounding must be passed through several gates before the
normal, controlled rise and fall times are restored. In the case of edge distortion, where one
edge (rising or falling) is affected differently than the other, the signal will not be squared-
up to the original shape. Apparent clock skewing can be caused by the changing of the
duty cycle due to this effect.

RESULTING SYSTEM

Figure 1 shows the resulting AYDIN Model 443 LANDSAT-D Format Synchronizer. In
one 14"H x 19"W x 20"D chassis it contains:

- Removable Power Supply Drawer (+12, +5, -2, -5 volts)

- 90 Mb/s General Purpose Frame Synchronizer
32-65K bits/frame 0-15 error tolerance
AFS, CFS, APC operation 2-32 bit sync pattern with mask
0-15 check patterns ±1,2,3 bit window

0-15 flywheel lock patterns

- 90 Mb/s General Purpose, Stored Program Simulator
5 instructions 5 data sources for output
2 ID counters 2-32 bits/word, each output uniquely programmable
indexed data addressing 2048 by 32 data memory
1024 instruction memory

- 1 B/s to 90 Mb/s Frequency Synthesizer
determines simulator output rate
5-digit plus exponent resolution



- 90 Mb/s Bit Error Rate Tester
advanced 3 level, 2 register sync approach
maintains sync up to .40 BER environment
achieves resyne to true loss of sync within 148 bit times for BER better than .05
3 PN codes, 2 pattern lengths
10E3 - 10E10 measurement base

- Status and Counter Module
six 32-bit dual ranked counters provide data quality monitoring

- LANDSAT-D TM (85 Mb/s) and MSS (4X, 61 Mb/s) presynchronizer
12-bit sync pattern for MSS

- LANDSAT-D Decommutator
PN decode for TM end of scan shutdown
byte stacking computer data interface
1024 word by 32 bit FIFO frame flywheeling

- Microprocessor Based Operator Interface
dual RS232 interface for local and remote control
floppy disk interface for local storage of setup and simulation data

Figure 2 presents the block diagram of the unit. Note that the number of high-speed lines
has been kept to a minimum and in no case is there high-speed, critical feedback from one
card to another. Because three of the cards must support higher rate operations in the
HRFAS unit for TDRSS, ‘the interface and frame sync cards (EFP001, FSE001, FSC002)
were designed using 100k logic. To perform the large number of functions described on
one presynchronizer board, the LANDSAT MTP001 card also uses 100k logic. This
permits more gate levels between reclocking and therefore lessens the register overhead.
The mission-specific card, the decommutator, also contains the TTL-based computer input
interface. 10k ECL was chosen to perform the bit-rate functions, such as serial-to-parallel
conversion and PN decoding, while the byte stacking, FIFO, and setup interface use TTL.

Also note that the BER and SIM functions are performed using parallel, TTL processors
supported by ECL prescalers on the IFP001 module. These prescalers perform the parallel-
to-serial conversion function (22 ICs) and BER local PN sequence generation, error
detection, and error sampling (28 ICs). Error rate accumulation and PN sync/resync
strategy is done by the TTL BER002 card.



CONCLUSION

The goal of developing a standard solution to a non-standard problem generated a high-
rate technology base which can be expanded or reconfigured as simply as a 1 Mb/s TTL
modular system.

For example, the same functions can be made available (that is, data acquisition,
simulation, bit error rate tests, data quality monitoring, and local CRT control) for the
French SPOT satellite by replacing the LANDSAT-specific modules with a set tailored to
SPOT. In this instance, the MTP presync, the FSE and FSC minor frame sync set, and the
DCM decom module are deleted. Their unctions are replaced with two new modules. One
is a frame sync module capable of 25 Mb/s operation with the long SPOT data frame
(64-bit sync pattern on a 74000+ bit frame). The second module is a SPOT-specific
decommutator which performs serial-to-parallel conversion and data sample reconstruction
from the differentially encoded PCM data (DPCM).

Another variation is to delete the same modules as mentioned above and add a
conventional, low-rate TTL frame synchronizer and decommutator to permit the
acquisition of the LANDSAT-D Engineering Telemetry, or the Mission Format Telemetry.

Both these examples illustrate that the basic building blocks are configurable to permit
their use in widely diverse data acquisition functions without requiring extensive redesign.
That this technology base supports formats as commonplace as 8 Kb/s LANDSAT
telemetry, as complex as 85 Mb/s LANDSAT imaging streams, or as high rate as
150 Mb/s TDRSS downlink data illustrates that high-rate technology need no longer be
synonymous with highly specialized, dedicated systems. Technology is available to
support widespread, generalized use of 100 Mb/s telemetry.
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Figure 1.  Aydin Model 443 Landsat Format Synchronizer



Figure 2.  Model 443 Landsat Format Synchronizer Block Diagram
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ABSTRACT

The Physical Science Laboratory (PSL) is developing a balloon-launched platform that will
support a wide range of high-altitude projects. The Stabilized High Altitude Research
Platform (SHARP) will house several on-board microprocessor-based subsystems to
provide telemetry, command, and navigation data. Support for a wide variety of scientific
experiments requires versatile electronic subsystems aboard the platform. Using the STD
bus as a building block component, the Laboratory has designed and fabricated such
subsystems. The STD bus, a standard interface throughout the computer industry, was
chosen for the design because of its availability, ruggedness, versatility, and wide selection
of compatible, off-the-shelf components.

INTRODUCTION

The Physical Science Laboratory at Las Cruces, NM, was contracted by the U.S. Air
Force Geophysics Laboratory to develop a balloon-launched platform capable of
supporting experiments that require three-axis, stabilized pointing. The Laboratory was
asked to develop this platform to support normal balloon control functions, housekeeping
tasks, and experiment requirements. The support functions included telemetry encoding,
command encoding/decoding, platform navigation, and pointing. All of these support roles
would be mission-dependent and, therefore, would require maximum flexibility in
configuration and intelligence .

Because many of the experiments to be supported were under development, the support
configurations of the platform were undefined. It was obvious by the requirements that the
different tasks would require programmability. Off-the-shelf solutions would be required
because the command system would be used on other platforms. The system chosen would
have to be rugged, compact, and able to withstand long-duration flights at altitudes up to
125,000 feet. There was a strong desire that the various subsystems use the same type of



modules as much as possible to ensure interchangability and maintainability of the various
components.

With these requirements in mind, PSL decided to use a standard, off-the-shelf system that
would allow the platform to be tailored to the requirements defined for each payload
configuration. PSL chose the STD bus component line because of its ability to meet the
wide range of requirements at a cost-effective level .

DECIDING ON SUBSYSTEM DESIGNS

At the beginning of the project, there were many difficulties with the definitions of the
various subsystems on the SHARP design. An example was the definition of the telemetry
encoder. The usual questions arose when the use of the encoder was discussed: how many
channels, what type of signal (analog, digital , etc. ), sampling rates of the channels,
maximum size, and power consumption. These are classic questions that must be answered
when any airborne telemetry system is being designed. The mix of analog and digital
parameters is difficult to identify when a program is getting started. Even quantities of the
measurements to be encoded is difficult to scope. However, one thing is certain: the
number of measurements that are required to be encoded will grow to the defined limits of
the encoder. In a development project, this rule is usually honored.

Another subsystem PSL had to design was the command and control subsystem. This
subsystem had two distinct elements, the ground and airborne packages, that would have
to establish a one-way communications link and control the various functions aboard the
payload. The airborne unit would have to command payload functions in serial, parallel,
digital, and relay language. The airborne unit also had to check all of its received
commands for errors so that an erroneous command could not be executed. The rate of the
commands and how they would be executed were also undefined at the start of the
development.

A market search turned up several “off-the-shelf” solutions that would suffice for the
telemetry encoder design; however, this was not the case for the command systems. The
types of commands were basically defined but the details of the mix were not. As the
overall program progressed, the format of the airborne command system changed
drastically. With different experiments there would be different command types required.
There were many obvious solutions to the command system problem. The initial consensus
of the design team was to build special hardware that suited the defined requirement. PSL
had used this technique successfully in the past, but the devices, like most special-design
hardware, were always limited and difficult, if not impossible, to reconfigure. The final
consensus of the design team was that the project needed a solution that would be versatile
and still accommodate the foreseen expansion.



The third and most complex of the subsystems on the payload was the navigation and
stabilization subsystem. The main feature of the SHARP payload is a three-axis, stabilized
platform with the ability to “stare” at a target on the ground for prolonged periods of time.
The stabilized platform has the capability to compensate for the motion and drift of the
payload and the balloon. To accomplish this task it was obvious that an onboard computer
would have to calculate the platform corrections in realtime. In the overall design this was
the first real problem that required an airborne intelligence. Not only was an on-board
computer required, but several interfaces were required to link the position sensors to the
CPU. These sensors included gyros, encoders, and distance measuring units (DMEs). The
position of the platform was also required to be telemetered to the ground. The platform
itself was to have the capability for control from the ground in a “joy stick” mode of
operation. This meant linkage to the command subsystem.

Stabilization and navigation were not simple problems, as altitude above the target was
also a major consideration. An off-the-shelf guidance computer was considered, but the
costs were prohibitive and, after all, we were not going to go to Mars. The design team
decided to use an adapted version of an aircraft positioning system and conventional
aircraft gyros. All of these units required interfacing to a computer; ergo, the design began
to drift toward a bus-structured microprocessor system. As with any solution to a design
problem, the answer seemed simple once it was decided. There were many bus-structured
computer systems on the market with a seemingly infinite selection of interfaces and
microprocessors. The question became which bus and what mix of components should be
used.

SELECTING A BUS SYSTEM

The market place has a wide variety of bus-structured systems including CAMAC, STD,
S, and MULTIBUS. All of these systems have advantages and disadvantages in relation to
each other. The problem for the design team was to determine the system best suited for
our application. The design team set about developing guidelines for selection of the bus
system to be used in the platform. These guidelines included:

• Small size of the card cage and circuit boards.
• Rugged construction of components.
• Ability to operate in harsh environments.
• Wide selection of interface modules.
• Choice of microprocessors and memory types.
• Industry acceptance.
• Many second sources for components.
• Future product availabilty.



With these guidelines in mind, the design team examined the specifications for each bus
system and how the systems matched up.

The STD bus had the edge in size. Size, as well as weight, was important because of the
size constraints of the payload structure.

For ruggedness and operation in harsh environments, the STD bus again seemed to have
the edge. The STD bus components are designed to operate in the industrial environment
and, although the industrial environment is not the same as the environment in the
stratosphere, industrial environment tests did provide the temperature and handling
specifications needed by the design team. Temperature is the main enemy of components
on long-duration missions in the near-space regions of the atmosphere.

The choice of microprocessors available for the STD bus system was a parameter that left
something to be desired. Off-the-shelf, STD microprocessors consisted entirely of 8-bit
units and none of the new 16-bit “machines” that have considerably more computing
power. The bus is structured basically to support an 8-bit processing environment and does
not have the number of lines necessary to fully support the 16-bit microprocessors.

The choice of interfaces for the STD bus, however, seemed to be almost unlimited, with
second sources available for almost every type of interface. Because of the project
requirements, this wide selection of interfaces was a major plus in the favor of the STD
bus. A decision made by the design team at the beginning of the project came into play
during this stage of the selection process: minimize the use of custom-built components
and move toward increased usage of “off-the-shelf” material. The selection of circuit
modules for the STD bus was so good that it looked like many of the design problems of
the three subsystems could be solved with off-the-shelf components.

Industry acceptance of the STD bus was wide; also, excellent documentation was available
on the components and their applications. With this widespread use throughout the
industry, the future availability of STD bus items seemed assured. This observation was
supported by the announcements of new STD bus components almost each month in the
trade journals.

The only negative factor in the STD bus examination was the available selection of
microprocessors. All the other guidelines were met or exceeded by the STD bus. In short,
the bus seemed to be made for our application.

The other bus systems that were evaluated met some of the criteria but, for one or more
reasons, were eliminated during the selection process.



• MULTIBUS was eliminated because of its size and fragility.
• The S bus was disqualified because of its lack of component selections and the

possibility of its obsolescence.
• CAMAC was simply too large for this application.

With all of these facts in favor of the STD bus, it was the natural choice of the design
team.

CHOOSING THE APPROPRIATE MICROPROCESSOR

The next decision point in the design process was to select a microprocessor module that
would give the performance desired and have the software support necessary for the
project. The key to the development of any microprocessor-based system is the firmware
design and implementation of good, sound programming practices. The availability of
applications software that can speed this process is invaluable to the success of a
development project.

The unit chosen by the design team was the 4 MHz Z80 CPU with the supporting CPM
operating system. Both of these elements are practically industry standards; the CPM
operating system has extensive software packages available off-the-shelf. The only real
programming that the development team wanted to do was the individual drivers and the
English command translators. The CPM operating system also had several utility products
written for it that allowed the use of standard file transfer routines and back-up procedures.

DETERMINING THE BUS MODULES

After the bus system and microprocessor were chosen, the various subsystem designers
went about the task of choosing the bus modules that met their requirements. It was at this
point that the decision to use the STD bus system began to look like a wise decision.

Telemetry Subsystem Implementation (Ref. Figure 1)

The designer for the telemetry encoder subsystem found that all the required analog
interfaces were off-the-shelf items. The same was true for the parallel digital units and the
serial interfaces that were used to communicate with the other subsystems. The encoder
for telemetry looked to be almost entirely “off-the-shelf.” The generation of IRIG Bi-phase
PCM required only a serial SDLC card with a slight modification and the protocol turned
off. Because the interface cards were removable from the bus, a card mix could be selected
that would support the various mission requirements expected in the future.



The use of the microprocessor to control the sampling scheme gave the system the
versatility required in an evolving project. A baseline sampling scheme was developed to
handle the general case. All sampling tables were stored in PROM to control the CPU; to
change the sampling scheme, one merely changed the program in PROM. Nothing was
“fixed”; sampling rates, types of measurements, bit rates, interfaces selected, and sampling
schemes were not “locked in.” With upper frequency limitations, the system could perform
the housekeeping mission and be adapted to monitor balloon control functions.

Command Subsystem Implementation (Ref. Figure 2)

The designer of the command subsystem found similar success in using the available STD
bus modules in his application. The availability of relay cards was excellent with the same
choice in digital, parallel, and serial units. The “programmability” of the command
subsystem made it very versatile. Reaction to a received command can be programmed
into the command subsystem to provide a sequence of commands based on one input.
Other PROM-programmable features include: timed commands for execution for fixed
amount of time after reception; fail safe commands that do such things as restart the
computer and initialize the system if not reset by a ground command within a certain time;
and legal commands that the system will respond to. The execution of each command is a
programmable function that also resides in PROM.

For the command subsystem, the best “fall out” from the STD bus design was the error
checking capability that could be purchased. The error detection scheme chosen for the
command system was the cyclic redundancy character (CRC) test. CRC is supported by
several off-the-shelf units for the STD bus and is used in many computer applications
throughout the industry. This type of error detection gives the command subsystem
excellent protection from executing erroneous commands.

As with the other subsystems, the choice of which interface to use for the command
subsystem can be defined before each mission and is not a fixed parameter. The subsystem
is very versatile and almost all components are available commercially.

Navigation Subsystem Implementation (Ref. Figure 3)

In the navigation subsystem, there was a mixture of PSL-developed interfaces and off-the-
shelf units. This subsystem used the same computer module as the encoder and command
subsystems. The navigation computer, however, would be doing much more computational
work than the command and telemetry computers. To speed up the arithmetic performance
of the Z80 module, a floating point unit was added. The floating point unit was another off-
the-shelf module available for the STD bus. The interfaces to the gyros and the distance
measuring units had to be custom-built to support the aircraft-type hardware. These



interfaces and some transmitter pre-modulation filters were the only custom-built cards
that were necessary. Telemetry data from the navigation subsystem was sent to the
encoder via a standard serial interface. The motor controllers were also available off-the-
shelf.

The firmware programs for the three subsystems were developed under the same operating
system, with many of the programs being interchangeable between subsystems.

TESTING THE SYSTEM

Overall, the system (Figure 4) has performed very well. The hardware has been flown
twice with excellent success. There also have been a number of high-vacuum chamber runs
that have added to the reliability of the testing results. Actual balloon control functions
(e.g., valving, ballast control, and flight termination) have been accomplished during a
proof flight mission. During flight times, no anomalies have occurred with the STD units.

The dynamics of the system also were tested during the test flights. Each flight carried
different instruments to be supported by the system. These different configurations caused
changes in the telemetry sampling strategy and command formats. Last minute
configuration changes were accommodated without too much agonizing.

PSL constructed a portable command unit so that a full size computer would not be
necessary to operate the payload. This unit is very useful in readiness testing and remote
support roles. Again, it was built entirely of STD bus components.

SUMMARY

The STD bus exceeded the expectations of the design team in both performance and
reliability. It is functional and versatile with new products appearing every day. In fact, the
designers are looking at a new version of the Z80 module that carries more memory and
runs at faster execution speeds. The overall system meets the design goals of being
reflyable and reconfigurable, mission after mission, now and in the future.

The development of the Stabilized High Altitude Research Platform is sponsored by the
Air Force Geophysics Laboratory, Air Force Systems Command.



Figure 1  Telemetry Encoder Subsystem

Figure 2  Command Subsystem



Figure 3  Navigation Subsystem

Figure 4  Airborne Electronic System
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ABSTRACT

THE NASA DATA SYSTEMS STANDARDIZATION PROGRAM
RATIONALE AND SCOPE

Robert E. Smylie and Robert R. Stephens
NASA Headquarters

An unprecedented challenge to NASA’s data systems is presented by the operational
Space Transportation System and the attendant planned permanent facilities in space.
Large, extremely high data rate experiments are now possible. More importantly, re-visit
capabilities permit in-orbit payload change-out, precluding conventional ground testing of
the total system. End-to-end data system engineering and flexible architectural design are
mandatory if this challenge is to be met economically and effectively.

A simple, top-level logical reference model of the end-to-end data system is being
developed, which identifies the numerous functions and services which every automated
space data system must provide. Each function or service may be mapped into specific
physical subsystems, so that interface relationships are evident and “standard” protocols
may be identified for development. By virture of this interface standardization, subsystems
can be designed not only independently and in parallel, but with confidence that when the
subsystems are aggregated the end-to-end system will operate efficiently and at low cost.
A second purpose of the model is to identify technical opportunities for interoperability
between the space data networks owned by different agencies or countries, thereby
promoting cooperative international cross support of space missions. Fully-automated
virtual connection between an investigator and a sensor in space is postulated, with the
intervening system being fully transparent regardless of the physical configuration or
ownership of that system.

To date this standardization effort has been principally directed toward a problem unique
to space missions, namely the space to ground link. Mature “Guidelines” have been
prepared for the formatting and coding of telemetry data, and these guidelines are being
coordinated with approximately 12 other countries who have significant space activity.
Other developmental Guidelines include telecommand formats and protocols, timetags,
radio frequency/modulation techniques, and globally interpretable methods for the
exchange of many different types of message data. A formal work-flow has been
established whereby these Guidelines progress from concept papers to initial drafts
(“White Books”) , then through iterative review cycles where they exist as Drafts (“Red
Books”) and finally as completed Guidelines (“Blue Books”). This paper will review the
overall program of data system standardization currently underway within NASA.



1.0  INTRODUCTION

Current trends in the development of NASA space systems and in space mission
operations will have significant impact on requirements for the tracking, communications,
and data systems which support these missions.

At the same time, recent developments in the NASA communications and data systems
planning give promise of introducing new dimensions into the design and operation of
space missions and in the application and utilization of the space-derived data.

One of the planning developments which I consider of particular significance is the
growing awareness of the need for data systems standards and standardized approaches to
end-to-end data systems architecture.

We have, of course, always had data systems standards at the Goddard Space Flight
Center (GSFC) and at the Jet Propulsion Laboratory (JPL). System planning for multi-
mission support capabilities has long been a key objective of the NASA tracking and data
acquisition program, and standardized interfaces between spacecraft data systems and the
networks have evolved over the years as the system development progressed. At GSFC,
the Goddard Aerospace Data Standards Program has established and implemented a series
of standards for network support of earth-orbital spacecraft missions since 1963. In the
Deep Space Network, multi-mission telemetry and command systems have provided
standardized support capabilities for the series of planetary missions beginning with the
Mariner Mars ’69 flight. We expect similar benefits to be achieved in the Tracking and
Data Relay Satellite System (TDRSS) operation, for which the TDRSS Users Guide
defines standardized interfaces for all users.

This activity is now broadening and taking on new emphasis. We have initiated a NASA
data systems standards program and are also engaged in joint activities internationally,
with ESA and with the space agencies of other countries, directed at development of
common guidelines which could lead to compatible standards among the agencies.

In this paper, I will review briefly the environment to be expected from the trends and
developments referred to above and the challenges that they present to NASA data
systems planning. Then I will outline the structure and scope of our NASA data systems
standards program. There is a considerable background of data standards activities at
GSFC and JPL which helped provide a framework for establishing coordinated activities
both for NASA and with international space agencies in development of compatible data
standards. I will also touch on this activity.



This paper is in the nature of an overview. As you see from the agenda, separate and more
detailed papers on the prinicipal elements of the data standards program will be presented
later.

2.0  BACKGROUND - THE SPACE PROGRAM ENVIRONMENT

2.1  Spacelab and Space Station

The operational space transportation system, particularly with Spacelab, makes possible
large, multiple experiment, high data rate payloads. Many of these will be partially man-
tended in orbit and partially under real-time control from the ground in an interactive
mode, and will have a variety of data destinations for monitoring, analysis, and control.

The Space Station now under study will introduce a new level of complexities in mission
operations and in the design and operation of the attendant communications and data
system, on-board as well as on the ground. Although the Space Station architecture is still
under study, it is reasonable to make some projections and to consider their implications
upon the communications and data systems architecture.

We can expect a modular approach in the Space Station, with a number of separate
experiment modules or sectors. Each will have to interface with a centralized
communications, control, and data handling (CCDH) module. All communications with the
ground will be handled through the CCDH module and through TDRSS or its follow-ons.

The experiment or payload modules must be configured for in-orbit installation and
removal, with shuttle visits and revisits providing this in-orbit change-out. This in-orbit
change-out capability precludes the conventional ground testing and check-out of the end-
to-end communications and data system.

As the Space Station progresses, we can expect even more complex data flow
requirements: for example, between Space Station and near-by free flyers; between Space
Station and shuttle, among several independent experiment modules in the Space Station,
and perhaps between adjacent Space Stations or platforms.

In this environment, the need for an integrated end-to-end Space Station data system
architecture and for the development of appropriate data systems interface standards is
evident, and is in fact being addressed by a number of studies currently underway.



2.2  Planetary Exploration Missions

In the planetary exploration program, new approaches to the spacecraft systems and the
supporting communications and data systems are also to be expected. A recent report on
Planetary Exploration through the year 2000, by the NASA Advisory Council’s Solar
System Exploration Committee (SSEC) makes several relevant recommendations. The
report focuses on the need for lower cost missions; in that context, it develops a strategy
for significant increases in the number of planetary missions and, thereby, significant
increases in the volume of data to be obtained.

The SSEC report recommends a modular spacecraft approach that would allow
inexpensive reconfiguration from mission to mission, with standarized sub-systems
designs. The report also recommends multi-mission ground support systems, and identifies
past practices of developing mission-unique operations and data systems of a labor-
intensive nature as high cost activities to be avoided in future planning. The report further
recommends that data archiving and distribution should follow the recommendations of the
Space Science Board’s Committee on Data Management and Computation.

2.3  Committee on Data Management and Computation (CODMAC)

There exists under the National Academy of Sciences a Space Science Board which
provides policy and other guidance to NASA. The Space Science Board established a
Committee on Data Management and Computation (CODMAC) to study the data
management problems of NASA and other agencies. Their recent report is based on a
wide-ranging study which examined the management of existing and future space-acquired
data and its associated computation and processing and made recommendations for
improvements from the viewpoint of the scientific users. Its findings and recommendations
thus apply to science and applications data from earth-orbital spacecraft as well as to the
planetary mission data.

Several of the CODMAC findings are particularly relevant to the NASA data standards
program. The report cites problems encountered by the user community attributed to lack
of standardization in data distribution, archiving, and retrieval. It finds in particular that
data systems frequently have not been designed or implemented for interdisciplinary data
and that lack of standardization in data formats makes it difficult to correlate data from
different missions or other sources.

3.0  OBJECTIVES

We see the NASA Data Systems Standards Program as a necessary complement to the
prospective trends and characteristics of NASA’s future space missions. We believe the



program will also provide responsive actions to many of the CODMAC recommendations
and thereby improve the capabilities for a broader and more efficient utilization of all
space-derived data.

I have mentioned earlier the data systems standards activities at GSFC and at JPL. These
activities have long played an important role in providing guidelines for spacecraft systems
designers, by defining multi-mission support capabilities in the ground network,
communications, and data handling systems. They have demonstrated their value by
providing a stable environment which helped assure high levels of reliability and
performance in mission operation and by achieving economies through multi-project use of
the various elements of the ground data system.

We intend to broaden the scope of these activities in the institution of the NASA Data
Systems Planning Steering Group. The objectives of this Group are both managerial and
technical.

From the managerial viewpoint, it will serve to facilitate a coordinated approach, at the
program managers level, to data systems management issues which cut across Program
Office lines. We can expect to see such issues more and more, particularly as we move
along with the Space Station planning.

From the technical viewpoint, the Group will assure, by virtue of the foregoing
management approach, that we can effectively move ahead with an end-to-end data
systems approach to the technical problems. We will be able to develop and implement
data systems standards and standardized approaches in data systems architecture from this
vantage point.

4.0  STRUCTURE AND SCOPE

The NASA Data Systems Planning Steering Group is an inter-Program-Office activity
composed of representatives from the cognizant Headquarters Offices, including the Space
Station Task Force. The Steering Group will be supported by Technical Panels established
by the Steering Group for selected areas of specialization. Panel membership comes
primarily from the Centers.

The role of the Steering Group is to establish objectives and guidelines for the
development of data systems standards. The Steering Group coordinates activities in the
NASA standards programs and also coordinates NASA activities in this area with those of
other agencies, both national and international.



We consider the data systems standards activity in the international arena to be particularly
significant, and we are currently engaged in two efforts, each directed at the development
of mutually acceptable guidelines which could lead to compatible standards among the
participating agencies.

One is with the European Space Agency (ESA) , in the NASA-ESA Working Group
(NEWG). This was organized in early 1981 as a result of an exchange of letters between
the Administrator of NASA and the Director General of ESA.

The other is the Consultative Committee on Space Data Systems (CCSDS). The CCSDS
was organized in early 1982, resulting from a NASA initiative in convening an
international workshop on space data systems. CCSDS membership is open to any space
agency interested in the cooperative development of guidelines for compatible standards.

I will come back later to these two groups in presenting the current status of their
activities.

The diagram in Figure 1 depicts the functional relationship of the Steering Group and these
other groups.

5.0  INTERNATIONAL CONSIDERATIONS

It should be noted here that NASA has, from the early days of the space program, engaged
in cooperative space activity with other countries. This has manifested itself in several
ways, including:

(1) Other countries’ experiments on NASA spacecraft

(2) NASA ground network support of other countries’ spacecraft

(3) Joint spacecraft and payload development

(4) Joint mission operations.

We expect that this international cooperative activity will not only continue but is likely to
increase in several areas. Spacelab, itself perhaps the most ambitious cooperative space
program to date, will bring experiment payloads from several countries into orbit on the
shuttle.

At last year’s United Nations Conference on Exploration and Peaceful Uses of Outer
Space, the NASA Administrator proposed an international cooperative research effort in a



Global Habitability Program - a program which would involve extensive data sharing and
exchange among the nations involved. The report of the Solar System Exploration
Committee urges vigorous efforts toward increased international cooperation in solar
system exploration. And finally, the Space Station itself, when it comes into reality, will
surely open new areas for cooperative efforts in space sciences and applications.
Compatible data standards, allowing increased interoperability among the data systems of
participating agencies, will play an important role in such cooperative endeavors.

6.0  TECHNICAL CONCEPTS

The goal of standardization is to achieve an optimum degree of commonality and
interoperability within and among the data systems networks which support all classes of
space missions.

In order to provide a common basis for this avtivity, a reference model is necessary. Such
a model identifies the numerous functions and services which comprise the end-to-end data
system. With the model as a reference, the standarization effort then focuses on identifying
the common interfaces between elements of the data systems and developing jointly agreed
guidelines for the design of these interfaces.

Figure 2 shows the reference model which we have developed for this activity, jointly with
the NEWG and CCSDS members. The model depicts the processes of sensing and data
acquisition in regions of interest - a spacecraft observation, for example - and the local
processing and data transmission to the user region for processing and distribution to the
user. Conversely, it also depicts the controller’s generation of commands or control data
and its processing and transmission back to the spacecraft for on-board processing and
exercising control. The model thus reflects an interactive process, which is of course the
normal situation in our space data systems, even in planetary missions where the
“interaction” may require minutes or hours of round-trip transmission time.

Typical areas for data standards are indicated by the horizontal arrows. Throughout the
whole process, as indicated by the vertical arrow on the right, is the need and the
opportunity for application of common network protocol and standards format data units.
These areas will be treated in later papers in this session.

One very helpful application of the model is to serve as an architectural framework for
integrating development of future, or leading, standards with current standards already in
place. The functions and capabilities envisioned by the future standards can be overlaid on
the present capabilities and the required transition from “now” to “then” be more readily
examimed and visualized.



7.0  CURRENT STATUS AND FUTURE PLANS

There has been considerable progress in the NASA-ESA Working Group (NEWG) and in
the Consultative Committee for Space Data Systems (CCSDS) in the development of new
guidelines for data systems standards. The NASA Data Systems Planning Steering Group,
organized only a few months ago, has begun to interact with this NEWG and CCSDS
activity, and I expect to see an increasing emphasis in two directions in this interaction.
First, I expect the NASA Steering Group to assure coordinated inputs into NEWG and
CCSDS which reflect future NASA mission plans and requirements as well as capabilities
of current and planned NASA data systems. Second, I expect the Steering Group to assess
NEWG/CCSDS developed guidelines with the expectation of integrating them into the
NASA standards program to the extent that they are consistent with our own internal
program plans and requirements.

At the same time, I expect the Steering Group to examine the data systems aspects of
future NASA programs, particularly in the Space Station studies and to establish our
requirements for new data standards and initiate their development in the Technical Panels
of the Steering Group.

This activity is underway. Later papers will give more specific information.

8.0  CONCLUSION

The NASA data systems standards activity is an important step in assuring an orderly and
effective development of data systems for support of our future NASA space missions. It
will contribute benefits to all programs; but it is particularly essential that we be on this
road as we move along in the planning of the complex Space Station configuration. The
joint activity of the NASA standards program with ESA and the space agencies of other
countries will pay dividends in facilitating international cooperative missions the planetary
program, Spacelab, and in the future, the Space Station and will enhance the data exchange
and data sharing opportunities in all missions.

The potential of data systems standards activity is so great that it is easy to get carried
away. I would state just one note of caution. We do have in place today a number of major
data systems which must serve the NASA programs for some years to come. They cannot
be changed overnight. One of the challenges in the management of this program will be to
assure a smooth transition from the capabilities of today into those of future data systems.
New data systems standards should lead the way; but new standards, new capabilities, and
new systems must develop together in an evolutionary process. We cannot expect to have
a big step function in our activities.
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ABSTRACT.

During twenty-five years of space exploration by NASA, the formats and protocols used
within the flow of spacecraft telemetry and telecommand data have usually been
customized from mission-to-mission. Consequently, considerable resources are often
expended by each project in redesigning and testing significant elements of the spacecraft
and ground network hardware and software. This high degree of customization tends to
inhibit automation of the data handling processes, thus raising costs and potentially
reducing reliability.

The concepts of standardized “Packet Telemetry” and “Packet Telecommand” are
emerging as viable alternatives to the constant cycle of redesign. Within each concept,
autonomous “packets” of data are created within space or ground application processes,
using standard formatting techniques. These packets are then switched end-to-end through
the space data network to their destination application processes, using standard transfer
protocols. As a result the intermediate data networks may be designed to be completely
mission-independent, thus facilitating a high degree of automation and interoperability.

The Packet Telemetry protocols are currently mature and are in a final review cycle; the
Packet Telecommand protocols are more developmental, but essentially form symmetrical
“mirror-images” of the telemetry formats. This paper reviews both sets of standard
protocols.

INTRODUCTION.

The principal purpose of flying a space mission is to allow a human investigator (the
“user”) to interact with a phenomenon (the “domain of interest”) which can best be
observed from the unique vantage point of space. The user may be located in a 



comfortable facility on Earth, or may fly in space as a crewmember on a manned mission.
The domain of interest may be a scientific observation, or may be the space vehicle itself.

The user and the domain of interest are connected by a space data network, through which
flow streams of measurement and control information. This network configuration, which
is shown in Figure 1, has been expanded into a logical “reference model” in a preceding
paper (Reference 1).

The space data network may contain spacecraft sensors and effectors, spacecraft data
processing and storage subsystems, space-to-ground radio links, ground stations, ground
communications networks, control centers and user processing facilities. Telemetry data
units flow “downlink” from the sensors to the users, who analyze the incoming information
and subsequently generate telecommand data units which flow “uplink” to the effectors,
where their contents are executed to control the future acquisition of new measurements.

In the past, the data formats and protocols used within the bidirectional flow of telemetry
and telecommand information have been tailored to the needs of individual missions. This
situation has been a direct result of the immaturity of space electronics, since weight,
power and reliability considerations have dictated the simplest possible onboard
implementations. Consequently, a large amount of hardware and software redesign and
revalidation has been performed for each project, thus driving up cost. Customization also
inhibits automation of the data handling processes, resulting in a large amount of expensive
and unreliable human involvement. Interoperability of spacecraft (i.e., the capability to
rapidly and automatically switch spacecraft data between arbitrary configurations of the
supporting ground networks) has been correspondingly low.

In response to the recent availability of space-qualified microprocessors, the opportunity
exists to consider new ways of handling telemetry and telecommand data streams. In
particular, the new technology permits a much higher level of inter-mission standardization
to be contemplated. NASA, in concert with partner agencies in other countries, is currently
designing a “new generation” of standard formats and protocols which can significantly
increase the level of automation and interoperability possible within the telemetry and
telecommand data handling processes. “Packet Telemetry” and “Packet Telecommand”
are the names given to the new concept.

Packet Telemetry represents an evolutionary step from the traditional time-division
multiplex (TDM) method of transmitting scientific and engineering data from spacecraft
applications processes to users on the ground. Packet Telecommand provides a
symmetrical method for users to transmit supervisory information back up to the spacecraft
to control those processes. Both concepts involve:



- Encapsulating autonomous sets of telemetry or telecommand data (together with any
available ancillary parameters, such as “time”), to form standard-formatted “packets”
of information which can be automatically and independently routed between space
and ground application processes.

- Providing standardized mechanisms whereby the packets of telemetry or
telecommand information can be multiplexed into suitable transfer protocols, for
transmission through the noise-prone radio links which interconnect the spacecraft
and the ground.

Packet Telemetry and Packet Telecommand have the features of:

• Facilitating the bidirectional interchange of measurement and control data between
spacecraft and users, at rates appropriate for the applications being conducted.

• Defining standard logical interfaces and protocols between an instrument and its
associated ground support equipment which remain constant throughout the life-cycle
of the instrument (bench test, integration, flight, and possible re-use).

• Simplifying overall system design by allowing a microprocessor-based symmetric
design of the instrument control and data paths (“command packets in, telemetry
packets out”) compatible with commercially available components and
interconnection protocol standards.

• Eliminating the need for mission-dependent hardware and/or software at intermediate
points within the distribution networks through which space data flow; in particular,
enabling the multimission components of these networks to be designed and operated
in a highly automated fashion, with consequent cost and performance advantages.

• Facilitating interoperability of spacecraft whose telemetry and telecommand interfaces
conform to these standard protocols, i.e., allowing very simple cross-strapping of
spacecraft and ground network capabilities between Agencies.

• Enabling the delivery of high-quality data products to the user community in modes
which are faster, cheaper and more reliable than would be possible with conventional
systems.

CONCEPTUAL OVERVIEW.

A simplified overview of packetized space data interchange is presented in Figure 2.
Independent sensing sources in space create measurements of the domain of interest and



format them into standard telemetry packets (TPs). A spacecraft processor switches the
telemetry packets from multiple sources together into a single stream, and dispatches them
to the ground as the contents of standard fixed-length “frames”. A ground processor
captures the frames and extracts each telemetry packet, which is then delivered to the
appropriate user.

Based on analysis of the incoming measurement data, the user creates control data for
transmission to the spacecraft in order to modify future data acquisition. Each user formats
the control data into standard command packets (CPS). A ground processor switches the
command packets from multiple users together into a single stream, and dispatches them to
the spacecraft as the contents of standard variable-length “blocks”. A spacecraft processor
captures the blocks and extracts each command packet, which is then delivered to the
appropriate effector for execution.

ATTRIBUTES OF STANDARD PACKETS.

Telemetry and telecommand packets are end-to-end data objects which have the following
common structural attributes:

• They are of variable length, in order to accommodate the formatting needs of the
applications being conducted.

• They have three principal components:

- A standard “header” or labelling field, which identifies the application process
that generated the user data, and provides sequence control and length
information.

- A user-specified data field.

- An optional error-control field.

The formats of telemetry and telecommand packets are essentially identical, as shown in
Figure 3. They both contain the following format elements:

1. Packet Primary Header.

The primary header provides a standard label for all packets. It contains three fields:



(a) Packet Identification.

This 16-bit field begins with a 3-bit version number which defines the format of the
remainder of the packet. Only one version of the Telecommand Packet is currently
defined. Two versions of the Telemetry Packet are recognized, one being a regular packet
and the other being a “telemetry segment” which allows long packets to be broken into
shorter entities for network flow-control purposes.

One bit in the field is reserved as a spare, for possible future use. The remaining 12 bits
identify which spacecraft application process is the source (telemetry) or sink
(telecommand) of the data encapsulated within the packet.

(b) Packet Sequence Control.

This 16-bit field contains a sequence counter which “names” this packet so that it may be
discriminated from others associated with the same application process.

(c) Packet Length.

This 16-bit field contains a direct count of the number of octets (8-bit words) that are
contained within the packet.

2. Packet Secondary Header.

The secondary header provides a facility for inserting ancillary or correlative information
which may increase the autonomy of the packet. One parameter which will often be
present is the time of generation or execution of the packet. (Standard timecodes are
discussed in Reference 2).

3. Packet Data Field.

Other than a requirement that the field is an integer multiple of octets in length, the internal
format of the user data is unconstrained.

4. Packet Error Control Field.

If desired, an error-detecting code may be computed for the entire packet, and appended in
this field. The choice and length of encoding polynomial is presently left to the user.



DATA TRANSFER BETWEEN SPACE AND GROUND NETWORK
ELEMENTS.

The Telemetry and Telecommand Packet structures described above are unsuitable for
transmission directly through the radio links which interconnect the spacecraft and ground
systems. Instead, they must be embedded within “carrier” data structures which provide
reliable, error-controlled transfer through these media. These carrier structures also permit
independent packets to be multiplexed together, so that flow control may be achieved.

On the downlink, Telemetry Packets are encapsulated within “transfer frames”, which
provide the ground processor with sufficient control information to extract and assemble
files of individual packets.

On the uplink, Telecommand Packets are inserted into “telecommand blocks” for
transmission to the spacecraft. Acceptance or rejection of blocks by the spacecraft is
reported via a standard control field in the downlink transfer frame header. Within the
ground network, “command operation procedures” may be invoked to control the closed-
loop retransmission of erroneous blocks.

For reasons of communications efficiency, the frames and blocks have fixed maximum
length. Therefore, several mechanisms are provided to break long packets into “segments”
for transmission: these are discussed in detail in References 3 and 4.

TELEMETRY TRANSFER FRAME.

The format of the standard telemetry transfer frame is shown in Figure 4. The frame has
the same structural attributes as a packet, i.e., a standard frame header, a data field, and an
error control field. The frame, which is of fixed length within a particular mission, is sized
to fit within the data space of a Reed-Solomon codeblock (see Reference 5); application of
this encoding scheme is highly recommended for packetized telemetry systems, since
virtually perfect data quality may be achieved.

1. Transfer Frame Header.

The header provides delimitation, identification and sequence control of the frame, as well
as control information which describes how the packetized data are inserted into the data
field. The header contains six subfields:



(a) Synchronization Code.

This 32-bit subfield provides a marker which delimits the boundaries of the frame. Since
the frame is of fixed length, conventional “flywheeling” techniques may be used to
maintain synchronization in a noisy environment.

(b) Frame Identification.

This 16-bit subfield begins with a 2-bit version number which permits future format
evolution: only one version of the frame is currently defined.

The subfield also contains a 3-bit virtual channel identifier, which allows up to eight
different logical “types” of frame to be defined. Each logical virtual channel has its own
sequence counter for accounting purposes. One use of virtual channelization is to provide a
method of segmenting very long packets by assigning them to their own dedicated logical
channel: in this way the downlink channel capacity may be allocated to long-packet users
on a frame-by-frame basis, thus preventing “hogging” of the link by a single user.

The spacecraft which generated the frame is defined by a 10-bit spacecraft identifier,
which is internationally assigned by the Consultative Committee for Space Data Systems
(CCSDS).

(c) Command Link Control Word.

The Packet Telecommand concept (Reference 4) requires that a mission-independent
method must be provided for reporting acceptance or rejection of telecommand blocks
transmitted on the uplink. The 16-bit command link control word provides this reporting
facility, so that closed-loop retransmission of any erroneous blocks may be performed.

(d) Master Frame Count.

This 8-bit subfield increments once per frame, and provides short-term verification that no
frames are missing.

(e) Virtual Channel Frame Count.

This 8-bit subfield is used in conjuction with the virtual channel identifier, and increments
once for each frame generated on a particular logical channel.



(f) Frame Data Field Status.

This subfield provides the control information which describes how packets are inserted in
the frame data field. Normally, packets from multiple sources will be multiplexed together
back-to-back without any fill, and may thus be split between frames. Packets are always
transmitted as a contiguous set of bits, i.e., they are not switched together on a word-by-
word basis as with a conventional TDM system.

As noted, several options exists for segmenting long packets. One option uses a special
Version-2 telemetry packet whose length is a fixed binary value: the segment length
identifier specifies which value is selected.

The packet order flag may be set if packets are replayed from an onboard tape recorder in
reverse direction. In this case, the flag indicates that the sequence counts of the packets
may be expected to decrease rather than increase. Note that if reverse-replay is selected,
the bit-order of each packet must be rejustified by the spacecraft to appear in a forward
direction (i.e., most significant bit first) before insertion in the frame.

The synchronization flag is set if the contents of the frame do not conform to the standard
method of packet insertion, e.g., their bit direction is reversed, or they do not otherwise
conform to the standard format.

In order to extract packets from the data field, it is necessary to know where the first
complete packet header is located. The 11-bit first header pointer contains a count of the
number of octets into the frame at which the first complete packet header will be found.
Having found this header, the start of the next packet may be determined by a chaining
procedure whereby the packet length field in successive packets is examined.

2. Transfer Frame Data Field.

The frame data field contains the telemetry packets (or segments of long packets),
normally multiplexed together one after the other.

3. Transfer Frame Error Control.

The preferred method of transmitting spacecraft telemetry data to Earth is to encapsulate
the transfer frame within a standard Reed-Solomon codeblock (Reference 5). Reed-
Solomon encoding provides essentially perfect data quality with the lowest transmitted
power requirements of all present encoding methods. If Reed-Solomon encoding is
performed, then separate frame error control is not required and this field is optional. If
Reed-Solomon encoding is not used, then the last 16-bits of the frame must contain a



powerful error detecting code so that the ground network may determine whether an error
potentially exists.

TELECOMMAND BLOCK.

The Telecommand Block has the same structural attributes as a packet, i.e., a standard
block header, a data field, and an error control field. Blocks are of variable length, up to a
maximum of about 2000-bits.

Two versions of the block are currently defined. The standard Version-1 format, which is
shown in Figure 5, is used to carry pieces of user packets which are longer than the
maximum block length and have therefore been broken into segments: it thus contains its
own sequence count and length information. If all packets within a mission are shorter than
the maximum block length, then the Version-2 block may be used: this structure carries
whole packets only, and for reasons of efficiency the sequence count and length fields are
omitted from the block, since these are provided by the packet header.

1. Telecommand Block Header.

The block header contains the control information necessary for the spacecraft to
reassemble telecommand packets which have been transmitted from the ground. The
Version-1 block contains three subfields:

(a) Block Identification.

This subfield begins with a 2-bit version number which permits future format evolution. It
is followed by a 3-bit virtual channel identifier which, in the same way as the telemetry
transfer frame, allows the single physical uplink path to be logically broken into eight
virtual paths for different onboard addressing and routing purposes. One virtual path may,
for example, be used for transmitting “emergency” commands by interleaving them with
large preprogrammed command loads.

The subfield also contains a block acceptance and reporting mechanism (BARM) flag,
which provides the spacecraft with the criteria to be used for accepting or rejecting the
block. The BARMs are selected according to the command operation procedure (COP)
being used by the ground network. “COP-10” is a closed-loop sequential retransmission
mode, where blocks are only accepted in sequential order. “COP-20” is a closed-loop
selective retransmission mode, where blocks are accepted regardless of their sequence.
“COP-30” is a non-sequenced or bypass mode, suitable for open-loop commanding or
emergency operations, where block sequence is ignored.



The 10-bit spacecraft identifier describes the particular vehicle which is being addressed. It
is identical to the spacecraft ID in the telemetry transfer frame, and is assigned
internationally by the CCSDS.

(b) Block Sequence Control.

This 8-bit counter provides the serial number of the block, which is used by the spacecraft
according to the block acceptance criteria. The serial number of accepted blocks is
reported in telemetry to facilitate retransmission of erroneous command data. In Version-2
blocks, the packet sequence control field provides this function.

(c) Block Length.

This 8-bit subfield contains a count of the number of octets of data contained within the
block, including header and error control. In Version-2 blocks, the packet length field
provides this function.

2. Telecommand Block Data Field.

This variable length field contains one user Telecommand Packet or, if the packet exceeds
the maximum block length, one segment of a user packet.

3. Telecommand Block Error Control.

This 16-bit subfield contains a checksum of all data contained within the block.

MISSION APPLICATION.

The Packet Telemetry and Packet Telecommand formats and protocols described in this
paper are generally applicable to all classes of space missions, including low-Earth
orbiters, deep-space probes, and manned vehicles. They will be of particularly high utility
to NASA’s new Space Station initiative, since they provide a degree of structure and
interface standardization which will be essential to the complex and varied vehicle and
payload configurations which will be flown. It is postulated that these standards may also
be useful to military missions, since the potential for vehicle interoperability is significantly
increased.

STATUS AND PLANS.

At present Packet Telemetry is a mature concept which, through a program of work
established within the Consultative Committee for Space Data Systems, is proceeding



towards adoption as an international guideline for future space telemetry formatting. It is
hoped that a final guideline will be approved at the CCSDS plenary meeting in the Spring
of 1984.

Packet Telecommand is still in a developmental stage, and the NASA/ESA Working
Group (NEWG) has been acting as an “engine” for bringing the concept to a state where it
may be adopted by the CCSDS. The goal of the CCSDS is to advance Packet
Telecommand to the present level of maturity enjoyed by Packet Telemetry early in 1984.

In the interim, NASA will welcome comments, suggestions and offers of participation
relative to these important new areas of standardization work.
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ABSTRACT.

Channel coding is a well-established method for improving the performance of a channel,
or link, between space and earth. Until recently, the types of codes and their parameters
were frequently tailored to optimize the performance of the data through a channel for a
specific application. Furthermore, lack of coordination led to a situation where different
developing bodies pursued slightly different schemes with essentially the same
peformance. This resulted in a proliferation of coding schemes which inhibits
interoperability (among centers as well as agencies) and cross support.

Work has been done by two recently-established standards coordinating bodies, the
NASA-ESA Working Group for Space Data Systems Standardization (NEWG) and the
Consultative Committee for Space Data Systems (CCSDS), to standardize on a few high-
performance codes for general applicability. These codes, which are described in the
NEWG Telemetry Channel Coding Guideline (Reference 1), can provide up to 6.8 dB of
coding gain. They may not be perfectly optimized for every mission, but they can, in most
cases, provide satisfactory performance at low cost through amortization of development
costs. This leads to affordable inter-center and inter-agency cross support, and cooperative
missions.

Error protection is similarly needed for telecommanding, and work has been under way in
the CCSDS to establish a Telecommand Channel Coding Recommendation. Status of this
work, and methods of synchronization and telecommand frame error protection, are
discussed.

This paper may also be of interest to other non-NASA space communication channel
users.



INTRODUCTION.

The radio link between space and ground (the “Channel”) may be prone to errors resulting
from a poor signal-to-noise ratio. Corruption of the received signal by noise may exist
when the signal is very weak because it has travelled over immense distances as in deep
space applications, or it may be observed in shorter links (such as through earth-orbiting
relays) subjected to noise or severe interference. In either case, the result is improper data
transfer.

Channel coding may be applied to the data being transmitted from the spacecraft which
will enable a decoder at the receiving end to correct a limited number of errors. If the code
is chosen carefully, “clean” (relatively error-free) data may be recovered even though the
channel itself is very “noisy.”

Many studies and experiments have been carried out over the past ten to fifteen years in
search of suitable error-correcting codes for space communications to efficiently provide
much protection for little penalty. This has led to a multiplicity of approaches to
accomplish similar ends among different NASA centers as well as among different space
agencies of the world. The standardization efforts now under way are attempting to reduce
the proliferation of precisely-tailored schemes for each application, and instead adopt a
few well-supported, “standardized” schemes that will serve most needs for a reasonable
period into the future. The cost savings in repeated new equipment design, fabrication,
test, qualification, operations and training are as obvious as the improved opportunities for
cross support between agencies and between centers.

It should be pointed out that such standardization is not intended to inhibit advanced
coding studies or even the adoption of better coding schemes in the future. It is merely
intended to provide an affordable solution for a majority of users. If a project’s needs
cannot be satisfied by these standardized approaches, it must pay, as in the past, the price
of new development.

In this paper, Telemetry Channel Coding will be discussed first, then Telecommand
Channel Coding.

CURRENT STATUS.

Work has been progressing over the past two years within the NEWG to establish a set of
guidelines upon which each of the two agencies could base its internal standards to ensure
coordination and interoperability for cooperative missions. The NEWG Guideline has been
published as a “Review Draft” (Reference 1). This same book has recently been submitted
to the multi-agency Consultative Committee on Space Data Systems (CCSDS) to become



its Coding Recommendation “Review Draft.” Finalization of the book is planned at the
May, 1984 plenary meeting of the CCSDS.

THE NEED FOR CODING.

Coding is one of several alternative ways of improving the effective performance of the
channel. Older, more familiar alternatives such as increasing power level, increasing
antenna gain, improving the precision of antenna pointing and the use of lower-noise
amplifiers have been largely exploited to their limits. Further improvements by these
means are very expensive. However, coding is a cost-effective alternative, and when very
low error rates are desired, may be the only affordable means.

The dramatic improvement coding provides for very low error rates may be seen from
Figure 1, where an uncoded channel, is compared to two of the recommended codes. At
bit error rates (BER) of 10-2 or 10-3 the advantage of coding over no coding is small. When
very low BER are required (e.g., 10-5 or 10-6) the alternative uncoded methods for a given
improvement in signal to noise ratio do not provide as effective an improvement in actual
BER as the coded methods. For a performance of 10-5 BER, for example, a coding gain. of
4.7 dB may be achieved by using the recommended convolutional code, or 6.8 dB with the
concatenated convolutional and Reed-Solomon code. At lower error rates, the
improvement is even more pronounced.

Errors in received data have been tolerated up to now primarily because the quantities of
data we have had to deal with have been relatively small. Since errors in the data were
expected, we became accustomed to the high cost of correcting the errors by human
intervention. Newer generation spacecraft and more ambitious missions will demand more
and more data of better quality from space. However, we are becoming strangled in our
ability to get this data back to the ground. Limitations that go beyond channel SNR
performance include regulatory bandwidth restrictions, regulatory limitations on earth-
received power flux densities, and the high cost of transporting and processing the data
once it arrives on the ground. Solutions to overcome these limitations are being developed
in three areas, each of which demands a very low error rate to be effective.

The first area of development is on-board data compression, where the redundancies in the
telemetry data are extracted, and only the essence of the information is transmitted through
the channel. This reduces the quantity of data transmitted, but requires a nearly error-free
channel to reconstitute the original data. An error in the compressed data could propagate
into many errors in the reconstituted data set depending on the amount of compression, the
algorithm being used, and the location of the bit error.



The second reason for needing low error rates is adaptive telemetry. The spacecraft we
have built up to now may have had instruments with selectable modes, formats and rates,
all of which have been programmed by ground controllers ahead of time, according to a
plan. Format changes in the received telemetry, since they have been planned, can be
anticipated on the ground at any given moment. New generation instruments will use their
on-board microprocessors to do a first-level analysis of the data, and determine if a mode,
format or data rate change is needed, capturing many transient scientific observations that
would be impossible otherwise. When an adaptive change is required, the instrument
executes it on-board without knowledge or planning from the ground controllers. The
changes are signalled by flags in the headers of the packets, which trigger the proper
ground processing routing and processing algorithms. It is clear that ground processors,
when driven by the data they are processing, would be susceptible to even occasional bit
errors in these key fields.

The third reason is that future ground processsing of great volumes of data must be done
automatically - that is, with as little human intervention as possible. In the past, errors were
frequently corrected manually or by rerouting selected data sets through correcting and
smoothing programs. While this may have been cost-effective for the relatively small
amounts of data involved, this type of overhead will no longer hold true for large amounts.
The only affordable solution is to recover clean data on the ground before automated
processing begins.

APPLICATION OF THE CODING GUIDELINES

The NEWG and CCSDS have tentatively adopted several specific channel coding schemes
for international cross-support of missions. The first is a specific convolutional code which
will serve as the basic coding scheme for earth orbiters (whether or not they utilize the
Tracking and Data Relay Satellite System - TDRSS,) as well as for deep space missions.
Because of a highly specific RFI problem, a periodic convolutional interleaving scheme is
required in addition to this convolutional code, but only for spacecraft using the TDRSS
S-band single access channel at channel symbol rates above 300 ks/s. Finally, when a
more powerful code is desired than the convolutional code alone, it is recommended that
the convolutional code be concatenated with a specific Reed-Solomon code. Highly
elliptical earth orbiters and deep-space missions are examples of missions which may
require the latter.

The NEWG guideline is intended to be incorporated into the official NASA and ESA
Standards. It carries no formal enforcement power by itself. It applies mainly to
cooperative missions between NASA and ESA but it is being adopted as a baseline for a
similar agreement by the Consultative Committee on Space Data Systems for future
cooperative missions among other space agencies. It should be recognized that by virtue of



the forward-looking focus of this work, it provides guidance to each of the participating
agencies for their own internal standards development work. In particular, it should help
reduce the proliferation of nearly equivalent but not quite compatible alternatives that
frequently accompany highly technical but uncoordinated work. The standards help to
furnish the necessary coordination.

To clarify a common misconception, the Coding Guideline does not require that coding be
used on any mission; but, if it is found that coding is necessary to achieve the required
mission performance, then the recommended affordable schemes for cross support are
those described in the guideline.

CONVOLUTIONAL CODE.

The convolutional code chosen for the Guideline is characterized by having a constraint
length of 7 bits, and a code rate of 1/2 bit per symbol. The decoding process uses Viterbi’s
maximum-likelihood algorithm. Complete details of the recommended code are given in
the Guideline (Reference 1) At the earliest meetings of the NEWG coding panel, this code
was recognized as an existing standard at JPL, GSFC and ESA, and a prime candidate to
become a NEWG standard for interoperability.

It was not until the more detailed specifications were carefully scrutinized that it was
discovered that each of the three organizations (ESA, GSFC and JPL) had implemented
seemingly minor differences in the code, in some cases making compatibility impossible.
The reasons were obscure, since in each case the performance was identical. The
comparison of the three conventions can be seen in Figure 2 viewed in terms of an on-
board convolutional encoder.

It was quickly agreed that even though the ultimate objective would be to pick one of the
three for a universal standard, ongoing and already committed missions would still need
support with the different codes for a considerable period - perhaps ten years. Therefore, a
near-term approach was agreed wherein each organization would support its own
convention as a primary service, while accepting the other conventions as a secondary
service. (Here, “secondary” means that full capability might not be available, but some
limited means of cross support could be provided.) For future missions over the long term,
the GSFC convention was tentatively adopted because it was apparent that if a different
single convention were chosen, GSFC would incur the greatest cost to change.



CONVOLUTIONAL CODE WITH PERIODIC CONVOLUTIONAL
INTERLEAVING.

Spacecraft using the TDRS S-band single access channel at channel rates above 300 ks/s
are required to follow the convolutional encoding with a synchronized periodic
convolutional interleaver of depth 30. This spreads the information in such a way that the
pulsed radio frequency interference on this channel should not corrupt a contiguous set of
symbols beyond the correcting capability of the convolutional code. Since interleaving is a
unilateral requirement of the TDRSS project, it was decided to specify detailed parameters
of the interleaving by reference to the TDRSS Users’ Guide. (Reference 3)

It is also recommended that TDRSS-supported missions which may have some need for
non-TDRSS support, (such as cooperative missions or those desiring emergency ground
support) must incorporate an ability to bypass the spacecraft interleaver. Direct links to the
ground are not subjected to this interference, and therefore do not need interleaving; but
more importantly, de-interleavers do not exist in such stations!

CONVOLUTIONAL CODE CONCATENATED WITH REED-S NON CODE.

The most powerful code contained in the recommendation is the concatenation of the
convolutional code specified above with a Reed-Solomon (R-S) code. In this case, the
convolutional code is the “inner code” and the R-S code is the “outer code.” This means
that the data on the spacecraft is encoded first by the R-S encoder, and then this encoded
stream is further encoded by the convolutional encoder. The opposite sequence is used for
decoding on the ground.

The R-S code is a block code; its parameters are specified in detail in Reference 1. The
recommended R-S symbol length is 8 bits, and an R-S codeword is thus 255 symbols long.
The symbol error-correcting capability is 16 symbols. When interleaved to the
recommended depth of 5, the resulting 10,200 bit codeblock consists of an 8920-bit
“transfer frame” followed by 1280 bits of R-S check symbols.

This transfer frame length is identical to that recommended in the Packet Telemetry
guideline, and it is required that the R-S codeblock be synchronous with the telemetry
frame. It is currently necessary that codeblock synchronization be accomplished using the
transfer frame sync word. Advanced development in self-synchronized R-S codes may
permit these to be separated in the future.

The low overhead of the code (less than 15%) provides excellent performance with very
little added bandwidth, and the code parameters have been tailored to minimize on-board
hardware and complexity.



The R-S code, being systematic, places all the information bits (i.e., the transfer frame)
intact at the beginning of the codeblock and the R-S check symbols at the end. Thus,
during system test or other times when the error-correcting capability of the code is not
needed, telemetry may be read directly without a decoder, and without disabling the
spacecraft encoder.

While not encouraged, it should be noted that this coding scheme can also be used with
non-packetized telemetry systems, and can be used with transfer frame lengths shorter than
8920 bits by utilizing the concept of “virtual fill.” Both encoder and decoder are initialized
to expect a fewer number of leading bits per transfer frame than allowed by the maximum
codeblock, and the missing (non-transmitted) bits are set to be all zeros. Frame lengths
incrementally shorter than 8920 bits may be accommodated as long as the increments are
in multiples of 8 bits times the depth of interleaving. The user must be cautioned that using
virtual fill changes the overall performance of the code to a degree dependent on the
amount of fill used.

The performance of this scheme without virtual fill, is shown in Figure 1. The steepness of
the curve leads one to expect either “clean data” (to the right of the curve) or data so
corrupted with uncorrectable errors as to be unusable (to the left of the curve.) One of the
most profound attributes of the Reed-Solomon code is that the decoder can flag the user
when the data is so bad as to be uncorrectable, instead of merely trying to correct as best it
can. Under these circumstances, a user can specify that he wants to have delivered to him
(and possibly pay for) only good, corrected data; uncorrectable data may be discarded
before transporting.

When the NEWG Coding Panel began this coordination, it found different agencies and
centers working on different, incompatible versions of Reed-Solomon coding schemes as
solutions to nearly the same problem. Fortunately, early exposure of the problem allowed a
single approach to be agreed upon for future applications, achieving commonality and the
ability to provide interoperability without having to retrofit equipment as in the case of the
convolutional code.

TELECOMMAND CHANNEL CODING.

Work on international standardization of coding for the telecommand channel is not as
advanced as that for the telemetry channel but significant progress has been made recently
within the CCSDS. As with telemetry, common standards for telecommand permit
affordable cross-support and reduce the proliferation of arbitrary command coding
schemes for each mission.



The requirement for a low error rate in telecommand is more demanding than for
telemetry, so error checking is performed at more than one layer. Coordination work in the
NEWG and CCSDS has focussed on the physical layer coding algorithm and link layer
data structures. The telecommand channel coding function is at these lower levels.

The Telecommand Guideline will require telecommands to be formatted into Command
Link Transmission Units (CLTUs) each of which carries a buffer load of user command
bits, typically between several hundreds and several thousands of bits long. The CLTU
contains a variable-length preamble needed for bit synchronization, followed by an 8-bit
Barker code and then a set of telecommand frames. These frames may be 48, 56, or 64 bits
long, but all must be the same length for a particular mission. The Barker code delimits the
preamble from the contiguous set of telecommand frames which follow, and establishes
the sense of a “1” and “0”. Once the start of the first frame is located, and the one-zero
ambiguity is resolved, each frame of the CLTU is individually checked for errors.

Each telecommand frame contains a parity byte consisting of 7 bits of parity followed by a
“zero” (to maintain the byte structure). The code, which is a (63, 56) expurgated BCH
code, has a maximum overall length of 63 bits and a Hamming distance of 4. A shortened
version of this code is used with shorter (48- or 56-bit) telecommand frames.

The chosen code may be decoded on the spacecraft in the error-detection mode as well as
the error-correction mode. In the error-detection mode, one or two bit errors in the frame
causes the frame to be rejected, after which steps must be taken to re-transmit the
command. If the spacecraft decodes in the error-correcting mode, a single bit error in the
frame will be corrected and loaded as if it were received error-free. An even number of
bits-in-error triggers an on-board protocol to reject the command. The precise recovery
procedures are the subjects of higher level protocols.

This coding scheme is well established, as it is based on similar codes in use by GSFC and
JPL for some time. GSFC uses the error-detecting mode, which is suitable for earth-orbiter
missions, while JPL uses the code in both error-detecting and error-correcting modes. The
error-correcting mode is more suitable for deep-space missions with long round-trip light
time. The CCSDS is about to adopt the code for its “recommendation,” which will help
provide the basis for inter-center and inter-agency cross support at this level. Work is in
progress to achieve a compatible error control standard at the higher levels.
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ABSTRACT

In an effort to reduce the costs of conducting space missions, the National Aeronautics and
Space Administration (NASA) is working to develop data systems standards that are
appropriate for application at key interfaces within mission data systems. Use of proper
standards can improve multimission support by reducing the need for developing new
interfaces and data transforms for each new mission.

“Time” is an important parameter for space-acquired measurements because instrument
analysis can often be based on a sampled sensor time series and because time provides the
most efficient (and often the only possible) linkage between instrument data and externally
generated ancillary parameters. Therefore, one of the major aims of the NASA effort has
been focused on the development of a standard timecode structure.

This paper describes the rationale and form for that structure and provides a proposed
definition for an important class of timecodes, the binary unsegmented codes. The
structure provides a mechanism for the self-documentation of timecodes, so that any user
of the data can interpret time measurements in an unambiguous manner. The binary
unsegmented codes are modular and easily machine-readable, and feature expandable
resolution and ambiguity periods.

INTRODUCTION

Data acquired from a spacecraft instrument have little value without an understanding of
the environment in which the instrument is operating. Ancillary data parameters such as
time, position, velocity, instrument temperature, ground truth, etc., are often essential for
the correct interpretation of the data measurements provided by the instrument. Time is the
most critical of these ancillary data parameters for several reasons. First, time provides the
most efficient (and often the only possible) link between instrument measurements and
other ancillary data. Thus, it may be possible to determine the spacecraft position when a



particular measurement was made only by correlating the time of the measurement with the
position at that time. Second, complex scheduling of instrument activities is most often
accomplished by generating commands at precise, predetermined times. Third, the analysis
of data can frequently be accomplished based exclusively on a sampled sensor time series.
Therefore, time can be considered a key element in both the operation of spacecraft
instruments and the interpretation of the data acquired from them.

RATIONALE

For the time associated with the measurements from instruments located in space, two very
different environments must be considered. The first of these consists of the data
processing environment immediately following data acquisition. The first processing steps
typically consist of sensor calibration and data reformatting and represent a “closed”
system in which the applications process must have intimate, mission-unique knowledge
concerning the instrument and its characteristics as well as the formats and characteristics
of the telemetry data stream. For such an environment, it is desirable to allow considerable
latitude in the time representation and to allow the most efficient mechanism for encoding.
For example, it may be possible to reference the time to some mission-unique event and to
represent subsequent time as a count of seconds following that event.

Following the initial processing steps, however, data will frequently be made available to a
community of users, many of whom are not familiar with the detailed characteristics of the
instrument or the mission. In this environment, which is an “open” system consisting of
users interacting with derived data sets, it is essential that timecodes be presented in an
unambiguous, self-identifying manner that does not require mission-unique knowledge for
interpretation. If the closed system timecode is not unambiguous and self-identifying, the
initial processing steps must convert the format to one suitable for use in an open system
environment.

The major requirements for a timecode format in closed and open system environments are
shown in Figure 1.

In the development of a format for timecodes suitable for standardization, a key
consideration was that the selected format be machine-oriented. This reflects the plans of
space agencies to increase the automation of their operations. There was a strong desire to
make the format as simple as possible while retaining a self-identifying feature, and it was
decided to concentrate on formats only. Therefore, the scope of the timecode activity has
been limited to formats and does not address (at this time) important issues of clock
stability, synchronization, or control. The binary unsegmented format was selected as the
best format for satisfying the requirements.



REFERENCE PARAMETERS

The format guideline is based on two reference parameters that define the unit of time and
the reference epoch. The International Atomic Time (TAI) second is the primary unit of
time. This is defined as the time interval equal to 9,192,631,770 periods of the radiation
corresponding to the transition between two hyperfine levels of the Cesium-133 atom. This
is identical with the definition of the Coordinated Universal Time (UTC) second.

The reference epoch of the timecode is the beginning of the TAI day on January 1, 1950.
By international agreement, this is also the beginning of the UTC day and is universally
known as the Earth Mean Equator 1950 (EME-50) reference. The TAI time scale is based
exclusively on elapsed TAI seconds since the beginning of this epoch. The UTC time scale
uses an identical measurement for a second as the TAI scale but adjusts the time scale
periodically to approximately synchronize the UTC day with the sidereal day (i.e., Earth’s
rotational phase) by adding (or possibly subtracting) leap seconds. Since January 1, 1972,
only positive leap seconds, have been applied to the UTC time scale. The leap second
correction is generally applied at the beginning of the leap second day on either January 1
or July 1; by international agreement, corrections may be introduced at the beginning of
other months, but this has not yet occurred.

TIMECODE HIERARCHY

Because of the broad range of space exploration missions and the many different
instruments that such missions may carry, a variety of timecode formats may be required.
Figure 2 shows a hierarchical tree structure of timecode formats, with major branches
separating segmented and unsegmented timecodes. Here the term “unsegmented” means
that the code can be viewed as the output of a binary counter that increments once with
each clock cycle, with no “short-cycle” steps, Segmented timecodes, on the other hand,
present abrupt jumps of more than one increment at predetermined instants defining the
beginning of the year, month, day, hour, minute, second, and fractions of seconds.

BINARY UNSEGMENTED TIMECODE FORMAT

The format selected for the timecode can be represented as the concatenation of a
preamble (P) field and a time specification (T) field. The P-field defines the options,
parameters, and encoding structure of the T-field; for the binary unsegmented timecode,
the T-field consists of a variable number of contiguous time elements, each element being
one octet (8 bits) in length. The P-field is one octet long; therefore, the concatenated fields
are always an integral number of octets in length. This feature was judged desirable for
automatic machine processing of the timecodes.



The P-field format is defined in Table I. The following discussion summarizes the use of
each of the bit fields.

TABLE I
P-Field Format Definition

Bit Interpretation

0*
1

2-5
6-7

Extension Bit
Format Version Identification
Timecode Identification
Fine Time Resolution

*Bit 0 is most significant bit

The extension bit, which is currently defined to have a value of “0,” is included to allow
for expansion of the P-field at some time in the future. This could be necessary if a large
number of different timecodes should need to be accommodated, or to provide information
concerning precision and accuracy. A binary “1” appealing in this position indicates that a
second octet is present. If a second octet is present, its first bit is an extension bit with the
same definition: “0” implies that it is the last octet of the P-field; “1” implies that another
octet follows.

The format version identification bit is reserved to provide flexibility for future needs. At
present the value of this bit is set to “0.”

The timecode identification bits uniquely identify the timecode. Six timecodes are
presently defined, with time scale, reference epoch, and number of octets of coarse
measurement time (seconds) as shown in Table II. Note that the defined codes provide for
an ambiguity period—that is, the period between occurrences of the same timecode
state—of up to approximately 136 years when four octets of coarse measurement time are
defined. Identifiers for other timecodes have not been chosen.

The last two bits of the P-field define the number of octets of “fine” (subsecond) binary
time that follow immediately after the coarse measurement time. The interpretation of this
field is depicted in Table III.



TABLE II
Binary Unsegmented Timecode Definitions

P-Field

Bit 2 Bit 3 Bit 4 Bit 5 Interpretation

0

0

0

0

0

0

0

0

0

0

1

1

0

0

1

1

0

0

0

1

0

1

0

1

TAI Binary Unsegmented Time/
  4-Octet Coarse Time/EME-50 Epoch
UTC Binary Unsegmented Time/
  4-Octet Coarse Time/EME-50 Epoch
TAI Binary Unsegmented Time/
  1-Octet Coarse Time/Unspecified Epoch
TAI Binary Unsegmented Time/
  2-Octet Coarse Time/Unspecified Epoch
TAI Binary Unsegmented Time/
  3-Octet Coarse Time/Unspecified Epoch
TAI Binary Unsegmented Time/
  4-Octet Coarse Time/Unspecified Epoch

TABLE III
Definition of Fine Time Resolution Subfield of P-Field

Bit 6 Bit 7 Interpretation

0
0
1
1

0
1
0
1

No fine time present (1-second resolution)
One octet of fine time (~4-ms resolution)
Two octets of fine time (~1 5-µs resolution)
Three octets of fine time (~60-ns resolution)

The T-field of the binary unsegmented timecode formats then consists of 1 to 4 octets of
coarse measurement time (seconds) and 0 to 3 octets of fine time (subseconds). Because
the coarse measurement is a count of the number of seconds elapsed since the reference
epoch, the maximum 4 octets of coarse measurement time (corresponding to about 136
years) allow for timecode representation through the year 2086 for the codes identified
here, which are referenced to the EME-50. The formats for each of the defined codes are
illustrated in Figure 3.

Since timecodes may appear as binary serial bit streams or in parallel form (e.g., as
sequences of computer words), it is necessary to define a consistent transformation
between these two representations. When a timecode in parallel form is serialized



(possibly for transmission over a bit serial channel), the procedure to be followed is that
the P-field octet shall be serialized first, followed by the T-field octets. Within each octet,
bit 0 is serialized first and bit 7 is serialized last. The T-field octets are serialized in order
from the most significant octet of the coarse time measurement field. The conversion from
serial to parallel form is the reverse of this procedure.

SUMMARY

The NASA Data Systems Standards Program, chartered to develop standards and
guidelines appropriate for space mission interoperability, has defined a draft proposal for a
timecode format standard. A specific timecode featuring a binary unsegmented format has
been developed. This code is self-identifying and has an ambiguity period of up to 136
years with selectable resolutions to approximately 60 nanoseconds. A timecode format
hierarchy has been presented which encompasses other formats, and provisions have been
made for including other formats in the overall structure. By standardizing on one format
definition, the need for transformations in timecodes whenever data are passed between
systems or agencies will be eliminated.

Figure 1.  Characteristics of Closed and Open Portions of Instrument Data Systems.



Figure 2.  A Timecode Format Hierarchy.

Figure 3.  T-Field Formats of Binary Unsegmented Timecodes.
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ABSTRACT

As space missions have become more expensive, the search for methods to improve
efficiency has intensified. One approach offering great potential focuses upon multimission
designs in order to avoid early obsolescence. Data handling systems are attractive
candidates for the multimission concept because of the high cost of redesign and because
the process should be amenable to a high degree of uniformity.

By cooperating in the specification of their data systems, NASA and ESA should achieve
significant uniformity. Apart from improving the design, this unified approach will
facilitate the cross support of one agency’s spacecraft by the other agency’s tracking
network.

Here, we are concerned with the radio frequency subsystem which links spacecraft
instruments with ground-based users. In large measure, the telecommunications system’s
characteristics are determined by the ground station’s design. For the concept of cross
support to succeed, there must be a substantial similarity between these NASA and ESA
designs.

Both NASA and ESA have large capital investments in their ground networks. While it
might be theoretically satisfying to speak of a single ground system configuration for both
agencies, the high cost of the required revisions renders this approach practically
unachievable.

This paper describes a process for maximizing the commonality of the two agencies’ radio
frequency and modulation systems that is consistent with budgetary and scheduling 



constraints. The two-part program consists of identifying present system similarities and
developing a plan for eliminating substantive differences where they are found to exist.

INTRODUCTION

An important objective of the standards program is the development of multimission data
system designs that will lower mission support costs. Additionally, NASA has expended a
substantial effort to ensure international participation in the selection of these standards.
Apart from eliminating costly redesign for each mission, the approach also enables
international cross-support agreements to become a reality. If one agency finds its tracking
facilities taxed to an unacceptable limit because of a coincidence of critical events, it can
call upon the resources of another agency to provide temporary relief.

System’s commonality is a cornerstone of the cross-support concept. Without substantial
similarities in the data transfer process, it may not be possible to provide tracking of
another agency’s spacecraft. Thus, some degree of standardization is intrinsic in the notion
of cross-support agreements.

The Radio Frequency (RF) and Modulation system provides the basic transport mechanism
for linking spaceborne experiments with ground-based users. The fundamental character of
this system is evident from the Reference Model contained in the Rationale and Scope
paper by R. E. Smylie. Without a high degree of standardization at this level, the concept
of cross-support begins to disintegrate. Complete uniformity at higher levels becomes
irrelevant if the data cannot be transferred because of differences in operating frequencies
or modulation techniques.

Because the radio frequency and modulation characteristics are so important, the NASA-
ESA Working Group (NEWG) devised a two-phase program for dealing with their
standardization. These phases involved initially exploring areas of commonality and,
thereafter selecting specific subsystems to be standardized through a longer term
development program. This paper describes the two-phase approach adopted by the
NEWG.

PLANNED DEVELOPMENTS BY 1985 (Phase I)

Ideally, both NASA and ESA should employ communications systems having identical
radio frequency and modulation characteristics. Unfortunately, reality often misses the
mark of perfection. It is not surprising that there are differences between the two agencies’
facilities for their programs developed quite independently. Yet, the objectives of these
programs are not so dissimilar, and one might expect to find significant commonality in the
respective tracking systems.



Both NASA and ESA have large capital investments in their tracking networks. While it
might be theoretically satisfying to speak of a single, unified design for both agencies, the
high cost of the required revisions renders this approach practically unachievable.

Hence, the focus of Phase I was upon those currently planned radio frequency and
modulation characteristics that are common to the ESA and NASA tracking systems in the
post-1985 time period. This date was selected because NASA’s MKIV A DSN will have
been completed. By comparing the NASA and ESA RF and Modulation systems, the
NEWG hoped to achieve two goals: first, planned system commonalities would be
identified permitting an accurate assessment of the cross-support opportunities; second,
areas of difference could be isolated which would become the focus of Phase II, the long-
range standardization program. Ideally, at the conclusion of the second phase, the NEWG
would have a program for eliminating the major differences between the two agencies’ RF
and Modulation systems.

Before beginning this search for commonality, it became necessary to identify the specific
tracking networks to be considered. NASA has three: the Shuttle Orbiter’s Interrogator
subsystem, the MKIV A Deep Space Network, and the Tracking and Data Relay Satellite
System (TDRSS). NASA’s Ground Spaceflight Tracking and Data Network (GSTDN)
was not considered separately because by 1985 it will have been merged into the MKIV A
DSN.

Figure 1 illustrates the process employed during Phase I. Each of the two circles
respectively represents the set of capabilities possessed by the ESA Network and one of
the named NASA tracking facilities. The focus was upon the area of overlap representing
common capabilities of the two networks being compared. As one might suspect, the
degree of overlap varied with the particular NASA facility being studied.

Comparisons were made in each of several areas which technically characterize RF and
Modulation systems. Foremost among these is the frequency of operation. Fortunately,
frequency standardization has been handled for many years by a well-established,
internationally recognized institution.

For many years the International Telecommunications Union (ITU) has had the
responsibility for allocating frequency bands to a multiplicity of services. Through a
process of World Administrative Radio Conferences (WARCs), delegates from
approximately 150 member countries meet periodically to consider amendments to the
Table of Frequency Allocations. The most recent revision occurred in late 1979 when a
General World Administrative Radio Conference was convened in Geneva, Switzerland.
Upon ratification by the member governments, agreements reached at these meetings
assume the stature of treaties between the member countries.



The ITU recognizes two services which are of interest here. These are the Space
Operation Service and the Space Research Service. Virtually all of NASA’s and ESA’s
spacecraft communications utilize frequency bands allocated to one of these two services,
primarily the latter.

While the ITU has allocated several frequency bands to the Space Research Service, both
ESA and NASA have focused their usage on S-band (approximately 2000 MHz) and on
X-band (approximately 8000 MHz). By virtue of the allocations made by the ITU, together
with preferences for certain bands expressed by both NASA and ESA, much of the
frequency standardization has already been accomplished.

The RF and Modulation study compared several other technical characteristics. For
example, flight and ground timing stability, telecommand and telemetry modulation, and
ranging bandwidth requirements were examined. Additionally, a summary of salient
characteristics of each of the ESA and NASA tracking systems was prepared in order to
facilitate an understanding of the differences and their importance.

The conclusions reached from this study were both interesting and somewhat surprising. A
great deal of commonality was found to exist between the ESA Network and the NASA
MKIV A DSN. Except for specific areas such as range codes and antenna sizes, the
NASA and ESA ground tracking networks have virtually identical radio frequency and
modulation characteristics. The extent of this similarity was unanticipated. From the
findings it would appear that significant cross-support could begin almost immediately.

Likewise, the ESA Network had many characteristics in common with the Shuttle
Orbiter’s Interrogator system. Given the previous finding, this result follows because the
Interrogator was intended to communicate with payloads in their detached phase, thereby
simulating a ground station. However, since the Orbiter’s communications path is via the
TDRSS, incompatibilities were discovered in the radio metric data. Both the ranging and
doppler systems appear to be unusable for cross-support unless the raw data are first
processed to provide a state vector.

A very different result was found when the ESA Network was compared with the TDRSS.
The TDRSS embodies several innovative features which provide it with a set of unique
characteristics. Some of these are: spread spectrum modulation, pseudo-noise ranging,
multiple access channel, and megabit per second data rates.

Upon close examination, it was discovered that these novel characteristics had the effect of
making the TDRSS incompatible with the ESA Network. Except for frequency allocations,
which are established by the ITU, there appeared to be little commonality with the ESA
Network.



Results of the foregoing study have been published in a NEWG Report. The intent of that
document was to summarize the major common radio frequency and modulation
characteristics as well as to list some of the salient features of each of the tracking
facilities. A flight project manager wishing to retain an ability to obtain cross-support from
one of the networks included in the study could use this publication as a top-level
specification for the spacecraft’s RF and Modulation system.

FUTURE DEVELOPMENT PROGRAM (Phase II)

Having established a firm benchmark for the NASA and ESA RF and Modulation systems,
it became a simple matter to highlight the differences. These differences, along with a set
of characteristics thought to be desirable, were prioritized, and the more important items
became subjects for study during Phase II.

Unlike the NEWG Report drafted during Phase I, which was a general survey of
capabilities, the Guideline to be written at the conclusion of Phase II will cover only
selected topics. As the names suggest, the difference between a Report and a Guideline is
one of describing existing or planned designs as compared with producing a plan for future
development.

During Phase I it was discovered that the ESA Network’s command bit rate could not
match the lower limit provided by the MKIV A DSN. This could become important in
cross-support of deep space missions where the distances involved may require very low
rates. The NEWG agreed to study the feasibility and impact of providing rates equivalent
to those of the DSN in the ESA Network.

Phase I also revealed that the Shuttle Orbiter’s Interrogator subsystem could only provide
commands on a 16 kHz subcarrier. Since some ESA spacecraft utilize an 8 kHz subcarrier,
the NEWG agreed to explore the possibility of equipping the Interrogator with an 8 kHz
command subcarrier as an option.

The ranging equipment was identified during the first phase as a system where there are
major differences between the ESA and NASA approaches. Phase II will identify each
agency’s objectives for making range measurements. Perhaps sufficient common interests
can be found to permit the Guideline to include a recommendation for a unified design.

With regard to future communications techniques to be studied during Phase II, the
NEWG identified several candidate topics. To date, virtually all of ESA’s spacecraft
communications have been at S-band. NASA has employed X-band for deep space
missions, but only on the downlink. As with ESA, NASA’s uplinks and non-deep space
mission downlinks have always been at S-band.



Accordingly, spacecraft transponder frequency multiplication ratios are well-established at
S-band and for deep space X-band downlinks. However, there has been no attempt to
specify the proper ratios where an X-band uplink or a non-deep space X-band downlink is
utilized. The NEWG directed that a study of the remaining ratios be made and a set
selected for inclusion in the Guideline.

The NEWG also asked that suppressed carrier and spread spectrum modulation techniques
be considered. When the ESA Network-TDRSS incompatibility was discovered during
Phase I, it was decided to defer consideration of this subject until Phase II. Many of the
innovative modulation techniques employed in the TDRSS will be reviewed for possible
inclusion in the Guideline.

Finally, for many years, trends in operating frequencies have been in an upward direction.
In the early days of the space program, communications were at L-band. Since then, there
has been a progression first to S-band and now to X-band. It is logical to ask “Where
next?” After some deliberation, the NEWG selected 32 GHz as the next appropriate step
in frequency. The ITU has provided a primary Space Research Service allocation, 500
MHz wide, which is reserved for deep space communications in Australia, Spain, and the
United States. Elsewhere, the service has a secondary status. Phase II will examine the
costs and benefits, as well as surveying the problems associated with sharing 32 GHz with
other services.

CONCLUSIONS

Within the NEWG, the program to examine and to standardize the radio frequency and
modulation characteristics is well underway. Phase I has been completed and Phase II is
currently underway. Position papers for each of the previously named subjects are due by
the end of calendar year 1983.

Following a review of the position papers, a draft Guideline summarizing these
recommendations will be prepared. The current schedule includes presentation of the draft
Guideline, or White Book, at the fifth NEWG meeting in the spring of 1984.



Figure 1.  Phase I Search for Common NASA-ESA Capabilities.
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ABSTRACT

Two of the tools necessary for automated exchange of space mission data sets are, (1) a
set of standard formatting rules for the data sets, and (2) a standard computer-readable
language with which to describe the data. These two tools are used to create the Standard
Format Data Unit (SFDU). The NASA/JPL proposal for creation and utilization of SFDUs
is presented, and its relationship to recent recommendations from the Consultative
Committee for Space Data Systems (CCSDS) is discussed. Several current and planned
implementations of the SFDU concept among major space flight projects will be identified.

INTRODUCTION

The Standard Format Data Unit (SFDU) is to the computer information world as the
sentence structure is to the interpersonal communication world. Today’s computer
information, or data, is exchanged using various forms of protocol. The protocol varies
from formal and well documented, such as that used by the banking industry, to informal
agreements such as are sometimes used by co-investigators on a planetary science
experiment. Interpersonal communication, on the other hand, has been in use for millenia.
One form of interpersonal communication protocol which is like data communication
protocol is that used by air traffic controllers. A small vocabulary with a well defined
sentence structure is used to prevent any misunderstanding. Although there are 12,000 air
traffic controllers and nearly 1,000,000 pilots intercommunicating within the U.S., the air
traffic control system is still a closed system with a single purpose.

Another form of interpersonal communication protocol is that used by each of us in our
daily lives. This is an open system protocol which allows each of us to communicate with
any other person who uses the same standard language, i.e., English, German, Chinese,
etc. None of these languages is truly a global standard, but they are standard over large
geographic areas. There is no requirement that we have a common goal, purpose or



interest in order to communicate in the open system, and for this reason our
communication protocol and language is extremely versatile.

Members of today’s scientific community are much more like the general populace in their
open system nature than they are like the members of the banking and aviation industries.
The science community does have closed systems, but these are generally local to a given
project or program. The purpose for creating the concept of a Standard Format Data Unit
is to allow members of the science community to share our national and global resource,
data, independent of project of program, as depicted in Figure 1.

CONCEPT

In the message-handling model described by Figure 2, the SFDU represents only the
original message structure as intended for delivery to the recipient. Any additional
structure added in the message transfer domain is expected to be removed before
presentation to the recipient. Using the public telephone system as an example, the
message structure in the SFDU domain is the spoken sentence, and in the message transfer
domain it is electronically encoded signals. The sentence structure is reassembled at the
receiving user agent, a telephone.

In the computer world, the SFDU is represented by a family of data formats which are
used for data communication among nodes of a network, an example of which is shown in
Figure 3. Physical transport of the SFDU may be executed either electronically, via tape,
or on video disc, each of which may have a different physical transport format. When the
transport formats are stripped at the receiving end, the SFDU will emerge in its original
form.

The structure of the Standard Format Data Unit is composed of three basic parts:  the
primary label, the supplementary labels, and the data field. The primary label is always
required, while the supplementary labels and/or the data field are optional. Figure 4
illustrates this structure.

Primary Label

The primary label is that part of the SFDU that serves as the global identifier of the SFDU.
Its purpose is to allow an arbitrary user on the open system to determine the structure of
the SFDU for the purpose of reading its contents into a local data base, to serve as input
for a local application process, or to identify it as of no interest. This primary label must
contain a reference to the definition of at least the next part of the SFDU, be it the first
supplementary label or the data field. If the definition that the primary label points to does
not include the entire SFDU, then one of the defined supplementary headers must point to



a further definition of the SFDU. It is possible that this procedure may chain through a set
of supplementary labels, and if a chaining procedure is used, it must contain pointers to the
definitions for all parts of the SFDU.

The primary label must also give an indication of the total length of the SFDU, and in the
case where evolution of the SFDU primary label is allowed, the primary label must also
contain a primary label version number. These are the necessary parts of the SFDU
primary label, but a specific version may contain additional information which will be
operationally advantageous. It is expected that only one version of the SFDU primary label
will be assigned in any one period of time, and that it will have a lifetime of from 5 to 10
years. Older versions will still be in use in the future insofar as archive data will be
recalled.

Supplementary Labels

The supplementary labels carry information about the data itself, and may also contain ID
pointers to further definitions when that supplementary label is used as a standard label for
more than one kind of data set or subsequent labels. These labels are generally provided
by the scientists and data engineers themselves, and some of these labels are standard
within a given science or engineering discipline. While any supplementary label structure
can be accommodated within an SFDU by assignment of a unique identification number, it
is expected that there will be a gradual evolution toward a standard set of supplementary
labels which will be suitable for a large number of science and engineering data exchanges.

Data Fields

The data field is that part of the SFDU which contains the heart of the information being
exchanged. The supplementary labels also contain data, but generally in a support role to
the data in the data field. In some cases the data being exchanged does not need the
support of additional data, such as time, position, originator, etc., and in this case the data
field follows the primary label directly and is described via the definition ID in the primary
label.

Standard Data Definition Language

Several references have been made to the fact the the SFDU labels taken together must
point to the complete set of data definitions which cover the SFDU structure. What are
these definitions and where are they found? One common form of definition which is used
now is the tabular listing of the meaning and function of all words, bytes, and bits in the
data structure, in English (German, Chinese, etc.) text, sometimes accompanied by a
diagram of the structure. This text description of the data unit must be catalogued under



the management of a control authority, to be described below, and this description must be
available to all users of the open system.

As technology allows the full use of electronic networks, the data definition catalogues
will be available at the touch of a keyboard. And if the catalogue is available at the touch
of a keyboard, why not at the call of a computer application process? Indeed, this is
possible, but in order that the catalogued definition be useful to the application process, it
must be machine readable. Therefore, a standard computer-based data definition language,
or set of data definition languages, will be required before the application process driven
electronic networks of the future can reach full potential.

An example may be in order. Data is to be shipped from network node A to node B. At
node A, the data structure is defined via SFDU data definition software. If standard
structures are to be used, they are identified and the software prepares the data in the
proper format. If a new structure is created, a new ID number must be obtained from the
local control authority, and the control authority will catalog the data definition
electronically. The data is transmitted from node A to node B, either initiated by node A,
requested by node B, or via a store-and-forward arrangement. Upon receiving data, node B
will read the primary label of the first SFDU to get the structure ID for the catalogued
definition of part or all of the remaining structure. Using the computer language definition,
the node B software can unpack the SFDU into a database or directly into an application
process. The structure IDs of following SFDUs need only be checked to verify that they
have not changed. A catalog look-up is necessary only when there is a structure change. In
practice, most nodes will have on-line catalogues of the data structures most often
processed.

Control Authority

Data management will probably be the most difficult task to complete. Some management
structure must be created which both reaches globally and is at the same time very
responsive at the local level. A global authority might assign a range of ID numbers to
each country, which in turn may divide the numbers among agencies, which will divide
them among centers, which will divide them among projects, etc. It is likely that the master
data definition catalogue will be a distributed database, and that ID assignments will be
made at the local level from among the ID numbers available. Each control authority may
assign format ID numbers independent of any other control authority, and as such the full
ID tag for a data set will be the concatenation of the control authority ID number and the
local format ID number.



UTILIZATION

Panel 2 of the Consultative Committee on Space Data Systems (CCSDS) has recently
adopted two SFDU primary labels for study. One is the NASA/JPL basic version, and the
other is a more sophisticated version, still under development, referred to as the enhanced
version. No CCSDS work has yet been done on the standardization of supplementary
labels. On the other hand, NASA/JPL has begun a program of implementing the SFDU
concept, using both CCSDS-adopted labels, to build SFDUs for both flight projects and
ground data distribution programs. A new Data Acquisition and Capture System (DACS)
is being implemented at JPL in support of the Voyager, Galileo, International Solar Polar
Mission, and Active Magnetospheric Particle Tracer Experiment programs, using the JPL
basic version of the SFDU as the supported data structure. Associated with the NASA/JPL
SFDU program is a pilot program to manage the data definition catalogue, make control
authority and data format ID assignments, and write data descriptions in a machine-
readable language.

Primary Label

The two versions of the SFDU primary label are shown in Figures 5 and 6. The labels are
not independent because for this case a decision was made to allow a one-to-one mapping
of the control authority and format ID fields between the two versions. This means that
whenever a control authority or format ID number is assigned for one version of the
primary label, comparable numbers are reserved for the other version. Details of the field
definitions and ID assignments can be found in Tables I and II. Note that both versions
have the same parameter set. The version number, the total length in octets, and the
concatenation of the control authority ID and the format ID are all essential to utilization of
an SFDU. The start of data contents pointer is placed as a convenience to the user so that
the supplementary labels may be readily skipped if desired.

Supplementary Labels

Although the CCSDS has not yet made any move to standardize secondary labels, such an
effort has been going on at the local and discipline level. The vicar and mini-vicar image
label formats are discipline examples of supplementary label standardization, and
institutions such as NASA/JPL in the U.S. and DFVLR/GSOC in Germany have taken
their own steps to standardize the labelling on their flight projects. It is expected that many
supplementary labels will be catalogued over the next few years in order to accommodate
the immense variety of existing data sets and label structures. However, it is also expected
that supplementary label assignments for new data sets, where possible, will be selected
from a set of generic labels which will be catalogued as standard supplementary label
formats. Some work has already begun at DFVLR/GSOC to define generic supplementary



label sets which can be used for telemetry, command, and tracking, as well as other kinds
of data. Standardization in this area will provide large gains for interagency operational
support.

Data Fields

Little standardization of SFDU data fields is expected, because the formats are determined
by instrument design or processing needs. In a few cases formats can be standardized
within a discipline or subdiscipline, but most formats will be individualized. The format
descriptions will generally be identified in a supplementary label, which will itself be
standardized at some level.

IMPLEMENTATION DIFFICULTIES

Some interesting problems have arisen while trying to convert existing data structures into
SFDUs. In several cases the user wanted to either place the primary label in its own file or
its own record. This is not a problem in itself if the SFDU is considered a logical construct,
independent of file or record boundries, but when one desires to make records a standard
size by adding fill data, some assumptions in the current concept of the SFDU are violated.
It is assumed that the first supplementary label follows the primary label immediately.
There is no pointer to the beginning of the supplementary label, although there is one to the
data field. This situation can be taken care of by adding a pointer to direct the user to the
beginning of the first supplementary label, or by refusing to allow addition of fill between
the primary and supplementary labels. The first solution is probably more desirable
because it causes the least impact to new users of the SFDU concept who already have
existing data sets and processing software. Furthermore, some tape systems are unable to
handle records smaller than 14 bytes, and there is a strong preference for an even number
of bytes in a record. The two versions of the primary label now being considered by the
CCSDS contain 6 bytes and 13 bytes, respectively. The current versions of the primary
label may not be able to stand alone in their own physical tape record, much less their own
file. A possible solution to this record size difficulty which will be recommended to the
CCSDS is shown in Figure 7, with the corresponding parameter list described in Table III.
There have been some specific concerns about the use of variable length fields in the
primary label. This difficultly can be overcome by placing control of the field length
parameters solely in the hands of the top-level standards organization which has the
authority to create new versions of the primary label, which makes these parameters
operate as if they were subversion numbers. It is recommended that the current CCSDS
panel support only one version/sub-version set at this time. This recommendation is also
illustrated in Figure 7 and Table III.



Another problem is that there are some current label structures which do not fully identify
or support the data set, but rely on assumptions made by all the users. This is expected to
be a relatively common occurance when trying to include format structures used in small,
closed data systems.

Probably the most challenging implementation task to date is the incorporation of the
Landsat computer-compatible tape (CCT) family within the SFDU structure. The CCT
family was developed along the same philosophical lines as the SFDU, and it contains the
same features as the SFDU. The difference is in the structural representation of those
features. The CCT family of formats is used globally within the Landsat system, and
contains numerous features specific to tape operations, but it appears that the CCT family
can be easily extended to open system networks and to transport and storage media other
than tape.

CONCLUDING REMARKS

The feedback from SFDU implementation efforts is considered an essential part of the
CCSDS activity, so that the standard eventually recommended will be a working standard,
and not just a paper wish. Although the CCSDS specifically deals with space data systems,
the SFDU concept is applicable to virtually all data systems on an open network. The
SFDU is in the early or white book phase of CCSDS standard definition work, and must
go through the red book and blue book phases before it is formally recommended as an
international standard; in the interim the feedback from the user community will play an
important role in the direction the SFDU standard takes.



TABLE I
SFDU Primary Label: Basic Version

VERSION ID = 000100 binary.

DATA STRUCTURE = 00 binary, non-batch operations,

= 10 binary, batch mode.

START OF DATA CONTENTS = A number which you supply indicating the number of
octets in the labels, including the primary, which preceed the data
field.

CONTROL AUTHORITY ID = A number assigned by the global control authority.

LOCAL FORMAT ID = A number assigned by the local control authority.

MESSAGE DATA UNIT TOTAL LENGTH = A number which you supply indicating the
total number of octets in the batch. It will be the sum of the message
data unit total lengths from each of the SFDUs in the batch. In order
to use the batch mode, the first SFDU of the batch must have the
batch flag set and the optional field must be utilized. All other
SFDUs in the batch will not use this field and the batch flag will not
be set.

CONTROL AUTHORITY ID ASSIGNMENT:
For JPL projects, ID = 000101 = NASA/JPL

LOCAL FORMAT ID ASSIGNMENTS:
GALILEO EDR FORMAT 0001000001
JPL AMPTE/ISPM FORMAT 0001000010
MINI-VICAR FORMAT 0110000011



TABLE II
SFDU Primary Label: Enhanced Version

VERSION ID = 000001 binary

RESERVED = 00 binary

START OF DATA CONTENTS = A number which you supply indicating the number of
octets in the labels, including the primary, which preceed the data field.

CONTROL AUTHORITY ID = A number assigned by the global control authority.

LOCAL FORMAT ID = A number assigned by the local control authority.

SFDU TOTAL LENGTH = A number which you supply indicating the total number of
octets in the SFDU, including primary label.

CONTROL AUTHORITY ID ASSIGNMENT:
For JPL projects, ID = 00000010, 00000001, 00000101 binary
This translates to: 2 LEVELS, EXPERIMENTAL, NASA/JPL

LOCAL FORMAT ID ASSIGNMENTS:
GALILEO EDR FORMAT 00000010,00000000,01000001
JPL AMPTE/ISPM FORMAT 00000010,00000000,01000010
MINI-VICAR FORMAT 00000010,00000001,10000011



TABLE III
SFDU Primary Label: New Recommendation

VERSION ID = 000001 binary

RESERVED = 00 binary

CONTROL AUTHORITY FIELD LENGTH = 0100 binary. In this version of the SFDU
primary label, 1.4.4, there are 4 octets reserved for control authority ID.

LOCAL FORMAT FIELD LENGTH = 0100 binary. In this version of the SFDU primary
label, 1.4.4, there are 4 octets reserved for local format ID.

START OF LABEL CONTENTS = A binary number which you supply indicating the
number of octets in the primary label, including fill as necessary, which
preceed the supplementary label field.

START OF DATA CONTENTS = A binary number which you supply indicating the
total number of octets in the labels, including the primary and fill, which
preceed the data field.

SFDU TOTAL LENGTH = A binary number which you supply indicating the total
number of octets in the SFDU, including primary label and fill.

CONTROL AUTHORITY ID = A set of 4 binary octets assigned by the global
control authority. The recommended form is Global Authority. National
Authority.Agency.Center.

LOCAL FORMAT ID = A set of 4 binary octets assigned by the local control authority,
such as a Center. The recommended form will be determined by each
local control authority, but might look like the following: Data
Classification.Discipline.Investigation.Format.



Figure 1.  Users’ Need:  Multidisciplinary ‘Open’ Data Network



Figure 2.  Message Handling Model



Figure 3.  Operations Concept



Figure 4.  Conceptual Structure of a ‘Standard Format Data Unit’ (SFDU)



Figure 5.  SFDU Primary Label:  Basic Version



Figure 6.  SFDU Primary Label:  Enhanced Version



Figure 7.  SFDU Primary Label:  New Recommendation
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